Characterization and Development of
Algorithms for Array Processing Architectures
of Adaptive Antennas in Wireless
Communication

A Thesis submitted
for the award of the degree of

DOCTOR OF PHILOSOPHY

by
RAJESH KHANNA

Supervisor
Prof. (Dr.) RAJIV SAXENA

Professor & Head, Department of Electronics Engineerg
Madhav Institute of Technology & Science, Gwalior-474001.P)
(Formerly: Professor & Head, Department of Electrorics & Communication Engineering,
Thapar Institute of Engineering and Technology, Patiala)

Electronics and Communication Engineering Departmen
Thapar Institute of Engineering and Technology
(Deemed University)

Patiala-147004 (India)



Certificate

Certified that the thesis entitletCharacterization and Development of
Algorithms for Array Processing Architectures of Adaptive Antennas in Wireless
Communication” which is being submitted byir. Rajesh Khanna to Department of
Electronics & Communication Engineering, Thapar Inditute of Engineering and
Technology, Patialain fulfilment of the requirements for the award degree of
“Doctor of Philosophy” is a record of bonafide rasgh work carried out by him under
my guidance and supervision. The matter presemntekis thesis does not incorporate
without acknowledgment any material previously jmh#d or written by any other

person except where due reference is made inxhe te

(Dr. Rajiv Saxena)
Professor and Head,
Department of Electronics & Communication Enginegyi
Madhav Institute of Technology and Science

Gwalior



Abstract

To set up an efficient wireless and mobile comroation system, requires
characterization of its environments and its congmbs, in particular, its array
processing architecture. This research work has peempted by the current thrust in
wireless and mobile communication technology tokldor new approaches and
technologies to improve performance of array prsiogs architectures, thereby
improving spectrum efficiency and to be able to parp the projected capacity
demands with the introduction of new personal comigation services. The results
presented in this thesis constituted four targets.

First, new side lobe control beamforming algorithrfor array processing
architectures of CDMA based wireless communicatsystems are developed for
interference reduction. It is shown that converdlarrays based on nulling procedure
are unlikely to be applicable in practical CDMA bdswireless communication
systems for large number of interferers. The rélEr&T in providing taper of varying
side-lobe level and beamwidth is investigated. Acpdure for tapering in FrFT
domain is proposed, which can be used with optamaly processing also. The weights
obtained by FrFT taper are found to be practicedlizable weights. The one to one
relationship between capacity and beampatterntabkshed. A relationship between
the side-lobe level and number of interferers isvee. A new algorithm capable of
synthesizing Chebyshev-like low side-lobe beamepast with adjustable beamwidth
and steering invariance is developed. The propakgmtithm is shown to handle large
angular spreads of interference effectively. Tleegase in information capacity and the
performance improvement in various performance ig®triz; Signal-to-interference-
plus-noise ratio (SINR), Normalized SINR (NSNIR)Jjrdy gain (AG) and Mean
square error (MSE), of array processing architestuby implementation of new
beamforming algorithm, are investigated. It is shdtwough Monte Carlo simulations
that for large number of interferers the proposkriéhm outperforms the adaptive
algorithm.

The second target of this thesis has been thelafpeuent and application of
advanced array signal processing techniques tolesseand mobile communication
systems that have a practical implementation coxitgland achieve high performance

levels. The second target is achieved by developrokirrFT based beamforming



algorithms, in non stationary environments, towadproving the performance of

array processing architectures of adaptive antémma the point of view of reducing

mean squared error. It is shown that the FrFT baggidhal beamformer reduces the
Mean Square Error to a greater extent for multidathing signal over the additive

white Gaussian channel. The proposed optimum FiE@mbormer is shown yielding

small errors in case of accelerating source problaiso which are common in wireless
communication. The proposed FrFT based beamforraiggrithm is investigated in

different fading channels to demonstrate the mefithe algorithm. The superiority of

the proposed beamforming technique over time aggugncy domain beamforming is
established in fading channels. The proposed FrESedb optimum beamformer
outperforms the time domain and frequency domatimapn beamformer in terms of

bit error rate in Rayleigh and Nakagami fading ctes.

The use of FrFT based arrays for MIMO systemsrap@sed for decreasing
channel estimation errors caused by Gaussian n@iseew optimum FrFT based
MIMO receive beamformer is proposed. The perforneaoicproposed beamformer is
evaluated for spatial multiplexed systems in teafiit error rate and block error rate.
The use of proposed beamformer with rate one systenalso demonstrated. It is
shown that BER of spatial multiplexed as well &g e system can be decreased with
use of proposed beamformer.

The use of adaptive antennas on handheld radims\ewv area of research. All
the research in the field of smart antennas atdetnd in the area of diversity, capacity
improvement,reduction of multi- path fading, suppression ofenfierence signals,
improvements of call reliability, mitigation againdead zones, increased data rates,
spectral efficiency etc. The effectiveness of snmaartenna in controlling radiation
hazards at handset is explored in the light ofbdistsing the advantages of smart
antenna over a single antenna system at the harilsetadaptive antenna at the
handset constantly forms a broad null towards gex head. The power absorbed and
rise in temperature of various tissues of headmpared for omni directional as well
as adaptive antenna. It is established that futuwbile handset employing adaptive

antenna, could also reduce the RF hazards.
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Chapter 1

1.1 INTRODUCTION

The goal for the next generation of wireless comigation systems is to
seamlessly provide a wide variety of communicasernvices to anybody, anywhere,
anytime. Radio communication has been mobile siheeearly work of Marconi,
transmitting Morse signals wirelessly across théamtic Ocean in 1901. Technical
advances in this field have promptly been adoptethe public. Cellular radios can be
regarded as the earliest form of “Wireless Pers@mhmunications” [85]. In the last
twenty years, mobile radio communication has becan®nsumer product. In some
areas the cellular phones are even more commonpthames connected to the fixed
net. The first generation (1G) of wireless networksmmonly referred to as analog
systems, was primarily concerned with the provisibroice services, allowing user’s
transition from conventional fixed telephony to riebtelephony. The Advanced
Mobile Phone System (AMPS) is the most notabléhef1G systems developed by the
Bell Telephone System. Due to limited spectrum higth capacity demand, Bell Tell
Labs proposed the frequency reuse concept.

In the system proposed by Bell-Tell Labs, a neleihtity is linked to a base
station (BS). BS’s are connected to a radio netwaarktroller, which uses additional
interfaces that cater for the access to the pshlitched telephone network (PSTN). As
the signals on the air—interface experience a mtistadependent attenuation and
transmit powers are limited, the coverage area BfSais limited. The area which is
covered by a BS is referred to as a cell. When mragleellular systems, cells are
approximated by hexagons as they can be used &r eoplane without overlap and
represent a good approximation of circles [167ijc8ithe total available radio resource
is limited, the spatial dimension is used to allwle area coverage. This is achieved
by splitting the radio resource into groups. Thgsmips are then assigned to different
contiguous cells. This pattern is repeated, andatenecessary, until the entire area is

covered. A single pattern is equivalent to a clustberefore, a radio resource which is



split into K groups directly corresponds to a cadiister of size K. In this way, it is
ensured that the same radio resource is only umseells that are separated by a defined
minimum distance. When mobile moves from one b#asos to another, a handover

takes place.

1.2 EVOLUTION OF MOBILE COMMUNICATION

As the wireless communication systems evolvedvieerquality and capacity
were of primary importance. To develop such spectedficient systems a suitable air
interface is required. For this four multiple assgMA) techniques are used. MA
technique is the approach to accommodate a langd&uof users simultaneously and
at the same time separate their signals, so tegtdb not cause interference to each
other called multiple access interference (MAI). illeal MA technique supports the
time variant request of radio capacity becausertteans that, at any given time, only
those resources are allocated which are actuallyined [156]. The four MA principles
are:-

* Frequency Division Multiple Access(FDMA)
* Time Division Multiple Access (TDMA)

* Code Division Multiple Access (CDMA)

» Space Division Multiple Access (SDMA)

In FDMA, the total available bandwidth is dividedto a number of non
overlapping frequency bands. In FDMA, the user a@igs separated in frequency
domain and at the receiver band pass filter is fmedignal separation. In TDMA, the
user signal is separated in time domain by dividing axis into non overlapping time
frames consisting of non overlapping time slotsti/¥ these time frames one or more
time slots are allocated to each user. In CDMAgwse factor of unity can be realized
[128]. Here the user signals are transmitted semelously and are separated by a
unique orthogonal PN sequence code. The techngjatse called “spread spectrum”.
Spread spectrum technique was first invented irbdggnning of 1950 and since then it
has mostly been used for military purposes. Theapspectrum was especially used in
anti jamming (strong intentional interference) teicues. Now, after almost 50 years,
the CDMA technique is highly in focus again, thisxé for advanced digital radio
communication. Of all the variants of CDMA, the &t Sequence Code Division

Multiple Access (DS-CDMA) technique is used in thext generation of mobile



communication systems [92]. The space dimension MBPD is of particular
significance as it allows the use of the same raeource at the same time, frequency
and with the same code at another physical locatidrich is spatially separated in
distance or angle. The magnitude of spatial sejparaepends on the required level of
interference protection.

The rapid growth in the number of subscribers #dred proliferation of many
incompatible first generation systems were the maason behind the evolution of the
second generation cellular systems. Second geoer@() systems take the advantage
of compression and coding techniques associated @igital technology. All the
second generation systems employ digital modulasochemes. Multiple access
techniques, like TDMA and CDMA are used along wEDMA in the second
generation systems. 2G cellular systems includé&edrstates Digital Cellular (USDC)
standards 1S-54 and IS-136[158], Global SystemMobile communications (GSM)
[109], Pacific Digital Cellular (PDC) and cdmaOrihese systems have transitioned
the voice services supported by analog networks antdigital environment, thus
increasing the supported capacity and allowing &dditional services, such as text
messaging and limited access to data services. @SB, and PDC systems use a
combination of FDMA and TDMA [85, 109], while theS195 system uses a
combination of CDMA and FDMA [13]. Second generati@etworks, currently in use,
are very near to their maximum capacity but thélylatk in two aspects:-

* Unable to meet increase demand for capacity [45]
* Incompatible standards in 2G systems [2,68]

Merrill Lynch had already forecasted per diemficabf 7000 Gigabytes to be
carried by 1 million base stations in 2003 and W% 1 billion subscribers are
predicted [131]. In order to accommodate the growtbapacity and bandwidth needs,
the World Administrative Radio Conference (WARC) dhe International
Telecommunications Union (ITU) [68] has identifiecktended spectrum for third
generation (3G) systems, around the 2GHz band. tidddily, the 3G technology
proposals, known as International Mobile Telecomitations for the year 2000 (IMT-
2000), use improved and more sophisticated moduachemes, so as to maximize
the new spectrum allocation. 3G systems offer ecdwhrieatures, adding video and
images to the voice services and allowing improaeckss to data networks and to the

Internet. Unlike the transition from first to secobgeneration, the migration from 2G to



3G is occurring smoothly. Existing 2G networks eeal to 3G, with transitional
solutions known as 2.5G, bridging the gap betwéemt The increasing demand for
capacity in the already saturated 2G networks,elkas for enhanced data and Internet
services, have made 2.5G solutions very appealim important. These solutions
relied on technology improvements to existing neksaand allowed for an extension
of their “lifespan”, until the 3G proposals werendlized and validated. The
introduction of multimedia services in 3G networkaplies an increase in the
bandwidth requirements. 3G cellular systems aragodesigned to support wideband
services like high speed Internet access, videdhagidquality image transmission with
the same quality as the fixed networks. The primaqguirements of the 3G systems are
[68]:-

» Voice quality comparable to Public Switched Telephdletwork.

» Support of both packet-switched and circuit-swittldata services.

* More efficient usage of the available radio speutru

» Backward Compatibility with pre-existing networkscdaflexible introduction of

new services and technology.
* An adaptive radio interface suited to the highlyrasietric nature of most
Internet communications.

* A much greater bandwidth for the downlink than tipéink.

» Support of high data rate.
The table 1.1 shows the data rate requiremeineoBG systems

Table-1.1: 3G Data Rate

S. No Type of traffic Data rate
1. Vehicular 144kbps
. Outdoor & Pedestrian 384kbps
3. Indoor 2Mbps

The CDMA technology is the base of 3G wirelesssperal communication
systems [128-129, 94]. There are two proposed veidétlCDMA systems as the 3G
standards, which meet the IMT-2000 requiremente fifist standard is the Wideband
CDMA (WCDMA) system, often called Third Generati®artnership Project (3GPP)
[2] that were proposed by Europe and Japan. TheP3§8RBtem was designed to be

backward compatible with the GSM system, which isegond generation TDMA



standard deployed in Europe. The second standateeisdma2000 system [69, 158]
proposed by Telecommunications Industry AssociafidA). The cdma2000 system is
evolved from 1S-95, which is a second generationM@Dstandard deployed in the
North America and Korea. For the 3GPP system, thegetwo modes for the radio
access technologies: a Time Division Duplex (TDDyd@ and a Frequency Division
Duplex (FDD) mode. The 3GPP system with the FDD enisda CDMA system, but
the 3GPP system with the TDD mode is a combinetesysf CDMA and TDMA. In
this thesis CDMA based wireless communication sgstevhich is backward
compatible to GSM, is consideredhe WCDMA standard is discussed next in brief.

1.3 WIDEBAND CODE DIVISION MULTIPLE ACCESS

Several proposals supporting WCDMA were submittedhe ITU and IMT-
2000 for taking initiative for 3G. Among severalganizations trying to merge their
various WCDMA proposals were:-

» Japan’s Association of Radio Industry and Busiri@éa&fIB)
» Alliance for Telecommunications Industry SolutidAg'|S)
» European Telecommunications Standards InstituteS(EThrough its Special

Mobile Group (SMG)

All these schemes try to take advantage of the W@&Dradio techniques
without ignoring the numerous advantages of theaaly existing GSM networks. Thus
the most promising feature of 3G is to combine aDM®A air interface with the fixed
network of GSM. The standard that has emergedssdan ETSI's Universal Mobile
Telecommunication System (UMTS) and is commonlyvimaas UMTS Terrestrial
Radio Access (UTRA) [41-42,157]. The access schiEem&TRA is DS-CDMA. The
information is spread over a band of approximafeMHz. This wide bandwidth has
given rise to the name Wideba@dMA or WCDMA. WCDMA can operate in FDD
or TDD mode.

1.3.1 Main WCDMA Technical Features

The chip rate of the WCDMA system is 3.84 Mcpse Trame length is 10 ms
and each frame is divided into 15 slots (2560 chap/at the chip rate 3.84 Mcps).
Spreading factors range from 256 to 4 in the updind from 512 to 4 in the downlink.

Thus, the respective modulation symbol rates viamn fO60ksymbols/s to15 symbols/s

1. [P3] “3G Evolution towards Broadband”, Telecommumations: The Indian Journal of Telecommunicatidi@pecial issue on
broadband services) pp.41-47, May-June 2005.



(7.5 k symbols/s) for FDD uplink. For separatingaehels from the same source,
orthogonal variable spreading factor (OVSF) chamagbn codes are used. In the
downlink, Gold codes with a 10-ms period (38400pshat 3.84 Mcps) are used to
separate different cells, with the actual codelfitemgth 2°-1 chips. In the uplink,

Gold codes with a 10 ms period, or alternativelgrsbbodes with a 256-chip period, are
used to separate the different users. For the eh@oding three options are supported:
Convolutional coding, Turbo coding, or no chanrading. Channel coding selection is
indicated by upper layers. Bit interleaving is ugedrandomize transmission errors.
The modulation scheme is QPSK. The carrier spacazga raster of 200 kHz and can
vary from 4.2 to 5.4 MHz. The different carrier spay can be used to obtain suitable
adjacent channel protections depending on thefamarce scenario. The table 1.2

shows the main technical features of the WCDMA gadierface:-

Table-1.2: Main WCDMA Technical Specifications

Channel bandwidth 5 MHz
Duplex mode FDD and TDD
Downlink RF channel structure Direct spread
Chip rate 3.84 Mcps
Frame length 10 ms

QPSK (downlink)
Spreading modulation Balanced Dual-channel QPSK(uplink)

Complex spreading circuit

QPSK (downlink)
BPSK (uplink)

Data modulation

Channel coding Convolutional and turbo codes

_ User dedicated time multiplexed pilot (downlink
Coherent detection _ o _
and uplink), common pilot in the downlink

Channel multiplexing in ) _
) Data and control channels time multiplexed
downlink

_ o _ Control and pilot channel time multiplexed
Channel multiplexing in uplink _ )
1&Q multiplexing for data and control channel

Multirate Variable spreading and multi code

Spreading factors 4-256 (uplink), 4-512 (uplink)




Power control Open and fast closed loop (1.6 kHz)

OVSF sequences for channel separation
Spreading (downlink) Gold sequences'® -1 for cell and user separation

(truncated cycle 10 ms)

Soft handover
Handover
Inter frequency handover

1.4 MOBILE WIRELESS COMMUNICATIONS BEYOND 3G
SOME OPEN QUESTIONS

As the deployment of 3G wireless systems begesearch on the enhancement
of 3G systems and new fourth generation (4G) systetoelerates to pave the way for
the future and there are still some open questidnish need to be answered before
putting next generation systems into use.

Question 1 3G is expected to support more multimedia sesvied improved
guality and higher data rates, compared to 2G a5@.2However, increasing data rates
and supporting multirate services in 3G systemslifScult because of excessive
interference and the shortcomings of air interfaceCDMA based systems. 3G
performance does not seem to be sufficient to meets of future applications like
multimedia, full motion video, and wireless teletamencing. Can, 3G capacity be
increased for new high performance applications?

Question 2 The challenge for the fourth generation of mobédio systems is
no longer to transmit a conversation between twaigs but rather to transmit large
guantities of data. The public has become useddblfternet access and the aim is to
provide that service for mobile users too. Theaddéquencies used by mobile radio
systems have become a scarce resource. To satpfgwang number of users with
increasing demands on the data rates, the need isome up with mobile
communication systems that send more bits fasténirwia given bandwidth. This
means that the quest is for higher spectral effiyeIn order to meet the demands of
multirate multimedia communications, next-generatareless systems must employ
advanced algorithms and signal processing techgighat enable the system to
guarantee the quality of service desired by théouarmedia classes. Is it possible to
develop such advanced signal processing techniqu@ish can guarantee a desired

quality of service required?



Question 3 A core issue in 4G communication systems involpeting the
necessary hooks in the standards such that smumhrentechnology can be used
effectively. In second generation cellular syste&ldSI-136 and 1S-95, implementing
smart antennas had problems because the standardwtdconsider their use. In
particular, ANSI-136 required a continuous downlisignal to all three users in a
frequency channel, which precludes the use of iffebeams for each of these three
users. In 1S-95, there is a common downlink pilehich also precludes the use of
different beams for each user, as all users nesdedhe pilot. For 3G systems, smart
antennas were taken into account in WCDMA, whenerdiok pilots are dedicated to
each user and therefore smart antennas can béiedfeased on the downlink. Thus,
further research is needed to ensure that smaghaa$ can be effectively used in
WCDMA system. For 4G systems, therefore, smart raret® must be taken into
account in standard development. Specifically, pagket or multimedia access to all
users, as well as pilots, must be transmitted aedo such a way so as to not preclude
the use of smart antennas, if this technology isetaised to its full benefit. Since these
standards are international, research in this aeeas being done globally. In CDMA
systems the adaptive array will realize the beaeerstg rather than null steering
because many interference sources surround the. &kl low side-lobe techniques
instead of nulling techniques; improve the capadity wireless communication
systems?

Question 4 Digital communication using (Multiple-Input Multiple-Outgut
MIMO, sometimes called a “volume-to-volume” wiretdink, has recently emerged as
one of the most significant technical breakthromghmodern communications. The
technology figures prominently on the list of recethnical advances with a chance of
resolving the bottleneck of traffic capacity in dtg Internet-intensive wireless
networks [35]. The communication techniques in MIMdtems depend on the degree
of channel state information (CSI) available at tt@smitter and at the receiver. The
more channel information, the better the performeasicthe system [6, 9]. A number of
papers have appeared in the literature studyingffieet of channel estimation error at
receiver and transmitter on various transmissi@hmrigues in MIMO [36, 47, 161].
Reducing channel estimation error would require @em signal processing
techniques. Is it possible to develop such advasagthl processing technique which

can reduce channel estimation error and improveén®rmance of MIMO system?



Question 5 Although during the last decade, advanced sigmakcessing
techniques and the rapid evolution of cheap antl éetronics, have attracted an
increased interest in the use of multiple anterd®th the base stations and hand held
terminals of wireless communication networks, lngt problem faced by a receiver for
MIMO system is the presence of multistream inteniee (MSI), since the signals
launched from the different transmit antennas faterwith each other. There are three
types of receivers which are used for linear prsiogsor receive beamforming viz.
linear decorrelator, matched filter receiver and BB receiver. A tradeoff between
completely eliminating inter-stream interferenced apreserving as much energy
content of the stream of interest as possible seonled. The decorrelator and the
matched filter operate at two extreme ends of titideoff [37]. The MMSE receive
beamformer is found to be the best amongst threeivers. Can the performance of
MMSE receive beamformer be improved further in MIM@tems?

Question 6 It is pointed out by Wireless World Research RoWWRF) that
requirements such as data rate, link quality, spkeefficiency and mobility in next
generation systems cannot be met with conventibeamforming at handsets. Hence
WWRF has suggested the use of beamforming and dpaegrocessing at the handset
in next generation systems for interference sugpaghereby, increasing the capacity
of wireless communication systems [168]. With oningo advancements in
semiconductor technology the possibility of smarteana on handset seems possible
and there is no doubt that the smart antenna widbme an integral part of handset in
next generation systems. But the exposure toati® waves still remains a matter of
public concern and research is still in progressceming exposure aspects of
WCDMA based systems [70]. Will it be possible tauee the biological hazards by

using smart antenna at handset?

1.5 MOTIVATION FOR THESIS

1.5.1 Development of low side-lobe control antenna beamforming
algorithms for array processing architectures of WCDMA systems
In CDMA wireless access scheme, all users shareitkire available frequency
spectrum and the same bandwidth is used in allctiks, with the most efficient
frequency reuse [42, 154]. As all users communicateultaneously in the same

frequency band, multiple access interference is rtregor cause of transmission



impairment. The system capacity is limited, unlikBMA/TDMA systems, by the
existing intracell and intercell interference lewely. Therefore, each solution aimed at
reducing the interference level, is directly tramsfed in capacity increase [4, 38].
Hence considerable research and effort is bein@tddvto developing systems that
either tolerate a higher level of interference. (bg using advanced modulation and
coding schemes) or try to reduce the intercelliatrdcell interference by efficient cell
planning, dynamic channel assignment or transmmspimver control. Besides these
methods the use of beamforming and array procedsiisgalso been proposed for
interference suppression. With the CDMA technigsiece all users share the same
band, the number of potential interfering unitssésy high; certainly higher than the
number of antennas in the array, i.e. the numbeiegfees of freedom of the adaptive
system. As a consequence, the behaviour of thatradlipattern adaptation system is
no longer of the null steering type but insteadaatenna pattern with reduced response
towards undesirable interferences is desired. igttiesis, the first phase of research
focuses on development of new side-lobe controhtbeaning algorithms for array
processing architectures of WCDMA systems for ietence suppression. In next
phase of research, the increase in information agpaand the performance
improvement in various performance metrics of arpagcessing architectures, by
implementation of new beamforming algorithms, areestigated. The role of

Fractional Fourier transform (FrFT) in providindgl@xible taper is also investigated.

1.5.2 Fractional Fourier Transform (FrFT) Based Beamforming

For next generation systems, smart antennas hase taken into account in
standard development [14, 16-17, 80, 101, 107,.189lequipping the base station of
wireless networks with antenna arrays, it is pdesito fully exploit the spatial
dimension of wireless communication systems. Theads that arrive at the array input
can be regarded as random. The transmitted sigrddrgoes a delay and frequency
shift in the narrowband case and a delay and sufédet in the wideband case. The
received signal is usually modified in amplitudal gshase by the multipath, which by
themselves might be changing with time and spataition. In all of these cases, the
signals that arrive at the array are regarded adora, and at times the physical
phenomena responsible for the randomness in thmalsigakes them non-stationary

random processes [142]. Since the natural causesneible for the signal and noise
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are often unrelated, it is customary to assumetttgasignal and noise are uncorrelated
with each other [23]. These uncertainties, combiwét the non-stationary nature of
the signal and noise processes, make FrFT a paitgrmiowerful tool in designing the
optimal beamformer in the array environment. Theosd phase of research involves
development and application of FrFT based advasigthl processing techniques, for
array processing architectures of mobile and weeleommunication systems, which
have a practical implementation complexity and eehihigh performance levels in
complex environments. The bit error rate (BER) @erfance of FrFT based
beamformer in Single-Input Multiple-Output (SIMO)stems is considered as a part of
this phase of research.
1.5.3 FrFT based Receive Beamforming in MIMO systems

The subscriber units (SU) in mobile communicatéwa gradually evolving to
become sophisticated wireless Internet access eeviather than just pocket
telephones, the stringent size and complexity caimés are becoming somewhat more
relaxed. This makes multiple antenna elements ¢eawsrs a possibility at both sides
of the link, even though pushing much of the premesand cost to the network’s side
still makes engineering sense. A particular andorgmt attraction of the use of
antenna arrays at both ends of the communicatida i in high data rate wireless
communication, such as transmission of high qualideo information. A primary
solution to this high data rate requirement mayHheeincrease in bandwidth (BW) or
the transmit power. However, these solutions aréheecost efficient nor satisfactory
in practice. It has been shown that data rate o BAbps is achievable with single
transmit antenna and receive technology but ne@snes higher signal to noise ratio
(SNR) or transmit power compared with a four tramsamd four receive antenna
configuration [9]. Thus MIMO systems will help futu wireless communication
systems to operate at considerably higher data veth higher reliability than what we
have today. MIMO systems are revolutionizing theywae transmit and receive data
and have key applications in the future high-speigth-spectrum efficiency wireless
networks (3G and beyond). There are various rekaasties in MIMO systems which
are still being looked into [9, 10, 35]. Two resdaissues have been taken up in this
thesis as third phase of research, one is the wedrohannel estimation and the other
is improved receive beamforming. Spatial divergitysystems with multiple antennas

at the transmitter requires the signal to be pmegssed or pre-coded prior to
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transmission. The set of schemes aimed at realiemgpding of multiple transmit
antennas are called Space Time Coding (STC) tecbsiql43]. The first smart
antenna simple technique called ‘Simple Transmitesity’ (STD) based on a code
proposed by Alamouti is adopted for 3G WCDMA staddd hese techniques assume
perfect knowledge of channel at the receiver. & b@en shown that with noisy channel
estimation, STD has a poorer performance than naxiatio combining (MRC). STD
suffers 3dB degradation in BER relative to MRC wiarannel estimation error is
dominant [36]. The first issue taken up in this mea is the reduction of channel
estimation error caused by Gaussian noise. In MB¥§€iems the meaning of the term
beamforming, initially used for smart antennas mapions, is referred to a linear
processing scheme along an arbitrary dimensionn@o¢ssarily the spatial dimension),
thus becoming virtual beamforming [34]. In a comication system, the optimal
receiver is given by the Maximum Likelihood (ML)tdetor, also known as Maximum
Likelihood Sequence Estimation (MLSE) [37]. The Mektector is a nonlinear signal
processing method and has an exponential complexitthe number of channel
dimensions or transmitted symbols [37]. A more pragc solution is the utilization of
linear signal processing techniques such as MininMean Square Error (MMSE)
filtering or beamforming which has low complexit§4]. Second issue taken up in this
chapter is the improved linear processing at recaivMIMO system using FrFT.
1.5.4 Use of Adaptive antenna at Handset in controlling RF Hazards

In next generation systems, smart antennas willomy¢ be used at the base
station side but shall be implemented at handset[4l]. The use of adaptive antennas
on handheld radios is a new area of research.hgllresearch, in the field of smart
antennas at handset, has been in the area of itliyeegpacity improvementeduction
of multi-path fading, suppression of interferencgnals, improvements of call
reliability, mitigation against dead zones, incexhdata rates, spectral efficiency
[21,131,152-153]. The recent developments in motdemmunication has also drawn
attention towards the biological effects of thecalemagnetic fields on vital organs of
human body like brain, kidney, heart and liver. M&mart antenna being deployed at
handsets also, the fourth part of research focoseshe use of smart antenna in
controlling the radiation hazards. The effectivene$ smart antenna, in controlling
radiation hazards is explored in the light of ekshing the advantages of smart

antenna over conventional single antenna systehedtandset.
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1.6 THESIS ORGANIZATION

This thesis has four main objectives:

 To develop a new technique of tapering using FrFd@.develop new antenna
beamforming algorithms with controllable side-lobésr array processing
architectures of CDMA based wireless communicasigsiems and to quantify the
advantages of proposed algorithms to the existihgpridhms in wireless
communication.

* To develop new FrFT based optimal beamforming teglenfor array processing
architecture which achieves high performance lewet®n stationary environments
of mobile and wireless communication systems. hd the performance of FrFT
based optimal beamformer in various mobile fadihgnnels in terms of BER in a
SIMO system.

* To reduce channel estimation error caused by Gawusmise and to improve the
linear processing at the receiver in MIMO systems FrFT based receive
beamformer.

» To find effectiveness of smart antenna in contnglliadiation hazards. To analyze
the advantage of adaptive antenna, over a singienaa in reducing radiation
hazards.

To start with, in thesecond chapter a detailed description of various
algorithms of array processing architectures issgméed. The role of FrFT based
beamforming, in non stationary environment, is désed. The application of multiple
antennas in mobile wireless is discussed. The reflsea the area of the use of smart
antenna at handset is presented.

In third chapter, the various low side-lobe beamforming algorithns,
suppress the amount of interference in CDMA systames discussed. The use of
various taper functions in forming low side-loberéviewed. The role of the FrFT, in
providing taper of varying side-lobe level and beadth is discussed. It is shown that
by varying a single parameter ‘a’ the FrFT can meva taper of varying side-lobe
level and beamwidth. An algorithm for tapering infFIF domain is proposed. This
method provides practically realizable weights. Tise of FrFT taper with optimum
beamformer is proposed. The one to one relationts#tiween information capacity and

beampattern is established. A new technique capatbéynthesizing Chebyshev-like
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low side-lobe beam patterns with adjustable beattwahd steering-invariance is
developed. The technique is based on uniform aytbiTaurrent distribution and gives
practically realizable weights. The convergenc&aylor based algorithm is found to
be fast as compared to uniform distribution baskgbrdahm. Lastly the various

performance metrics of array processing architestwf wireless communication are
discussed and the improvement in various performanetrics by use of proposed
algorithm is established. The validity is shown bgmparing three beamforming
algorithms viz: Chebyshev, Sample Matrix Inversi&@MI) and proposed algorithm
using Monte Carlo simulations.

In the fourth chapter optimal beamforming for various multipath fading
channels in wireless and mobile communication usireg FrFT, is considered. The
conventional MMSE beamforming in the frequency doma time domain becomes a
special case of optimal beamforming with FrFT. Thethod is especially useful in
moving and accelerating source problems, where [Roggffect produces frequency
shift when the source is moving as in mobile comication and a chirped type signal
is produced when the source is accelerating as ireless communication. It is
demonstrated that the proposed method vyields inggraesults i.e. a smaller Mean
Squared Error (MSE), in a moving source scenaribickvis common in mobile
communication. The MSE, in case of an acceleramgce is also shown to be less as
compared to moving source. The optimum FrFT beamdoiis evaluated in Rayleigh,
Ricean and Nakagami fading channels. The sameasesel also found in microcellular
and macro cellular environments using GeometricBlged Single Bounce Elliptical
(GBSBE) and Geometrically Based Single Bounce Carc{GBSBC) channel models.
It is shown that existing beamforming algorithms aot very effective in rapidly time-
varying channels, while the FrFT based algorithmntains a strong superiority over
the existing algorithms in time varying channel$ieTadvantage of the proposed
optimum FrFT domain beamformer is the practicalscderation that the synthesis or
analysis of the FrFT can be implemented with thmesaomplexity as the conventional
Fast Fourier Transform (FFT). The BER performanté¢he proposed optimal FrFT
beamformer is found in Rayleigh and Nakagami malditeng channels.

In the fifth chapter, an overview of recent progress in the area of MIMO
wireless technology covering space-time wirelesmroonication, capacity, signaling,

spatial diversity and beamforming is presented. Hiemouti transmit diversity
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scheme is discussed in the presence of channglaggtn errors. It is shown that by
using FrFT based channel estimation technique thas§lan noise errors can be
reduced thereby improving the performance of STikeswe. MIMO beamforming with
emphasis on linear receive beamforming has beetusiied. The performance of
optimal FrFT based MMSE receive beamformer has bsemied for spatial
multiplexed systems in terms of BER and BLER. Itpi®posed that FrFT based
beamformer can be used with rate one MIMO systdsats a

In the sixth chapter the use of smart antenna in controlling the ramfiat
hazards is discussed. The smart antenna at thesd¢taconstantly forms a broad null
towards the user head. The effect of R.F on humain lis analyzed by taking a simple
model of the head. The power absorbed and thénrigemperature of various tissues of
the head is compared for omni directional as weladaptive antenna. In determining
the temperature rise the effect of blood flow arahsfer of heat from tissue into the
space is taken into account.

The last chapter concludes with a critical discussion of the resuwf the
investigations carried out. Important observatiarss made and useful conclusions are
drawn. New contributions are proposed which willrease the performance of current
state of art. The thesisoncludeswith a list of reference books and the research

publications found useful during the course of stigations.

1.7 SUMMARY OF THE CHAPTER

This chapter is a capsule of the motivation ofttiesis. An introduction to the
evolution of the third generation (3G) WCDMA baseileless communication system
is presented, highlighting the requirements tha still to be investigated. New
algorithm for tapering in FrFT domain, New anterisgamforming algorithms with
controllable side-lobes, FrFT based optimal beamiog technique for array
processing architectures in mobile wireless, BERgpmance of FrFT based optimal
beamformer, FrFT based arrays for MIMO systems #ued effectiveness of smart
antenna in controlling the radiation hazards, deniified as the goal of the thesis. In
the next chapter an exhaustive literature survgyasented that has helped the author

during the course of investigations.
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Chapter 2

SMART ANTENNAS IN WIRELESS COMMUNICATIONS

2.1 INTRODUCTION

Today’s mobile and wireless communication systeraspaimarily designed to
provide cost efficient wide area coverage for atkeh number of users with moderate
bandwidth (voice + low rate data).The future tetacmunication will provide the same
services in a wireless fashion as provided by finetork these days, hence requiring
large bandwidths [110]. Future telecommunicatioersiswill neither be willing to
sacrifice functionality for the added value of mlapinor to pay more for it [101]. The
3G and 2G systems will only partially address thespiirements. 3G mobile systems
proposals such as UMTS and IMT-2000 interpret thiegeirements as only providing
mobile internet services, with up to 2 Mbps. In@ardo enable the use of truly new
wireless services, such as voice, data, facsimlegtronic mail and the future high-
performance applications like new innovative muédia, full motion video, and
wireless teleconferencing, one can expect thatonbt higher bandwidths need to be
provided, but also that the cost should be compam@beven lower than in 2G and 3G
systems. Current 2G and 3G, CDMA based systemsatepwiith a constant chip rate
which defines a certain transmission bandwidth. Bl wireless systems support
online services and offer information on demand ltaration-based and interactive
services. But the 3G standards will not be ableufgport broadband services since they
limit the maximum data rate to 2 Mbps in indoor eoumications and less than 1 Mbps
in outdoor communications. Thus, the future molailed wireless applications will
require significantly higher data rates and sigaifitly reduced costs per transmitted bit
as compared to 3G and 2G systems. Both networkcitgnd transmission capacity
per user in 3G systems need to be increased stibfifain order to allow video

applications to become widely used.
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As data rates supported by 4G systems should re@@hMbps, price per bit
should drop by at least a factor of 100. The 4Goisone of solely higher data rates but
has the focus of public service. THB @eneration Wireless Infrastructures project has
been started with the vision “Mobile multimedia &i at today’s prices for fixed
telephony” and is expected to support more multimeervices at improved quality
and higher data rates compared to 3G, 2.5G and2BG 110, 112, 122]. Providing
these services, at these high transmission rates, the harsh and hostile wireless
channels with a limited spectrum, however, createsy difficult and challenging
problems. The three major factors driving more spdlg efficient high data rate
technologieSare:-

»  Continued growth in wireless subscribers and in tbiee and data demand
forecasts

»  Financial pressure to lower the cost of providiegvice to the end customer at

the same time, improving the wireless customersabvireless experience

»  Government regulations that place a premium on t8p®g restrict land use and
cell site locations, plus a push by regulators menisees to adopt more
spectrally efficient technology

There are various approaches suggested to adhieaove objectives and the
WWREF has identified the following related reseaiteins [168]:-
. Beamforming and space-time processing at the trisftesmas well as the
receiver;
. Realistic channel models and interference scentoiesaluate the performance
of smart antennas;
. Multiple input and Multiple output (MIMO) transmigs systems;
. Incorporation of MIMO techniques into multi-techogly radio networks;
. Re-configurable and robust signal processing teglas;
. Multi-user detection and interference cancellatechniques.
One thing is sure that these requirements on dd&g link quality, spectral
efficiency and mobility cannot be met with conventil beamforming.

1. [P18] “Smart Antennas for Wireless Communicat®ystems”, Proceedings of IE(E) on Challenges aka#dIT, SLIET,
Longowal,pp.130-134, Jan 19-20, 2002
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Therefore new beamforming techniques are essewtiaicrease the spectral
efficiency of wireless communication systems. Tdhiage the required system
performance and spectrum efficiency, the IntermaioTelecommunication Union,
under document number M.1036 vide item no.6 ana@ Ra), has also recommended
that methods should be employed to ensure efficisatof the spectrum, such as Radio
transceiver technology and access protocols inotudiccess technology, modulation
and coding, adaptive interference management, sitydechnigues and smart antennas
[68]. Smart antennas offer a broad range of waysimprove wireless system
performance. Smart antennas have potential to ¢geoenhanced range and reduced
infrastructure costs in early deployments, enhanicgédperformance as the system is
built out and increased long term capacity [80]udsmart antennas are essential to
next generation of wireless communication systefie basic structure of smart or

adaptive antenna system is discussed next.

2.2 ADAPTIVE BEAMFORMING SYSTEM

An adaptive antenna array system consists of eay af spatially distributed
antennas and an adaptive signal processor thatagesa weight vector for combining
the array output [87]. The sensor arnsists of N sensors designed to receive (and
transmit) signals. The output of each of the N semdements is fed into the pattern
forming network, where the outputs are processelinear time-variant (LTV) filters.
These filters determine the directional patterrthef ‘smart’ antenna. Fig. 2.1 shows a
block diagram of an adaptive array system. The testaacture of the signal processor
is dependent on the amount of information thatveilable or can be estimateak the
base station. This information includes the typenoflulation and signaling format, the
number of resolvable signal paths that are receatdtlie base station, the direction of
arrival and time delay of each path signal, avditstof reference or training signals,
and the complexity of the propagation environm@&hie outputs of the LTV filters are
then summed to form the overall output y(t). Thenptex weights of the LTV filters
are determined by the adaptive signal procesHoere are many possible equipment
configurations that can be used to perform thetaligirocessing. Since the beam
forming instructions are driven by software rousinthere is wide ranging flexibility in
the types of beams that can be produced includiagreed beams, multiple beams,

shaped beams & beams with steered nulls [17].
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Figure 2.1-A typical array processing architecture

Adaptive beam forming technology is also referfed as smart antenna
technology in some literature. Smart antenna gépeeders to switched beam systems
as well as steered beam systems. On the fundanpeimaiple, smart antenna is similar
to the adaptive antenna but the electromagnetidr@maent, in which they are
operated, is different. That is, for the adaptiveng the beam pattern changes as the
desired user and the interferers move and for itirtsantenna the beam is steered or
switched as the desired user moves. The adaptienras are designed to restrain a
small number of strong interferers, while the snaanttenna is designed to suppress a
large number of strong interferers. The only way $mart antenna to suppress large
number of interferers is, by depressing the sitedo while adaptive antenna forms a
null at the incident angles of the interferenceg [I51]. Thus switched beam or steered
beam antenna tries to place maximum gain towardsetkuser. The performance of
adaptive array is much better as compared to sedtdieam or steered beam systems
for less number of interferers [151]. In generad tlelative performance of smart
antenna systems versus fully adaptive systems depeampon the propagation
environment and multiple access schemes (TDMA, FDMACDMA). In this thesis
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beamforming algorithms are developed for CDMA basgstems, for smart as well as
adaptive antenna array systems. A brief reviewistiolical development of smart or

adaptive antenna systems in wireless communicatigiven next.

2.3 ADAPTIVE ANTENNAS FOR ARRAY PROCESSING
ARCHITECTURES OF MOBILE WIRELESS
COMMUNICATION SYSTEMS

The investigations into use of adaptive arraysammunication began with the
objective to develop a system for receiving sigmalthe presence of interfering signals
especially in Military communications. The conceptusing antenna array is not new
to radar and aerospace technology also. Adaptitenaas have been developed for
receiving TDMA satellite communication signals asmtead spectrum communication
signals. In 1980, G.Turin, introduced the use atagd spectrum for development of
anti multipath techniques and found its applicatiorurban digital radio [56]. Yeh &
Reudink discussed the use of antenna arrays inlenoadio systems to combat
cochannel interference in 1982 [171]. They shovired with a large number of antenna
elements, it is possible to carry out frequencyseeto achieve high frequency spectrum
efficiency. Bogachev and Keselev suggested a simdacept around the same time
[159]. They derived the expression for the probgbdf signal to interference ratio in
the presence of Rayleigh fading. In 1983, Marcuggested that, by using SDMA
multiple users in the same cell can be accommodateitie same frequency and time
slot [99]. Numerous approaches have been suggesteder to exploit spatial domain
for example by optimally combining antenna outpusaptive antennas also can
reduce the multipath fading and permit the usénefdpatial dimension to suppress co-
channel interference [76-77,115,126,138]. The dperaof optimally combining the
array output is called beamforming or spatial fitg. In 1990, Swales et al.
demonstrated that by employing adaptive antennayathe co channel interference
from neighboring cells can be reduced [139]. G.Kaf€hstudied the effect of
sectorization on spectrum efficiency of cellulagdicasystems in 1992 [49]. In 1996, A.
F. Naguib et al. investigated the capacity improgetiwith base station antenna arrays
in CDMA systems [4]. Gradually the capability andtgntial of adaptive arrays, to
increase the spectrum efficiency in mobile commatnr, was recognized by the

wireless industry. In 1997, Y.Li et al. experimdiytaevaluated the performance of
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multi-beam antenna array relative to dual diversitsee sector antennas [169]. The
results indicated that 5 dB of gain enhancementbmiachieved with 24 beam base
station antenna, compared to traditional sectorfigoration. Tadashi et al.,
theoretically analyzed the probability of incorréetam selection with a switched beam
antenna system under power limited and interferdimeged mobile communication
environments [103]. In the same year, S.Choi an®Yub designed an adaptive array
for tracking the source of maximum power in CDMA bile communications [141].
They assumed that the desired signal is large dnaompared to each of the
interfering signals. The increase in capacity andking efficiency of switched beam
antenna, for cellular radio systems, was invesiday Ming Jo Ho et al. in 1998
[113]. They found that reverse link performance adisniting factor in switched beam
antenna. Paul Petrus et al. found that adaptivenaas can significantly increase the
cell capacity, improve signal quality and reducangmitter power requirements in
AMPS [117]. They considered two types of beamfosnan ideal one and flat top for
calculating outage probability and capacity inceeasn ideal beamformer was having
a flat main lobe and no side lobes, while a flat beam former has flat main and side
lobes. In 1999, Yueh Karen Lee et al., describdet@mformer and equalizer system
capable of separating and demodulating severalhaarel GSM signals [172].
J.H.Winters compared the increase in range of pleltantenna base stations using
adaptive array combining with that of phased awcasnbining [82]. Both combining
methods increased the range but with adaptive rdethe range increase was 5.5 fold
as compared to 2.8 fold achieved with phased candpinS.Choi et al., in 1999
compared two different types of smart antenna systeiz.; tracking beam array
(TBA) and switching beam array (SBA) in terms ofrfpemance and hardware
complexity for CDMA systems [149]. In the year 20Q@sef Johannes Blanz et al.
exploited the use of smart antenna diversity togase spectral efficiency by proposing
a scheme for combined DOA (Direction of arrival)dajeint channel estimation for
time slotted CDMA mobile radio systems [89]. In 200onathan et al., investigated
the performance of adaptive antenna arrays in oeotipn with fixed channel and
dynamic channel allocation schemes [88]. Faisahletintroduced the concept of
dynamic slot allocation in packet switched systeosng smart antennas [46].
S.Durrani and M.E.Bailowaski have simulated revdisk of CDMA system using

smart antenna under perfect adaptation [151]. Theese simulated the bit error rate
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(BER) performance for different number of activeenss and varying number of
elements of adaptive array. The performance oftalighobile radio communication
systems is limited by signal fading and interfeefrom other co-channel users. Both
these effects can be reduced by the use of antemags at the base station with the
appropriate signal processing and combining of rdeeived signals. Thus adaptive
beamforming for array processing architecture igdrtant for mobile wireless
communication as it can reduce the co-channel feremce, multipath fading and
background noise more as compared to conventiontdnaa systems [136]. The
potential benefits also include improved coverageaaextended range, increased
capacity, reduced interference and improved quafigervice (QOS).

The main Advantages of Smart Antennas Technologgerators and users are:

Operator : Network capacity, coverage, filling adespots”,

less amount of BS, QoS, and new services.

Operation and : New more advanced BSS equipment, more flexible
Maintenance (O&M) radio network control...
User : Higher QoS, more reliable, secure comnatiun,

longer battery life...

In general the performance enhancement attainvaitiheantenna array depends
heavily upon array geometry. The array geometryushdbe matched to the spatial
characteristics of radio environment. For ruraliemmments the angular spread is low
and received signals tend to have well definedctimes of arrival. For indoor and
microcellular scenarios the angular spread is tagd signals may not have well
defined directions of arrival. The choice of artapography as well as their control
algorithm should also reflect these differencethm signal environmentblext a brief

review of some of these algorithms is given.
24 ADAPTIVE ALGORITHMS FOR BEAMFORMING

In adaptive beamforming the optimum complex valwesights are derived
according to some algorithm. The output of the Heamer shown in Fig. 2.1 can be

written as

y(t) =w x(t), (2.1)
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where,w are weights of adaptive arrag(f) in input signal vector and y(t) is the
output signal. () indicates complex conjugate operation. Several ptda
beamforming algorithms have been proposed in tieeature A general view of the

most important algorithms is given in Fig. 2.2

2.4.1 Spatial Reference Based Beamforming

The spatial reference or direction-finding (DFsed beamforming techniques
are based on number of high resolution techniquels as Multiple signal classification
(MUSIC) and Estimation of signal parameters viaatiohal invariance techniques
(ESPRIT),which can be used to estimate the DOA §4,22]. Spatial reference

beamforming techniques are considered to be saifablarge cell systems.

242 Temporal Reference Based Beamforming

The temporal reference signal based technique rsoffeomputationally
inexpensive estimates of the signal waveforms, autlrequiring a preceding DOA
estimation step [4]. The advantage of this metisathat knowledge of the DOA or the
array manifold is not necessary. Moreover, thishmégue does not make any
assumption about the multipath angle spread amdbés not place any structural
constraints on the antenna array itself. The weiglstor estimate can be calculated by
a number of different techniques such as Least Mgxgrare (LMS) or Direct Matrix
Inversion (DMI) [23, 24]. The technique of trainksgygnals based beamforming was

studied for use with the digital mobile radio syst&s-54 in [77].

2.4.3 Signal-Structure-Based Beamforming

In signal-structure based beamforming techniquies, lase station adaptive
processor exploits the temporal and/or spectratgire and properties of the received
signal to construct the beamformer. The signal @riypis damaged by the presence of
interference and the adaptive beamformer attenaptedtore the signal properdy its
output and thus automatically reduces interferddgeExamples of property restoral
beamforming techniques include the constant modullgorithm (CMA), finite
alphabe{FA) and spectral self-coherence [20, 124,146,15],1

A reasonable strategy in all of these algorithen®ifind the best weight vector
to optimally combine the array outputs under somitable optimization criterion. On
the basis of the optimization criterion these atpans generally fall into two main

categories viz.

23



(i) Maximum Signal to Interference plus Noise R4&NR) beamforming;
(i) Maximum Signal to Noise Ratio (SNR) beamforigin

Both these techniques have been widely used in lenobhd wireless
communication [4, 81, 89,140,141,149,150].

Adaptive Beamforming

Algorithms
A 4 A 4 A 4
Spatial Reference Temporal Signal Structure
Based Algorithm Reference based based beamforming
Algorithm
MUSIC LMS CMA
ESPRIT SMmI SCORE

FA

Figure 2.2-Adaptive beamforming algorithms

2.5 BEAMFORMING FOR CDMA BASED SYSTEMS

The various beamforming techniques described abo@ot suited for CDMA
based wireless systems as the numbers of intesfarer quite high in these systems.
The spatial reference based beamforming technigggeanalytically more tractable and
they suffer from several drawbacks that may linhieit applicability in a wireless
setting. First, all spatial reference based beamfuy techniques start with a DOA
estimation step that involves an eigen-decompasitiand one or more
multidimensional, non-linear optimizations, whichayn be a difficult and time
consuming task. Also, the DOA step requires knoggedf the array manifold and is
very sensitive to errors in this knowledge. Thespree of multipath in urban or
suburban environments, where the condition of zeroelatively small angle spread
does not hold, makes knowledge of the array mahitoireliable. Moreover, a key
assumption in all DOA estimation techniques is that number of signal wave fronts

including cochannel interference signals must Iss han the number of antennas in
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the array, a fact that restricts their applicapilit a CDMA wireless setting. All users

in a CDMA wireless system are cochannel and themblrer may easily exceed the
number of antennas. Moreover, due to multipath @gagon and the fact that each
transmission path may contain direct, reflected diffilacted paths at different time

delays, the array manifold may be poorly definederéfore spatial reference based
beamforming techniques are not applicable. Morempatial methods provide low

carrier to interference enhancement when compaitd@mporal methods [80].

The use of temporal reference based signal regjpirer carrier and symbol
recovery, which is made difficult by the presendeco-channel interference. In
addition, sending a training signal along with timormation signal reduces the
payload efficiency of the system. Also, trainingrsls based beamforming techniques
are not applicable in systems where training ochByonization signals are not available
such as in the 1S-95 CDMA standard [5]. Therefoe¢erence-signal based techniques
cannot be used. The signal-structure based bearnmigrtachniques are very robust
against different propagation conditions. No knalgle of the array manifold or DOA
is required. However, a drawback that limits thelegbility of signal structure-based
beamforming methods for wireless applications &t tthe convergence and capture
characteristics are still not well understood.

Temporal reference based antenna control methadstlweoretically
approach optimum performance for any given arrgyajenent and thus offer much
better performance than spatial reference and Isgjnecture based algorithms.
However in order to use these algorithms in CDMAduhsystems a proper temporal
reference is required for necessary signal corogld80]. As discussed in chapter 1, in
3G communication systems, the necessary provisiosisndards have been made such
that smart antenna technology can be effectivegdusn second generation cellular
systems, ANSI-136 and IS-95, implementing smartamas had problems because the
standards did not consider their use. For 3G systemart antennas were taken into
account in WCDMA, where downlink pilots are dedezhto each user, and therefore
smart antennas can be effectively used on the dokvnEpecifically, any packet or
multimedia access to all users, as well as pilotsst be transmitted or done in such a
way as to not preclude the use of smart antenhttsisitechnology is to be used to its
full benefit. Hence for 4G systems smart antenmastaken into account in standard

development. Thus the use of temporal referencedbafgjorithms is possible in 3G

25



and 4G systems. In this thesis, in chapter 4, azbdarray processing techniques are
developed for mobile communication systems in whiehtemporal reference signal is
assumed to be known at the beamformer.

One of the major issues in beamforming in a CDMAlutar system, all users
shares the entire available frequency spectrunttendame bandwidth is used in all the
cells, with the most efficient frequency reuse. licaser within a cell modulates the
information signal with a wideband semi-orthogoralling sequence. Although all
users use the same frequency band at the samethienbase station can separate each
of the received signals by separately decoding eschading sequence. However,
since the codes are semi-orthogonal, the usersmatltell interfere with each other
(intracell interference) and with other users ihestcells (intercell interference) [121].
Adaptive antennas can decrease the system intecte@nd thus cause better link and
speech quality. This interference decrease is tséacrease the system capacity and
the spectral efficiency.

It is obvious that in CDMA based systems the numlzé potential interferers
are higher than the number of antenna elementtheenumber of degrees of freedom
of the adaptive system. Interfering units can dsoconsidered uniformly distributed
around the base station. So, in such systems,niiearza array shall realize the beam
steering rather than null steering. Therefore in&8@G systems the research should
focus on antenna algorithms which can point maanbé the direction of desired user
and low side-lobes towards interferers because rirdagference sources surround the
array. In [80-81, 110, 151] it is also pointed tf@tincreasing the capacity of 3G & 4G
systems, smart antenna arrays should reduce ilitemce intracell interference by
pointing the main beam towards the direction ofdhsired user and by minimizing the
sidelobe towards other users. It is also discuss§@l7,117,150] that for CDMA based
systems the only way, for smart antenna to impr8iR, is by depressing the side
lobes, while adaptive antenna forms a null at tileedent angles of the interferences.
Thus new beamforming algorithms for controllingesidbes are required for reduction
of interference and the enhancement of capacity.

Most of the beamforming techniques which have beeposed for wireless
communications perform spatial filtering by formiagarp nulls in the direction of the
interfering mobiles. There are cases when angplaasl of the rays, impinging on the

array, is large and a sharp null can not providieient interference suppression. The
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beamformer should be able to form broad nulls. Hax¢here is very less work in the
literature concerning broad nulls in wireless comioation regardless of the
considerable advantages they have in cases of moehanterferences with large
angular spread or when motion is involved. Thuskiéamforming algorithms have to
be developed, that are able to provide broad sibér low side lobes in certain

directions.

26 NEW OPTIMUM ARRAY SIGNAL PROCESSING
TECHNIQUES FOR BEAMFORMING IN WIRELESS
COMMUNICATION SYSTEMS

Adaptive antennas are a promising technique, whdah increase system
capacity. Today adaptive antennas and algorithmeotdrol them are vital to high
capacity system development. In optimal beamformeahniques the weights of an
array of sensors are selected according to opttiaiz&riteria, which minimize a cost
function. Typically the cost function is inverselgsociated with the quality of signal at
the array output, so when cost function is minirditee quality of signal is maximized.
Two most popular techniques, which have been ap@igensively to communication
systems are the MMSE and Least Squares (LS) erif8€]. In both these techniques
the square of the difference between the arrayubietpd a locally generated estimate
of the desired signal is minimized by finding arpagpriate weight vector. MMSE
solutions are posed in terms of ensemble averaggéprduce a single weight vector,
which is optimal over ensemble of possible reailret [87]. This is the approach used
in Wiener Filter Theory [142]. The Wiener filter @ptimal in the sense of minimizing
the MSE of the output.

A study in 1987 has shown that the adaptive amstdrased on MMSE criterion
can suppress the multipaths signals with largeydeiierences and can be employed
for high speed mobile communications [170]. As neered by WWRF any robust
signal processing technique, which can resultssde MSE, will definitely improve the
performance of wireless communication systems [1&3he such tool which is
recognized is Fractional Fourier Transform (FrFThe ordinary Fourier transform
(FT) is suited best for analysis and processingimé invariant signals and systems.
When dealing with time varying signals and systefitigring in Fractional Fourier

Domains might allow us to estimate signals with kBnaninimum mean squared error.
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The class of Fractional Fourier domain filters isudclass of the class of linear filters
[104]. The optimal filter found in this FractionBburier domain is not most optimal
among all filters. However the class of Fractiofaurier domain filters is much
broader class than the class of ordinary domaier$il so that in general the optimal
filter found in FrFT domain result in much smal&rors as compared to ordinary time
or Fourier domain filters. This reduction in ercomes at no additional cost, because
FrFT can be implemented with the same cost as argiRT [59].

The continuum of fractional Fourier domains cqosds to oblique axes in the
time frequency plane, with the ordinary time orginency domains as special cases as
shown in Fig. 2.3. In wireless communication reedisignal is generally degraded by
distortion, fading and noise and the signal cacdresidered as non stationary or time
varying signal.

haDomain

Noise

v

Faded signal

Figure 2.3-Filtering in fractional Fourier domain

Although there is very less work which has begrored in literature for
applying the FrFT to mobile wireless communicatxeept [64, 111]. In [111] a
wireless communication system, based on FrFT, Bas proposed. In this work, the
author has introduced the idea that frequency mgrigasis functions are more suitable
for multi-carrier transmission over rapidly timerymg channels with respect to
traditional frequency-invariant carriers. The basiacept is based on a chirp-like
harmonic decomposition for the RF propagation ckatirat matches the essential
time-varying characteristics of the system. Theppsed methodology is an
approximation to the optimum nonstationary approahlch, in channels characterized
by large Doppler spread, remarkably outperformsctassical (Fast Fourier Transform)

FFT-based scheme. In the proposed scheme, at rrocexhputational cost, it is
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possible to obtain a significant performance impraent in rapidly fading channels. In
[64], I.S.Yetik has introduced the concept of Fll&amforming in Additive White
Gaussian Noise (AWGN) channels. In this paper #mral concept in beamforming,
in a single time domain or in a single frequencynd, has been generalized to
beamforming in a single fractional Fourier domamthis thesis the work of [64] is
extended to consider FrFT based beamforming fotipath fading signals over
AWGN channel for reducing MSE at no extra compotai cost. The BER

performance of optimum FrFT beamformer is evaluatadobile environment.

2.7 APPLICATION OF ANTENNA ARRAYS IN MOBILE
WIRELESS SYSTEMS

Application of antenna arrays in mobile and wirsleemmunication has been
of special interest. It has been shown by many issudhat when an array is
appropriately employed in a communication systdnhgelps in improving the system
performance by increasing channel capacity andtespacefficiency, extending range
coverage, tailoring beam shape, steering multiglants to track many subscribers,
compensating antenna aperture distortion electatipjcreducing multipath fading,
cochannel interference (CCI) and BER [9]. Table @etails the three main areas of

study in the field of radio antennas and antenreyar

Table-2.1: Performance goals for antennas in wireless communication [9]

Antenna design AOA estimation Performance criteria
Gain Error variance Coverage

Bandwidth Bias Quality

Radiation pattern | Resolution Interference rejection
Size Spectral Efficiency
Sidelobe level Low power requirements

The research in the third area of mobile wirelessimunication has been of
special interest, particularly in the last two d#es The growth of third area of antenna
applications in wireless communications is shownFig.2.4. The use of multiple
antennas at the transmitter and/or receiver haseapep a new dimension space [9].

Paulraj and Kailath in 1994 proposed a techniquerfcreasing the capacity of
wireless link using multiple antennas both at traitiers and receivers [11]. Their idea

along with fundamental research done at Bell Labgah a new revolution in
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information and communication theory in mid 1990%is theory states that the
antenna array may be used together with other rdstlsoich as channel coding,

adaptive equalization and interference cancelirgnttance the system performance.

200(

SIMO & T PROCESSIN( 199¢

JAMMER CANCELLATION"  19g¢

BUTLER

MARCONI

Goals: quality, capacity, coverage, spectral efficiency
Fig 2.4: Link Performance Enhancement-Evolution [9]

The idea behind MIMO is that the signals on tlmsmit (TX) antennas at one
end and the receive (RX) antennas at the otheaenticombined” in such a way that
the quality (or BER) or the data rate (bits/sec}r@f communication for each MIMO
user will be improved. Such an advantage can bd teséncrease both the network’s
quality of service and the operator’s revenuesiagmtly [35]. The prospect of many
orders of magnitude improvement in mobile wirelessimunication performance at no
cost of extra spectrum (only hardware and compfextie added) is largely responsible
for the success of MIMO as a topic for new reseafthis has prompted progress in
areas as diverse as channel modeling, informatimory and coding, channel
estimation error, linear receive signal processigtenna design and multiantenna
aware cellular design, fixed or mobile [35].

Multiple antenna structures can be divided intarfgroups: use of single
antenna at transmitter and receiver (SISO), usntdgnna (M) array only at receiver,
known as single-input multiple-outputs (SIMO) systaise of antenna (M array only
at transmitter, known as multiple-inputs singlepuit (MISO) system; and use of
antenna arrays at both transmitterr{Mind receiver (M), known as multiple-inputs

multiple-outputs (MIMO) systems. A key feature ofiMD systems is the ability to
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turn multipath propagation, traditionally a pitfall wireless transmission, into a benefit
for the user. MIMO effectively takes advantage ahdom fading [50, 51, 71] and
when available, multipath delay spread [35] for tipling transfers rates. MIMO
systems have a number of advantages over traditiBl#0 systems such as the
beamforming (or array) gain, the diversity gain ati& multiplexing gain. The
beamforming and diversity gains are no exclusivt¥O systems and also exist in
SIMO and MISO systems. The multiplexing gain, hogrevs a unique characteristic of
MIMO systems. An overview of the gains of MIMO sgmsts is given in [57]. A brief
discussion about these gains and their mutual cosgpais given in chapter 5.

The underlying mathematical nature of MIMO, whdega is transmitted over a
matrix rather than a vector channel, creates new and euwsrropportunities beyond
just the added diversity or array gain benefits.alrlMIMO link, the benefits of
conventional smart antennas are retained sincepkiization of the multiantenna
signals is carried out in a larger space, thusighog additional degrees of freedom. In
particular, MIMO systems can provide a joint traftsraceive diversity gain, as well as
an array gain upon coherent combining of the areaelements (assuming prior
channel estimation). The more general and appeadisg of simultaneous transmit and
receive diversity i(e., MIMO systems) is being extensively addressed esirecent
studies on wireless multi-antenna MIMO channelsagtba linear increase of capacity
with the number of antennas [50, 71].

In fact, the advantages of MIMO are far more fundatal. This was shown in
[50], where the author shows how one may undeaitedonditions transmit min (M,
N) independent data streams simultaneously oveeitieEnmode®sf a matrix channel
created by TX and RX antennas. A little known yatlier version of this ground
breaking result was also released in [11] for ajaion to broadcast digital TV.
Information theory can be used to demonstrate thases rigorously.

MIMO system also use Spatial Multiplexing (SM), which a high-rate bit
stream is decomposed into tMndependent rate bit sequences which are then
transmitted simultaneously usingrNiultiple antennas. A simple example of such a
SM technique is V-BLAST [52, 53]. In SM the signale launched and naturally mix
together in the wireless channel as they use thee daequency spectrum. At the
receiver, after having identified the mixing chanmetrix through training symbols,

the individual bit streams are separated and etond his occurs in the same way as
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M unknowns are resolved from a linear system ofddations. This assumes that each
pair of transmit receive antennas yields a singldas channel coefficient, hence flat
fading conditions under perfect knowledge of tharutel.

As mentioned above communication techniques in MIsystems depend on
the degree of channel state information (CSI) adl at the transmitter and at the
receiver [6]. Clearly the more channel informatitim better the performance of the
system. CSI at the receiver (CSIR) is traditionabguired via the transmission of a
training sequence (pilot symbols) that allows tk&neation of the channel [30]. It is
also possible to use blind methods that do notiregny training symbols but exploit
knowledge of the structure of the transmitted digmaf the channel.

CSI at the transmitter (CSIT) cannot be directhtained as happened with
CSIR. One possible way to achieve CSIT is to haveealback channel from the
receiver to the transmitter to send back the chiastage as side information. Another
traditional way to acquire CSIT is to infer knowtgdabout the transmit channel from
previous receive measurements [98]. When perfe€T @Xavailable it is called closed
loop diversity and with no CSIT, open loop divey&itFor transmit diversity adopted
for WCDMA standards both open loop and closed Idogersity are specified [173].
For the case of no CSIT, the transmit diversity banexploited either indirectly or
directly. Indirect transmit diversity schemes camvspatial diversity into time or
frequency diversity which can then be readily ekphbb by the receiver [78]. In direct
transmit diversity, Space-time coding (STC) teches independent of the channel
realization can be readily used [49, 143, 145, 180th perfect CSIT, the transmission
can be adapted to each channel realization usgmglsprocessing techniques [54-55].
In [134], the combination of beamforming and sptagee codes in a system with
multiple antennas at both sides of the link wassmered aiming at maximizing the
average SNR for scenarios with partial CSIT.

It is generally assumed that perfect CSI is abtelaat the receiver.
Nevertheless, the case of no CSI at any side diirtkéhas also been considered using
the so-called unitary and differential STC [166heTcommunication techniques in
MIMO systems assume perfect channel estimatioheateéceiver and transmitter. The
effect of imperfect channel estimates on the reaeperformance of MIMO systems
has been widely studied [36, 47,161].
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2. [P23] Invited Talk on “Transmit Diversity Schesa@ Review” in Conference on Information and Commutiica
Technologies, JMIT Radur, 9-11 February, 2006.

In this thesis the reduction in channel estima&oor using FrFT has been taken as the
one area of research. The second issue which leasthken up in this study is the
optimal linear receive beamforming in MIMO systeribe proposed optimal receive

beamforming can be extended to joint optimal tratseceive beamforming.
2.8 SMART ANTENNAS AT HANDSET

The use of smart antennas on handheld radios\éwaarea of research. Smart
antenna technology at the cellular mobile baséostditas been a subject of interest for
many years and finds applications in base statfongheir potential in improving
signal-to-noise ratio (SNR), link quality and rélity, and providing position location
capability to user terminals. Smart antenna syst@radraditionally designed for base
station applications, since the base station hasespnd enough processing power to
support array processing. As wireless communicasigstems evolve, service quality
and capacity are of primary importance. With ongoiadvancements in the
performance of semiconductor technology, chipske&t are both smaller and more
powerful are now available for handheld mobilese Ttend is not expected to slow
down in near future and thus the possibility ofdimorating smart antenna technology
at the handset seems possible. The factor drivesgarch interest in this direction is
that if beamforming can be performed in the downkm a base station, then the need
for an antenna array at the mobile unit is obviateds reducing complexity and power
consumption. Papers, investigations and researcle Ih@en emerging concerning
adaptive antennas on handsets dating from sinc&.180 1988, Vaughn [123]
concluded that with then-current technology, adeptieamforming would work for
units moving at pedestrian speeds but would bécdltffor high-speed mobile units. In
1999, Braun, et al. [25] reported experiments incWidata was recorded using a two-
element handheld antenna array and processed uwdiveysity and optimum
beamforming techniques. Use of smart antenna athdredset and performance
improvement has been reported in [119]. Recentlgrethhave been reports of
commercial prototypes of using two-element smatémma systems for user terminals
[1, 18]. Antenna arrays at the handset can impreliability and capacity in two ways.
First, diversity combining or adaptive beamformteghniques can combine the signals

from multiple antennas in a way that mitigates ipath fading. Second, adaptive
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beamforming using antenna arrays can provide cgpaoiprovement through

interference reduction. The adaptive antennas at lthndset offer the following

improvements: -

* Reduction of multi- path fading;

» Suppression of interference signals;

* Improvements of call reliabili

ty;

* Lowering the specific absorption rate (SAR);

» Mitigation against dead zones;

* Increased data rates;

* Increased spectral efficiency.

The major research in smart antenna, at the hathdéwehinal, is going on in various

universities and companies as listed below:

Table-2.2: Universities researching Adaptive Antennas on Handsets

Name of Company /University

Area of Research

Resultproduced

Allgon Mobile Communications,
Sweden with Department of
Signals, Sensors and Systems,
Royal Institute of Technology,
Sweden and Hong Kong Universit
of Science and Technology, Hong

Kong

Adaptive antenna
for handset for SIR

improvement [25]

Investigated two branch
antenna at handset for

interference reduction

Virginia Polytechnic Institute and

State University

Smart antenna at
handset for diversity
[ 46,127]

Handset diversity is measure
for various propagation

environments

University of Surrey center for

Communications System Researg

Beamforming and
hdiversity at handset
[144]

Developed a Quadrifilar
antenna and studied various

combining techniques.

Antenova Limited

New generation

antennas [18]

Development of Small size,

higher efficiency antenna

Bradley Department of Electrical

Reduced power

Gairthe link budget of 7-
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and Computer Engineering &
Virginia Polytechnic Institute and
State University Blacksburg,

Virginia

consumption,
improved capacity
and better link
reliability [106]

9dB at the 99% reliability
level and single interfering
signal can be reduced by 25-
40dB using adaptive

beamforming algorithms

Virginia Tech VLSI for

Telecommunications Laboratory

Department of Electrical and
Computer Engg Virginia Tech,
Blacksburg, Virginia

Performance gain of Reduction in FER by adaptiv¢

smart dual antenna
with adaptive
combining Dual
smart antenna
system for 3GPP
WCDMA handsets
[48,152-153]

scombining over a single

antenna system.

A dual smart antenna systen
with diversity combining at
handsets is developed for the
3GPP WCDMA system

1%

Adaptive Antennas at the Mobile
and Base Stations in an
OFDM/TDMA System

Institute of Electrical and

Electronics Engineers, USA

Use of adaptive
antennas at the bas
station and mobile
station operating
jointly in
combination with
OFDM[93]

Reduction in average error
gprobability for frequency
selective fading channels, as
compared to OFDM without

antenna diversity.

Mobile Portable Radio Group
(MPRG)

Virginia Polytechnic Institute and

State University, Virginia

Transmit diversity
to counter fading
and improve signal
quality [127]

Narrowband channel
measurements for a two-
element transmitter antenna
array and a single antenna
receiver in an indoor

environment.

Virginia Technical Antenna Group

Electrical and Computer

Engineering Department , Virginia

Adaptive

Beamforming [29]

SINR improvement in various

environments reported
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All the research described above has been inithetn of Diversity, Capacity
improvement,Reduction of multi- path fading, Suppression ofeifgrence signals,
Improvements of call reliability, Mitigation againdead zones, Increased data rates,
Spectral efficiency. The recent developments in ileobommunication has drawn
attention towards the biological effects of thecalemagnetic fields on vital organs of
human body like brain, kidney, heart and liver 673,100]. But no research has
been done in the direction of controlling the rédiahazards using adaptive antenna at
the handset. Health aspects due to the use of enphidnes have been a public concern
globally, especially following the large market pémation of the digital GSM phones
and 3rd generation W-CDMA terminals [72]. Theraiseed for the assessment of the
exposure of the user and the public in general friivese terminals. With the
implementation of smart antenna being suggestedaatiset also the use of smart

antenna in controlling radiation hazards is congides a research problem.
29 SUMMARY OF THE CHAPTER

At the start of 21st century, the wireless and ieolmarkets are witnessing
unprecedented growth fueled by an information esiplo and a technology revolution.
While a great effort in second-generation wirelesmmmunication systems, has been
focused on the development of modulation, codimgtgeols etc. The antenna related
technology has received relatively less attentipricunow. Also the fragmented nature
of the International Mobile Communication markdiu@trated by growing numbers of
standards) was a hurdle for the researchers tolaewsuipment to support a wide
range of air interfaces. During the next generatmbile communication systems, the
network operators may not achieve full network citgawithout use of antenna array
technologies. Future mobile communication aims wppsrt multiple air interface
standards, which will require beam-forming architees. This chapter gives a brief
overview of antenna arrays, their use in futureegation CDMA based wireless
systems, a FrFT based optimal signal processirtinigee for mobile wireless, FrFT
based processing for MIMO systems and researchdrofismart antenna at handset. In
the next chapter, low side lobe algorithms for yapeocessing architectures of smart

antennas, is taken up as a first research problem.
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Chapter 3

LOW SIDE LOBE ALGORITHMS FOR ARRAY PROCESSING
ARCHITECTURES OF WCDMA BASED SYSTEMS

3.1 INTRODUCTION

Wideband direct sequence code division multipleeas is accepted as a
wireless access scheme for 3G systems [1]. Onbheokey features in a 3G wireless
system is high data rate. For a high data ratewen BER and a smaller spreading
factor are required. In the uplink of the 3G sydemach user signal is transmitted
asynchronously and traverses different paths fleemtobile station to the base station.
Furthermore both distance dependent path lossteadbsiing exist, producing the well
known near/far problem. Thus, the main source tdrfarence is coming from other
users’ signals within the same cell known as icghl-interference. However, in the
downlink of the 3G systems, the signal transmitiemm the base station is the
superposition of all active users’ signals and camroontrol signals. The desired user
signal and multiple access interference signaletse the same paths, but they are
inherently orthogonal with each other. Thereforddées not pose a serious problem at
handsets. Another source of interference is corfimg adjacent cells called inter-cell
interference, which can have a substantial impacthe performance [33]. Thus, in
CDMA systems multiple access interference (MAI}his major cause of transmission
impairment. A promising technique to reduce this IM®\adaptive antenna array and
there has been great deal of interest in reduciAd tiirough use of beamforming to
improve the capacity and performance of CDMA baseslems [154]. As discussed in
chapter 2, beamforming techniques which have beeopoged for wireless
communications perform spatial filtering by formiagarp nulls in the direction of the
interferers. Will null beamforming help in reduciMdAl in CDMA based wireless

communication systems?
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3.2 NULL vs. LOW SIDE LOBE BEAMFORMING

A null in an antenna pattern denotes a zero regpo@ne may shape the
antenna pattern in such way that it cancels imerfeand produces a strong beam
towards the wanted signal. This is done by pladimg nulls in the pattern in the
corresponding known directions of these interfer@mngl simultaneously steering the
main beam in the direction of the desired signddisTmethod of beam forming is
known as Null Beam Forming [33]. Adaptive arraydien referred as “Smart
antennas”, were suggested in the early 1960’s aotged to be useful to cancel
directional interfering signals, improving the perhance of wireless communications
systems [126]. An adaptive array with optimum weighctor can be used for null
beamforming. The flexibility of array weighting gt the desired array pattern can be
exploited to cancel directional sources operatvegneat the same frequency as that of
the desired source, provided these are not inaime slirection of the desired source. In
adaptive antenna theory, the basic concept ofngui based on number of antenna
elements. An array with M number of antenna elesiean null out M-1 interferers
only. If the number of interferers is more than Miien the array becomes overloaded
and its performance starts degrading. One thirguie that the adaptive antennas are
designed to restrain a small number of strongfieters in wireless communication.

With the CDMA technique, all users communicatewdtameously in the same
frequency band. Thus the number of interferersiMM@ signal environment is at least
of the order of tens and it is never realistic &awvdnthat many antenna elements in the
cell site of a given wireless communication systemnulling these interferers. This
means the behaviour of the radiation pattern atlaptaystem is no longer of the null
steering type but instead, an antenna pattern ithced response toward undesirable
interferences is desired [38]. This technique alselps to reduce co-channel
interference due to less energy being transmittednwanted directions. The main
beam is simply pointed in the direction of the degimobile unit. In this way, the
reduction in interference level will be only pattiaowever it is no longer necessary to
put nulls in the direction of the interfering unitsth critical precision, the adaptation
system actually requires less complexity.

In wireless communications there are cases wherangular spread of the rays

impinging on the array is so large that a sharpaar not provide efficient interference
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suppression [151]. Such cases, which arise whemtitgle station is located close to
the base station or when the direction of arriverges quickly due to the motion of
the mobile, can significantly degrade the perforoeanf the system. Because in such
case one has to form a broad null towards the cste@ngular spread. The large
angular spread can also be handled if a broad Ide Isbe is formed towards the
direction of the largely spread interference. Theae been considerable interest in the
recent years in beamformers which are able to sgith controlled broad low side
lobe in the mobile radio networks.

From the above discussion it is obvious that ia tlext generation wireless
systems the side lobe control will play a majortpar reducing interference and
improving capacity. The conventional arrays basedwling procedure are unlikely to
be applicable in practical CDMA wireless communi@ateven if their beamforming
procedure is valid for coherent interferers [977,1150]. In next generations systems
the side lobe topography will play an importanterah controlling interference and
antenna arrays shall be able to reduce interferbypgeinting the main beam towards
the direction of the desired user and by minimizithg sidelobes towards other
interferering users. This ability of the array €ystshall lead to increased system
capacity. The side lobe control can be achievedd®yof, both, tapered beamformers
non-adaptively and by shaping the antenna pattaptavely. The array mathematical

model used in thesis is derived next.
3.3 ARRAY MATHEMATICAL SIGNAL MODEL

To derive array mathematical signal model consaterM-element uniformly
spaced linear array (ULA), as shown in Fig.3.1 [Zlje model considered here is for
single signal, which can be extended to multipigais. In Fig.3.1, the array elements
are equally spaced by a distance d, and a plane \wawes at the array from a
direction® off the array broadside. The an@lés called the direction-of-arrival (DOA)
or angle-of-arrival (AOA) of the received signalssime a single carrier modulated

signal is arriving from angl8sthat is received by the'sensor given by
X (t) = u(t) cos@mf .t +y(t) + ), (3.1)

where, { is the carrier frequency of the modulated signyé is the information

carrying component, u(t) is the amplitude of trgnal, and3 is a random phase.
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Figure 3.1-An ‘M’ Element Uniformly Spaced Linear Array

The complex envelopg(t) of x(t) is given by
%, (1) = u(t) expli(y(t) +B)]-

Thus the received signal at the first elemef) and its complex envelopg,(t) may

be related by

X, (t) = Refx, (t) exp(i2nf t)] ,

where, Re [.] stands for the real part of [.]. Upeneption of signak(t) the signal is

demodulated to recover the sigiétl) back as shown in Fig.3.2.

— X't

X(t) =X'(t) +X°(t)

Low Pass A/D
Filter Converter
X(t)
: Cos Ifct
Sin 2nfct
Low Pass A/D
> Filter Converter

[, X%

Figure 3.2- Block Diagram of Sensor with Receiver

(3.2)

(3.3)
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In Fig.3.1 taking the first element in the arraythe reference point, assuming
medium to be non dispersive, the time delay upetmosd element due to additional
propagation distance‘d $ih is given by

r= ds(':”e . (3.4)

The received signal of the second element may peesged as
X, (1) =x (t—-1) =u(t—Tt)cos@nf (t—1) +y(t—1) +P). (3.5
If the carrier frequency.fis large compared to the bandwidth of the impiggin
signal, then the modulating signal may be treagequasi-static during time intervals of
ordert and in that case (3.5) reduces to
X, (t) = u(t) cos@nf t —2nf T+ y(t) +B) . (3.6)
The complex envelopg,(t) of x,(t) is therefore given by
X, (t) =u(t)expli(=2nf t+y() +B)] = X (t)exp[-j2nf 1)]. (3.7)
The effect of the time delay on the signal can hewepresented by a phase shift term
exp {-j (2rf:1)}. Substituting (3.4) into (3.7),
dsin@

X, (t) = X, (t) exp[-j(2rf )] =%(1) eXp[-J%dSine)] ) (3.8)

where, A is the wavelength of the carrier. Similarly, ft element the complex

envelope of the received signal may be expressed as
X; (t) = X, () exp[—j(% (i—1dsing)]. (3.9)

Denoting the received signal vector by
xO=[x0 %O X0. . . X0, (3.10)
where, (.J denotes conventional transpose tRéhmay be expressed in vector form as

x(t) = a(6) X, (1), (3.11)

1
exp(j %dsin 0)
where, a@=| . . (3.12)

expl-j %(M —1)dsin8]
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The vectorx(t) is often referred to as the array input datatmeanda(f) is
called the steering vector. The collection of stegervectors for all angles and
frequencies is referred to as the array manifeiché above discussion, the bandwidth
of the impinging signal expressed in (3.1) is assdinto be much smaller than the
reciprocal of the propagation time across the aay signal satisfying this condition
is referred to as narrowband; otherwise it is reféérto as wideband. In most of the
discussion that follows, the signal is assumed &onlarrowband unless specified
otherwise. The discrete time signals from a ULA3r10) can be written as:

x(n)=[xy(n) X,(n) Xs(t) Xy (] - (3.13)

The above simple case can be extended to a mosrajerase. Suppose there
are k narrowband signals, all centered around avkrfcequency, say.fimpinging on
the array with DOAG, i = 1, 2,...... , k. Let gt), ........... , %(t) be the complex
envelopes of these signals at first sensor. Thgsals may be uncorrelated, as for the
signals coming from different users, or can beyfabbrrelated as happens in multipath
propagation, where each path is a scaled and tefssreld version of the original
transmitted signal or can be partially correlated tb the noise corruption (How noise
corruption leads to partial correlation of signal$fe proof of this statement is given in
Appendix A). The received signal at the array isugerposition of all the impinging

signals and noise. Therefore, the input data veoty be expressed as

xH=)" a(8) st +ne). (314)

where,n(t) denotes the M« 1 vector of the noise at the array elemeaf8.) is given

by

1
expij 277Td sing,)
aig) = , . (3.15)

exp[—jZTH(M ~1)dsing]

In matrix notation, (3.14) can be written as
x(t) = A(©) s(t) + n(t), (3.16)

where, A(©) is the Mx k matrix of the steering vectors given by
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INCEICCAECH I a®,)], (3.17)

) =[s, (1), (1) evrrrrrennen. so]". (3.18)
(3.16) represents the most commonly used narrowbsnd data model. Based on the

array model described above beamforming fundameatal discussed next.
34 FUNDAMENTALS OF BEAMFORMING

Beamforming is the name given to a wide varietaméy processing algorithms
that focus array capabilities in a particular dilet. A beamforming algorithm points
the array spatial filter towards the desired dimctalgorithmically rather than
physically. Beamforming algorithms perform operasiaon the array output regardless
of the sources or the character of noise presetitanvave field so as to accept the
signal from a particular direction while suppregssignals from undesired directions.
Beamforming is also referred to as “electronic’esiigeg since the weights are applied
using electronic circuitry following the receptiaf the signal for the purpose of
steering the array in a particular direction. Thaém be contrasted with mechanical
steering, in which the antenna is physically palnie the direction of interest.
Conventional beamforming algorithms also use modegital processing algorithms to
linearly combine the signals from all the sensorsaimanner, that is, with a certain
weighting, so as to examine signals arriving frorspacific angle. The beamforming

operation is shown in Fig. 3.3.

D xa(n)
X2(Nn)
)

Xm(N)

%

Figure 3.3-Beamforming Operation

As shown in Fig. 3.3, a beamformer produces itpuuby forming a weighted

combination of signals from the M elements of thesor array, that is,
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V(M= 3w x, (1) =W x(n), (3.19)

where,w; is the weight applied to thd" isensor.w is the Mx1 column vector of
complex antenna weights given and' @enotes conjugate transposeis commonly
referred as beamforming vector given by

W=[Weeieee W, 7 (3.20)
Typically, beamforming process as seen from (3id9)tering a signal from a specific
location and attenuating signals from other locetioThus a beamformer linearly
combines the spatially sampled time series fronh emnsor to obtain a scalar output
time series in the same manner that a Finite Ingp&esponse (FIR) filter linearly
combines temporally sampled data. Implementingr@teal filter requires processing
of data collected over a temporal aperture. Sihyilamplementing a spatial filter
requires processing of data collected over a dpaparture. The beampattern and
element spacing of an antenna array may be vieweithea equivalent to magnitude
response of a FIR filter and the sampling periodh afiscrete time signal in the time
domain, respectively [32]. To illustrate this poiobnsider a signad(t) composed of k

complex sinusoids with unknown parameters embeddadditive noise:
X(t) = S explj (2t + )] +n(t), (3.21)
i=1

where, { a, and@ are the frequency, amplitude, and phase, respégtiof thei™
sinusoid. Suppose that the sampling period of $ign& unrelated to the frequency of

the unknown sinusoid, and bgl) denote the signal at time instdfts, then
x() = > aexplj (2rt, (IT,) + )] + n(IT). (3.22)
i=1
Suppose the sampled signal is fed into an FIRrfitith M -1 delay units,

which is shown in Fig.3.4, to perform filtering. Ame instantlT,, the filter input and

the (M —1) outputs of the delay units may be exggdsas

k
x(1) =Y a(f)s () +n(). (3.23)
where, X(0) = [XU) corrrrerrerere x(-M +1)]7, (3.24)
NO 1110 N nl-M +1)]", (3.25)
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1
exp(j2nT,f,)

a(f,) = ' , (3.26)

expl-j2mM -DT,f)

and s (1) =a exp[j@nf, (IT;) +¢]. (3.27)

x(l)

x(-1)

x(-M+1)

Figure 3.4-Filtering in time domain using FIR filter

Comparing (3.23) with (3.14), it can be seen tataf narrowband ULA, there
is a correspondence between the normalized elespating, dX, and the sampling
period, T, in the FIR filter. The sine of the DO®, sinB;, corresponds to the temporal
frequency f of the FIR filter input [32]. So there is a mappihetween the ULA and
the FIR filter, a theorem applied to the FIR filter the time domain may also be
applied to the uniform linear array in space domamtime domain, the Nyquist
sampling theorem states that a band limited sigithl highest frequency f, is uniquely
determined by its discrete time samples if the dempate is equal to or greater than
2f. If the sampling rate is less than 2f, aliaisimidj occur. In the space domain, the
sampling rate corresponds to the inverse of thenabzed element spacing, and the
highest frequency is corresponding to 1 (sinceBsia always less than or equal to 1).

From the Nyquist sampling theorem, to avoid spaiiialsing,
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\
N

or ds% . (3.28)

>lalk

Therefore, the element spacing of an array shalldys be less than or equal

to half of the carrier wavelength. The frequencgpanse of an FIR filter with tap

weightsw,i = 1................ M and a sampling period iE given by
M
H(e'?") = w exp[-j2nfT(i -1, (3.29)
i=1

where,H(€”™) represents the response of the filter to a coxngileusoid of frequency
f. For the harmonic retrieval problem, in orderetdract the signal with frequency &
set of complex weights are needed such that tlygiérecy response of the filter has a
higher gain at;fand lower gains (or ideally, nulls) at other fregoies. For the
beamforming problem, f ands&re corresponding to €firand dA respectively. Hence
replacing f and J in equation (3.29) with sthand dA respectively, yields the
beamformer response,

(@) = iw expl- | 27” (i -1dsind], (3.30)

i1
where, c@) represents the response of the array to a swttaIDOA equal tob. So if
there are several signals coming from differenéations, and in order to extract the
signal with directiond;, a set of weights are required to be found suah ite array
response has a higher gain at direc@pmand lower gains (or ideally, nulls) at other
directions. The array respons®)ay also be expressed in vector form as

c@) =w" a(o), (3.31)
where,w anda(6) is defined in (3.20) and (3.15) respectively.

3.4.1 Types of Beamformers

There are two types of beamformers, narrowbandsaddband beamformer. A
narrowband beamformer is shown in Fig.3.1. In&Fiythe output at time k, y (k), is
given by a linear combination of the data at theevisors at time k:

y(K)=w"x(Kk) . (3.32)
A wideband beamformer samples the propagating vii@le in both space and time
and is often used when signals of significant fesguy extent (broadband) are of

interest [21]. A wideband beamformer is shown ig.Bi5. It samples signal both in
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space and time. The output in this case may beesgpd as

K-1

y(k) =3 Sw' X, (k-1), (3.33)

where, (K — 1) is the number of delays in eachhefM sensor channels. The criterion
for the choice of K is given in Appendix-B.

Let W =Wy, Wi g eeenenn Wiy greeeeens Wiy )’ (3.34)
and  x(k) =[x, (K),....x, (K=K +1),........ Xy (K)yeooiveeeennn Xy (K=K +1)]", (3.35)
then (3.33) may also be expressed in vector form 3.31). In this case, botl and
x(k) are MKx 1 column vectors.

X1(K)

-4

Xa2(K)

>

.
1,0
«
W20
«
M,0

[ ]
L= |

7t .
—
W111' 4’(?
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W1
s y(K)
[
[
Z‘1 l
WM'lk "?
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Xm(K)
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X
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Figure 3.5-Wideband beamformer
3.4.2 Beam Response

A standard tool for analyzing the performance tleamformer is the response
for a given weight vector oi as a function of angl@, known as the beam response.
This angular response is computed by applying griformerw to a set of array
response vectors from all possible angles, thatd8; < 8 <90°, and given by

o®)=w" a(e). (3.36)
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|c(6?)|2 is known as the beampattern. Usi{§),the normalized beamformer response

may be defined as,

c,0)=—%9

"~ max(c(e))) (3:37)

A sample normalized beampattern, expressed ingdghawn for a 12-element uniform

linear array in Fig. 3.6.

Uniform Linear Array

N = = '
o a1 o a1

-25
-30
-35

Normalised Gain (in dB)

-40
-45

-50

Angle(degrees)

Figure 3.6-Beampattern of ULA for M=12,0=0°, d=0.5\

In Fig.3.6, the large mainlobe is centered at0° and the beamformer

response correspondingwp =10i, is given by

sin(ﬂmsin 9)

c(@) = i exp[—jZTH(i -1)dsind] =

exp[— J ﬂusin 9] . (338)
= sin(r sin6) A

3.4.3 Beamforming Gain

The signal to noise ratio (SNR) of the beamformeatput determines the
improvement in SNR with respect to each elemerdyknas the beamforming gain. To
derive the improvement in SNR in wireless environmmeonsider the signal model for
a ULA from (3.16), which consists of a signal oferest arriving from an angk& and
thermal sensor noise w(n). The input to beamforimearray signal of single source

from direction6sgiven by

x(n) =~/M v(6) s(n)+w(n), (3.39)
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where, v(6,)= [a(\/e_'\s/l)] , (3.40)

and g(n) is the signal of interest within a single semseluding the sensor response.

The output of the beamformer is given by
y(m)= x(n) = VMO )w"'s(n)+W(n). (3.41)
w =w"w(n) is the noise at the beamformer output and is &sgorally uncorrelated.
The beamformer output power is
P, =&y’ }=w'Raw, (3.42)

whereR, = E{x (n)x" (n)} is the correlation matrix of the array sigxéh). The SNR

N

in each element is given by SNR,,, = % , (3.43)
o

2
w
where,o? = E{|s(n}2} is element level signal power ad, = E{|w(n)|2} is the element

level noise power. This SNR is commonly referred to as the element level SNk

signal and noise powePs& P, at the output of the beamformer are

P=E{|VM [WV(8JIs(n)F}= Mo?| w'V(8s) P (3.44)
P=E{w w(n)P}=w'Raw= |wif*a?,, (3.49)

whereR, =a? | . Therefore, the resulting SNR at the beamforméputiknown as the

- P Mw'v(®,) o2
array SNR, is givenby ~ SNR,,, = FS = TO—; (3.46)
n W w

(3.46) is simply the product of the beamforminggaind the element level SNR. Thus,

the beamforming gain is given by

2

8 SNR,, _ WV (6,)

SR T T (3.47)

The beamforming gain is strictly a function of taegle of arrivalfs of the
desired signal, the beamforming weight veetpand the number of sensors M.
3.4.4 Estimation of Direction of Arrival

The dependence of beamforming gain on angle ek of the desired signal
is given by (3.47). Thus during the beamformingragpion as shown above in Fig.3.2,

the DOA, 6s of the signal incident upon the antenna array rhaststimated. There are
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two main types of algorithms for performing this B@stimation. The first class of
algorithms is the Spectral-based methods in whiclspatial spectrum is generated
which gives array output power versus directiomiinfation. Spectral based methods
can themselves be divided into two categories, @anng techniques and subspace-
based techniques. The beamforming DOA algorithrsergglly electronically “steer”
the antenna array in a direction at a time and ‘Sue=i the output power to determine
the spatial spectrum. This is a purely mathematigedration that makes use of the
steering vectors of the array along with the spat&ariance matrix. Subspace-based
techniques use more complex decompositions of fgatiad covariance matrix for
generating the spatial spectrum. The second, noon@rate classes, of DOA algorithms
are the parametric methods which are also generidly more abstract and
computationally intensive than the Spectral basethouds. These methods also require
a simultaneous, high dimension search for all digaaameters of interest. The DOA
estimation is shown in Fig.3.7. Since the primargus of the research in this thesis
was not to study DOA algorithm performance, thess wot much emphasis placed on
using highly sophisticated DOA estimation techngu€urther in this thesis it is
assumed that DOA of the desired and interfereavaslable at the beamformer so that
the low side lobe control techniques can be uskdttifely.

Base Station Antenr

Array
Y
A
v
Transmit
Transmit Beamformer
Beamformer
A
................................... DOA EStImatIon
Y
L User's Signal L User’s Signal
Downlink Uplink

Figure 3.7-Beamforming in uplink and down link of Wireless Communication
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3.5 LOW SIDE LOBE CONTROL TECHNIQUES

As discussed in section 3.2 any beamformer thatdegress the large number
of interferers will improve the capacity and penfiance of CDMA systems. Such
beamformers called smart antennas improve signaitésference ratio (SIR) of the
communication system efficiently by forming narrtagam towards desired user and
low side towards undesired users. A brief reviewnafrow beam low side-lobe

algorithms is given next.

3.5.1 Narrow-Beam Low-Sidelobe Designs

The problem of designing arrays having narrow seavith low sidelobes is
equivalent to the digital signal processing problefrspectral analysis of windowed
sinusoids. Consider the design of an infinitelyroarbeam toward some look direction
0=00. In Y-plane, the array factor should be infinitely tljpectral line

A(Y) =2m(Y — Y,), (3.48)
where,p = kd co® andy, = kd Co$,, k is the wave number and d is inter element
spacing. The term array factor for an array of mam#s is given by the net field
produced by the array of sourc@be net effect of array factor is to modify thegla?
antenna radiation vector, of an array of identar#tennas. Array factor incorporates all
the translational phase shifts and relative weightioefficients of the array elements.

Taking the inverse Fourier transform of (3.48)vesi the double-sided

infinitely-long array, for eo < m <co:
a(m) = 5= JAM)E™dy =~ 2n(y -y, e Map=e . (3.49)
-t 2T[—'r[

This is the spatial analog of an infinite sinusaigh) = e/“" whose spectrum is
the sharp spectral lin&(«) = 2md(w -a). A finite-duration sinusoid is obtained by
windowing it, with a length-N time window(n) resulting ina(n) = b(n)e'™". In the
frequency domain, the effect of windowing is tolese the spectral liné w w) by its
smeared versiol\V(w wy), whereW(a) is the Fourier transform of the windaw(n).
The spectrumWW(w wp) exhibits a main lobe ab= «y and sidelobes. The main lobe
gets narrower with increasing N.

Consider an array of N elements at locatigns along the x-axis with

element spacing d. If N is odd, say N =2M,+He element locations, can be
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defined symmetrically as:

Xn = md, m=0,+1,+2, ... ,xM . (3.50)
The array factor can be written then as a disgpéee Fourier transform or as a spatial
z-transform:

A) =

. M . .
m _ m —-jm
a,e™ =a, + m2_1[ameJ Y +a_,em]

(3.51)

M
m _ m -m
z" =a, + mz_l[amz ta_,z "]

On the other hand, if N is even, say N = 2M, inesrtb have symmetry with respect to

the origin, the elements are placed at the hatfget locations
X, =i(md—g) =i(m—%)d, Mm=12,.........M. (3.52)

The array factor is given by:

M . .
A(W) = z[amej(m—1/2)lp + a_me—J(m—1/2)w]
m=1

(3.53)
- %[amz(m—l)/z + a_mz—(m—llz)]_
m=1
Thus a finite N-element array with a narrow beaml sow side lobes, and
steered towards an andlg, can be obtained by windowing the infinite narrbeam
array with an appropriate length-N spatial windofm). For odd N = 2M+ 1 and even
N = 2M, the resulting window is defined respectyel
a(m) = e ™ep(m m=0z1,.......... +M,
(m) Ny (/ ) L (3.54)
a(xm) =M Mphrm) m=12,........ M.
For both cases of (3.54) the array factor of (3&13.53) becomes
AW)= W(W-wo) , (narrow beam array factor) (3.55)

where, W() is the DFT of the window, defined for odd or ems:

W) = b(0) + 3. [b(m)e™ +b(-m)e ™ ],

" (3.56)
W(Y) = X [o(m)el™ 2% + p(-m)eim 2]
m=1
Assuming a symmetric window, (-m) =b (m), W) can be written as:
W(W) = b(0) + 23 b(m)cos()  for N=2M+1
m (3.57)

W() =25b(m)cos(m-1/2)y)  for N =2M.

At broadsidePo = 0, 8y = 9¢, (3.54) reduces ta(m)= b(m) and the array

factor becomes A= W(). Thus, the weights of a broadside narrow beanyara
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the window samplea(m)= b(m). The weights of narrow beam array can be steere
easily. The primary issue in choosing a window fiorcb(m) is the tradeoff between
frequency resolution and frequency leakage, thdiégsveen main-lobe width and side
lobe level. Ideally, one would like to meet, astbas possible, the two conflicting
requirements of having a very narrow mainlobe aed/wsmall sidelobes. Figs.3.8 &
3.9 show four narrow-beam design examples illusigathis tradeoff. All designs are
with 7-element arrays with half-wavelength spacitigs A/2, and steered towards 90
The Dolph-Chebyshev and Taylor-Kaiser arrays wesighed with side lobe level of
30 dB. For comparison the 3dB beamwidth of varisirsdows is shown in table 3.1.
The expressions of various taper functions usedgs.3.8-3.9 are given in appendix-F.

Table-3.1: Beam width (3 dB) of various tapers

Taper 3 dB Beamwidth(N=7)| 3 dB Beamwidth (N=16)
Uniform 145° 634°
Binomial 245° 15.6°
Dolph ChebysheV 18.6° 797°
Taylor Kaiser 235° 10.1°

From Figs.3.8-3.9, it is clear that the uniformagrhas the narrowest mainlobe
but also the highest sidelobes. The Dolph-Chebygheptimum in the sense that, for
the given sidelobe level of 30 dB, it has the naast width. The Taylor-Kaiser is
somewhat wider than the Dolph-Chebyshev, but itieteh better sidelobe behavior.
The binomial array has the widest mainlobe butidelsbes at all. The above results
are also shown for number of elements N=16, d«0n5Fig.3.10 & 3.11. The 3 dB
beamwidth for above cases is given in table 3.bmFthe above discussion it is
obvious that one way of creating low side lobe®iase windows function3.he array
weights of a beamformer can be windowed with thayacoefficients of a suitable
window function to obtain a desired side lobe levdlis process is known as tapered
beamforming, resultant beamformer is called tapebe@mformer, and window
function is called taper. The tapered beamformexg be thought of as the truncated or
windowed versions of the corresponding beamformaper can be applied to any
beamformer. To illustrate this, an example is givenwhich a matched filter
beamformer output is tapered. The matched filteanifermer is also known as

conventional beamformer.
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3.5.2 Matched Filter Tapered Beamformer

Consider the single signal ULA model from (3.3t now including an

interference signal(n) made up of P interference sources as in mebN&onment
P
x(n) =VMv(8,)s(n) +VM > v(8,)i , (n) + w(n), (3.58)
p=1

where, v(Bp) and iy(n) are the array response vector and signalaltieety’ interferer
respectively. The components of noise vector acoualated and have power’ i.e.
E[w(n)w" (n)] = 62l . The output of the beamformer is given by
y(n) =w"x(n). (3.59)
The weight vectow which will result in exact replica of sensor signia
w =cl =v1(6y). (3.60)
The output of the beamformer can be expressed as
y(n) = e x(n) =v(89 x(n). (3.61)
Cnt IS called matched filter beamformer. In case ofAUlith A/2 element
spacing, the beampattern of the spatial matcheer fis shown in Fig.3.6. It has
sidelobes that are high enough to pass interféinessigh the beamformer with enough
gain to prevent the detection of the desired sigRal this array, if an interfering
source is present 8t= 20 with a power of 40dB, the power of the interfererat the
output of the spatial matched filter would be 20uause the sidelobe levelGat20°

is only -20 dB. If the weaker signal is receiveonird=0" the array would be unable to

extract it because of the side lobe leakage framirtterferer. The spatial matched filter

has all weights with equal magnitudejg'Mk. The sidelobe levels can be further

reduced by tapering the magnitudes of the spatcined filter. A tapering vectars
applied to the spatial matched filter to realizewva sidelobe level beamformer
Cor (8,) =t OC, (6,), (3.62)
where@ represents the Hadamard product, which is the elemeelement
multiplication of the two vectors. The determinatiof a taper can be thought of as the

design of the desired beamformer whegesimply determines the desired angle. The
weight vector of the spatial matched filter from6(® has unit norm; that is.c,; =1.

Similarly, the tapered beamformey; is normalized so that
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Ciot (B5)Cipr (85) =1 . (3.63)
The tapered response of the matched filter bean#fbis shown in Fig.3.12.
The Dolph Chebyshev taper is used for illustratibine side lobe level of the taper is
chosen to be -50dB. The same 40 dB interfererws nealuced to -10 dB. However, the
use of tapers does not come without a cost. The hodies of the beam patterns in
Fig.3.12 are much broader for the tapered beamfsinihe consequence is a less
resolution that becomes more pronounced as theingpe increased to achieve lower
side lobe levels. Fig. 3.13 shows beamformer wafhdB and -70dB Dolph-Chebyshev
tapers.
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Figure 3.12-Beampattern for 16 Figure 3.13-Beampattern for 16 element
element matched filter beamformer  matched filter beamformer with no taper,
with no taper and -50dB taper -50dB taper and -70 dB taper.

From above discussion it is found that the rolemaidow function is quite
impressive and economical from the point of viewcomputational complexity and
ease associated with its application in controllgide lobes. The patterns of these
window functions are basically Fourier transformtbé various windows function,
which can be described mathematically by varioustridutions. There are many
differing functional forms, which comprise a subsétclassical windows known to
most engineers. A complete review of many windonctions and their properties was
presented by Harris [44]. All windowing functionsealesigned to reduce the side lobes
of the spectral output of FFT routines. Howeverwery area where Fourier Transform
and frequency domain concepts are used, theresdkistpotential for generalization
and implementation by using Fractional Fourier 8farm (FrFT). Properties and
applications of the ordinary Fourier Transform apecial cases of those of the FrFT.

The FrFT is being used in almost all applicatiogere Fourier transforms were used.
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In the next section the fractional Fourier transfaof various window functions has

been carried out, to provide taper of varying beaitiwand side-lobe level.

3.6 BEAMFORMING IN FRACTIONAL FOURIER DOMAIN

Before discussing beamforming in fractional Foudemain, a brief overview

of FrFT is given first.
3.6.1 Fractional Fourier Transform

The FrFT belongs to the class of time—frequenpyesentations that have been
extensively used by the signal processing commuriityall the time—frequency
representations, a plane with two orthogonal axesesponding to time and frequency
is used. If a signak(t) is represented along the time axis and its ordinamnyrieo
transform X(f) is represented along the frequenkig,athen the Fourier transform
operator (denoted by F) can be visualized as agehanrepresentation of the signal
corresponding to a counterclockwise rotation of sihgnal by an anglev2.This is
consistent with some of the observed propertigb®fourier transform. For example,
two successive rotations of the signal thromghwill result in an inversion of the time
axis. Moreover, four successive rotations will kedle signal unaltered since a rotation
through 2t of the signal should leave the signal unalterdw: FrFT is a linear operator
that corresponds to the rotation of the signalugloan angle, which is not a multiple
of 172, i.e. it is the representation of the signahglthe axis u making an angiewith
the time axis. The detailed development of the Redstablished in [60, 96].
Definition:

The FrFT is defined with the help of the transfotiorakernel k as

3(t - ) if a isa multiple  of 2m

K, (t,u) =108(t +u)

/:L_Jzﬂe(i(uzﬂz)/z)c"t“‘l'“‘cosem ifa is nota multiple of T
T

(3.64)
The definition is discussed in detail in [15]. TREFT is defined using this kernel as

(FrFT of orderx of x(t) is denoted by ¥u) )
X, () =12, x(H)K, (t,u)dt. (3.65)

if a+1 isa multiple of 2m
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ifa isa multiple of2r

X(© ifoa+1t is a multiple of 2m (3.66)

X ) =9x(=1)
1_J%Uej(uzcoum)‘]E’X(tﬁ‘tzcoulz—jutcosaa:(dt ifa is not a multiple of TI

The FrFT of a signal(t) as given by (3.66) can be computed by the falg steps:
1) Multiplying the function with a chirp,
2) Taking its Fourier transform,
3) Again multiplying with a chirp, and
4) Then multiplication with an amplitude factor.
The problem of the existence of the FrFT has bedelwstudied in [60] and it

is found that the FrFT of a signa(t) exists under the same conditions in which its

Fourier transform exists. Some important propeuielSrFT are discussed next.

3.6.2 Properties of Fractional Fourier Transform
Let R, denote the operator corresponding to the FrFTngfesn or of order ‘a’ where
a=2u/1t. Under this notation, some of the important props of the FrFT operator are
listed below. These properties are discussed &ildet[60].
a) Identity operator
Fo is the identity operator. The FrFT of order O is the input signal itself. The
FrFT of ordera= 2mt corresponds to the successive application of tidénary
Fourier transform 4 times and therefore also astha identity operator,
i.e.b=Fnr=1
b) Fourier transform operator
The FrFT of ordea= 172 gives the Fourier transform of the input signal.
c) Successive applications of FrFT
Successive applications of FrFT are equivalena teingle transform whose
order is equal to the sum of the individual ordees,RFg=Fq:g.
d) Inverse
The FrFT of ordera is the inverse of the FrFT of ordersince
Fo(Fo) =Fa-a=Fo=1 .
Property (a) follows from the direct definition tife kernel fora= 0. Property

(b) can be proved by expanding the Kernel for {heci&l case wheo=172. Property
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(c) can be proved using the convolution propertytied kernel. Property (d) is a

consequence of properties (b), (c) and the fa¢tftha consecutive applications of the
Fourier transform correspond to the Identity opmraProperty (d) can also be proved
using property (c). One important conclusion treat be drawn from these properties is
that the signal x(t) and its FrFT (of order g)() form a transform pair and are related

to each other by the following equations:

X, (u) = _ofx(t)Kq (u, t)dt, (3.67)
x(t) = _Txa WK _, (u,tydu. (3.68)

Hence by varying angle from O to 2, the values of ‘a’ can be varied from O
to 4. It can be shown that the transform kerngbasiodic with a period of 4. The
Fractional Fourier transform definition is also é@sipon the time frequency or space
frequency distributions such as Wigner distributip8]. Time frequency distributions
have been applied in non stationary signal prongssiich as speech signal processing.
Several transforms such as Short time Fourier fibams, Wavelet transforms, Wigner
Ville transforms, Spectrogram and Choi-Williams eiee distinguished by their
properties and kernels [60, 62].

The effect of FrFT on a signal can be seen easitytime-frequency plane. It is
well known that Wigner distribution of the Fourigansform of the function f(u) is
obtained by rotating the Wigner distribution of)ffy 172 in the time frequency plane
in clockwise direction. The Wigner distribution diie & order fractional Fourier
transform of f(u) is obtained by rotating the Wignistribution of f(u) by &/2 [60].
The Wigner distribution function of a signal x caa defined in terms of time domain

representation of(u) as:

[

W(uv) = [ X +“E')x(u—“5')e2"”'Vdu' | (3.69)

—00

3.6.3 Parseval’s Theorem in FrFT Domain

The well-known Parseval's theorem for Fourier sfanm can be easily
extended to the FrFT as well. Parseval’s theorethhesnergy preservation property as

given below. This property can be obtained by thyliaation of Parseval’s theorem in
FrFT domain as follows
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o 2 o 2

j|x(t)| dt = I|Xa(u)| du. (3.70)

—00 —00

The energy preservation property of the FrFT igeeted because the FrFT is
based on the decomposition of the signal on thieoodrmal basis set of the chirp
functions. Due to the energy preserving propertyhef Fourier transform, the squared
magnitude of the Fourier transform of a signal fiero called the energy spectrum of
the signal and is interpreted as the distributibthe signal energy among the different
frequencies. Similarly the squared magnitude of RHeT of a signal is called as the
fractional energy spectrum of the signal and iermteted as the distribution of the

signal energy between the different chirp basistions.
3.6.4 Fractional Fourier Transform of Related Signals

The FrFT of signals related to x (t) are listedable 3.2.
Table-3.2: Fractional Fourier Transform of related signals [60]

Operation Signal x(t) Fractional Fourier TransformXu)
Time shift X(t_T) jlz(sina cosa)—jutsina)
2 X4 (U—Tcosn)
Modulation X(t)ejvt e—jvz(sinacosa)/2+juvcosax (U _ VSina)
Multiplication with chirp t.x(t) ucosaX, (u) + jsinaX; (u)
Inversion of time axis X(-t) X, (1)
Differentiation X(t) X, (u)cosa + jusinaX, (u)
Integration t - u o
g J.X(t')dt' secae‘“” /2)tanaJ‘Xa(Z)e—J(z IZ)tanadZ
Division by ramp x(t)/t

u
. L2 2
- jseqe! /2 cota jx(z)e 1@/ gcotagy

—00

Scaling of time axis x(ct) 1- jcotg I /21e0taa-(cos? plcos”a)
——————¢€
c?-jcota

usin
X, (LS B,
csina
where cot B = cotza
o

The expressions for discrete versions of FrFT arengin Appendix-G.
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3.6.5 Fractional Fourier Transform of Various Taper Functions

To find the effectiveness of various window fuoas in Fractional Fourier
domains in terms of interference suppression, g ff various taper functions has
been carried out for different values of parantetér By varying parameter® side
lobe level and main lobe width can be varied. Tésults of some window functions are
shown in Figs. 3.14-3.16. All taper functions asken of 11 elements with inter
element spacing d of dA\5whereA is wavelength of operation. The Results of various

window functions are summarized in tables 3.3 & 3.4

3.6.6 Procedure for Tapering in FrFT Domain

To use these tapers in suppressing interferenEeHR domains two definitions
are given below to find out resultant array weights
Definition 1 The first definition includes performing an FrieT order ‘a’ (denoted by
F) over both window functions, multiplying the resuyland then performing an
additional FrFT with a fractional order of ‘—a’. iBhdefinition is asymmetric.
Definition 2 The second definition is more general definitiaccading to which
perform first an FrFT of the order ‘a’ over bothnttions, multiply them, and then
perform an FrFT with a fractional order of ‘—q’. As special case of this general
definition is for g = ‘a’. In this case the defiiih is symmetric. The steps for tapering
in FrFT domain for two functions x(t) and y(t), atefined below:
0] First perform FrFT of order ‘a’ over both taper ¢tions
.e. F{x(t)] and Fy(t)],
(i) Take product of these functions and form functigt) ze.
z(t)= FIx()] OFTy(0)].
(i)  Take inverse FrFT of order ‘q’ i.e. W(t) YE4(1)]. Here ‘q’ = ‘@’ is a special
case.
(iv)  Form the array with weight function W(t) obtainedrh above procedure.
To derive the output weight function W(t), the mgeneral case is investigated.
Let us assume azMPe the fractional operator before multiplicatiorstep (ii) and q=f

be the fractional Fourier transform after the nplitation in step (iii).

1. [P19] “Rectangular & Bartlett windows in Fractiorf@durier domain”, Proceedings of National ConfereocMathematical &
ComputerApplications in Science and Engineerifi¢gT, Patiala, Jan-2003

2. [P20] “Fractional Fourier domain analysis of Getieed Cosine windows”, ProceedingsIBTE and CSI on Services through
IT enabled systemSITES-2003Gwalior, pp.144-151, 19-20 April, 2003
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Let the resultant array weights be denotedMy,  aqa)is given by

W, p, (U) = T °f [x(O)y(£t') exp[iTW, (U, t, ", v)] exp- j2r, (u,t, t', v)]dtdt'dv,

2 2 2 2 12 2
. u“+ve  tT+ve _t'T+y
where, W, (u,t,t,v) = + F ,
T, T T

t¥t ot
Y, (u,t,t',v) = v[ S, S—Zj

T, = 2ntan(,), T, =2ntan(@,),
S, =2nsin(a,), S, =2nsin(a,), (3.70a)
a, =R(1/2), a, = P,(1t/2).
Regarding thet and ¥ symbols, the upper symbols are used if FrFT ofig(tsed and
lower symbols are used if FrFT of y(-t) is usedr Bgmmetric case using saddle point

integration method............. dv can be estimated and (3.70a) becomes

2
tFt u
2 2 2 ( +Sj
LS Sl 2) Nt
Tl

1¥1
+

We p, (U) = T T X(t)y(t) exp[-jm/4]

o
= [1 17 ]“2 T2

i Rl

T2 Tl Tl

(3.70b)
For the symmetric case of#-Py, the value of 7= -T; and $=-S; then from (3.70b)

2 2 £ 412 2
W p, (= ] x(Oy(t )wexphr{(_u = Jﬂ{”; “) ]]dtdt’
&

(3.70c)

Computer Simulation of FrFT domain tapering

The results of FrFT domain tapering of two tapemction viz. uniform and
Chebyshev are shown in Fig. 3.17.(A)-(C). Both tafnctions are taken of 11
elements. The Chebyshev taper is taken with side level of -30 dB. In Fig.3.17.(A)
two taper functions are multiplied in a=0 domairerél multiplying means element by
element multiplication. The various gain pattermsd ebeam patterns obtained by
forming the array with the weights obtained by makinverse FrFT of the resultar(z
in various & domains is shown in Fig.3.17.(A).The spacing betwelements is

assumed to be AA\5whereA is wavelength of operation. The frequency is asslito
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be 100MHz. Fig.3.17.(A)a verifies the result ofgdapg in a=0 domain where the beam
is formed by using the weights obtained by takimgerse FrET of gt) in a=0 domain.
In Figs.3.17.(A)c-h the beam patterns and gainepadt are obtained by forming the
array with the weight function W(t) obtained b¥itay inverse FrFT of gt) in a=0.1,
a=0.2 and a=0.7 domains.

In Fig.3.17.(B) the two taper functions are muigéig in a=0.1 domain. The
beam pattern and gain pattern are obtained by fgyrthie array with the weights W(t)
obtained by taking inverse FrFT of i#t) in a=0,a=0.1,a=0.2 and a=0.7 domains.

In Fig.3.17.(C) the two taper functions are muikigp in a=0.7 domain. The
beam pattern and gain pattern are obtained by fgyittie array with the weights W(t)
obtained by taking inverse FrFT of &) in a=-0.1,a=-0.2,a=-0.3 and a=-0.5 domains.
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Taylor-Kaiser Taper in FrFT domain

1

1 [ee] <
(] Q =] e
£ © F ] - %
a c c \ \\]\’/ /
g g g AN TN
~ /7 ) R -
S S § Yo he| L%
c © ° RN AT
— c c ) /\// \w\ A
c m — > ( ” ! /\\ | ; uw
= ) ) g
()] = m 0y 0 EENEA RN ;
= IS Q AR e NP
© < = PN (PN
o o % VRGN Yo _|_-¥ \\ ~
? N / \ L m
~_ N
: : - A
2 3 L 3
m m m = 3
—~ = o ’
a Z =
N—r

Angle(degrees)

(g) Gain Pattern in domain a=0.2
Figure 3.15- Gain Pattern and Beampattern of TayloiKaiser Taper in various FrFT

T T T T T T T
=] 1L _d4__L_1__L>]9g
— ® © | | | | | | | ® <
1 d | | | | | | .
© 3 w e o e =} ﬂ
| | | | | | |
£ © | | | | | | ©
@ g £ B e e e --r-48 £
m m | | | | | | m
| | | I | |
7 O mw/O T Tim T Iz ,\\\,\J\\\,\\,\\\mwfo
S 3 O | | | | | | 3 ©
2= 2 C | | | | | | | 2 £
s c °g = [(Cr7 - CoaT T o T °3s 2
20 T c | | g £
j=2] j=2 j=2
= R< 2 ” , <2
' @
o o ! [a N
£ Y < ” =
© @ ©
o g O o
— ' ~~ -~ | | | | | | |
a o L o | | | | | | | °
~ ® - —f-—F-4--F-4--rF-4&®
1 1 1 1 1 1 | 1 1 1 1 1 1 1
(=] o o o o o o o o o o o o o o o o o o o o
S ® ¥ v © 5 9 o 9 5 v o9 5 D s . 5§ v 9 5K @ S @ ¥ v © 5K 9
(gp u1) ureb pazijewsou (gp ul) ureb pazijewiou (gp ul) ureb paziewiou (gp ui) ureb pazijewlou

66

0.2

(h) Beam Pattern in domain a

domains



Uniform Taper in FrFT domain
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3.6.7 Results and Discussions

The main conclusion form above analysis can bealias follows

1. The squared magnitude of the FrFT of a signal ddtactional energy spectrum of
the signal depends on parametel. Hence the same signal can have different
distributions of energy in different domafris

2. By varying ‘a’ one can get different patterns of distributioreokrgy in space.

3. By change of parameten” the chirp basis function changes but by Parseval
theorem the total energy content of the signal lesngame in any domain.

4. For all tapering functions the minimum beamwidtlews in a=0.1 domain and the
beamwidth increases as value of ‘a’ increasesmiteimum beamwidth occurs in
a=1 domain. This means as the chirp frequency goemaeasing the energy
spread is decreased and energy confines to a nagam.

5. The value of Maximum side lobe level (MSLL) is sfeat for a=0.1 domain and
increases as the value of ‘a’ increases (In cettgdering functions the value of
MSLL was not readable as side lobe was too down).

6. The results of the taper in fraction Fourier domai@ tabulated in tables 3.4 & 3.5.
The array for comparison is taken to be a lineeayawith d=\/2 spacing and with
11 elements.

7. A new procedure for tapering in FrFT domain is dedi in section 3.6.6.

8. Simulation results of Fig.3.18 (a) and Fig.3.18 (bing the procedure defined in
3.6.6 clearly show that the tapering in FrFT domaifers more flexibility as
compared to tapering in time domain only. One canegate beampattern with
different side lobe topography by varying only mgé¢ parameter ‘a’.

9. The ratios of maximum to minimum weigl&) (of W(t) obtained in various FrFT
domains are given in table 3.3

10.Table 3.3 shows that the weights W(t) obtained @mious FrFT domains are
practically realizable weights. The maximum sideeldevel in any domain never

exceeds that of uniform taper.

3. [P8] “Analysis of rectangular and Bartlett windovin fractional Fourier domain using Mathematicd”4.accepted at5"
International Mathematica Symposiurheld at Imperial college London from 7-11, July 300

4. [P13] "Rectangular and Triangular line source Atmage distribution in Fractional Fourier Domainfdeeedings ofnternational
Radar Symposium, IRSI-2003, Bangalgrimdia, pp.308-314, Dec. 03-05, 2003.
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Thus beamforming in FrFT domain provides an effitieay of side lobe control
with single parameter ‘a’.
11.1t is possible to improve performance of taper I®e wf the FrFT since the
fractional Fourier transform can be computed inuwbine same time as the
ordinary transform and the performance improvemeoitse at no additional cost.
12.The flowchart for tapering in FrFT domain is shob&low in Fig.3.18 in wireless

environment.

Table: 3.3 Ratio of maximum to minimum weight §)

& of W(t) Multiplying Rectangular and Chebyshev taper Fumstip
in Domain in
a=0 a=0.1 a=0.5 a=0.7
Domain Domain Domain Domain

a=-1 1.1019 1.0819 1.1270 1.2981
a=-0.9 1.1045 1.0858 1.1531 1.4081
a=-0.8 1.1132 1.0945 1.1993 1.5859
a=-0.7 1.1299 1.1112 1.2862 1.7938
a=-0.6 1.1597 1.1405 1.4671 2.0494
a=-0.5 1.2145 1.1913 1.8463 2.5538
a=-0.4 1.3212 1.3132 2.4750 3.2227,
a=-0.3 1.5786 1.5990 4.8883 2.9294
a=-0.2 2.3110 2.3309 5.0576 2.0791
a=-0.1 3.8878 2.4168 2.8312 1.5857

a=0 3.9082 10.2631 1.6741 1.3759
a=0.1 3.8878 6.3919 1.3624 1.2739
a=0.2 2.3110 1.8303 1.2271 1.2184
a=0.3 1.5786 1.3626 1.1658 1.1871
a=0.4 1.3212 1.2123 1.1341 1.1701
a=0.5 1.2145 1.1538 1.1198 1.1624
a=0.6 1.1597 1.1147 1.1066 1.1648
a=0.7 1.1299 1.0982 1.1031 1.1752
a=0.8 1.1132 1.0890 1.1048 1.1965
a=0.9 1.1045 1.0829 1.1123 1.2341
a=1.0 1.1019 1.0819 1.1270 1.2981
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Form beam with the
taper x(n)
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taper y(n)
S Change Domain a
Form z(n) S
z(n)= Fx(n)] © Fy(n)] A

l

Form beam with w(n)
w(n) =Fz(n)]

Change Domain g

Is SINR
acceptable?

UseW(n) to form
beam

Figure: 3.18 Flow Chart of Beamforming in FrFT Doman

(Dotted line shows that in case the acceptable SgN#®t achieved with varying ‘ g’ then
vary ‘a’ in zy(n)= Fx(n)] ©@Fy(n)] repeat it for all values of ‘q’)
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Table3.4: Comparison of 10 dB down Beam widths ofarious taper in Fractional Fourier Domains

S. FrFET 10dB down Beamwidth(Degrees)
No Domain | Nutall Chebyshev | Blackman Blackman Bohman | Hamming | Taylor- Binomial | Uniform Gaussian | Hanning | Tukey Barlett | Triangular
Taper Taper Taper Harris Taper Taper Kaiser Taper Taper Taper Taper Taper Taper | Taper
Taper Taper
1. |a=0.1 | 10.3% | 9.12 9.48 10.42 9.46 8.86 8.92 | 9.6¢ 13.00 | 8.92 8.08 10.00 | 9.18 | 9.20
2. |a=0.2 | 19.1% | 12.00 17.00 19.40 17.32 | 13.90 12.90 | 17.32 [ 15.40 |13.82 |14.70 | 11.20 | 13.62 | 12.60
3. |a=0.3 | 27.1% | 15.60 24.30 28.20 25.04 | 19.22 1552 | 2494 [ 11.76 |19.04 |21.00 | 16.18 | 19.00 | 16.440
4. | a=0.4 | 36.00 | 20.00 31.20 36.64 32.24 | 24.38 2226 | 32.10 | 14.70 | 24.12 | 26.94 |20.70 | 24.38 | 20.58
5. | a=0.5 | 43.00 | 23.10 37.40 43.64 40.00 | 29.00 26.50 | 38.48 | 17.42 |28.70 |32.20 | 24.80 | 29.10 | 24.40
6. | a=0.6 | 49.20 | 26.24 42.80 50.80 44.00 |33.00 |30.00 [44.00 |[19.80 |32.64 |36.80 |28.37 |33.40 | 29.90
7. |a=0.7 | 54.1% | 28.74 47.00 55.00 49.20 | 36.26 33.10 | 48.40 |21.74 |35.88 |40.00 |31.00 | 36.60 | 30.40
8. | a=0.8 | 57.76 | 30.60 50.00 60.00 52.00 | 38.60 35.30 | 51.60 |23.12 |38.20 |42.12 |33.20 | 39.00 | 32.30
9. |a=0.9 | 60.00 | 31.76 52.00 60.82 53.88 | 40.00 36.62 | 53.56 | 24.04 |40.00 | 44.88 | 34.50 | 40.00 | 33.40
10|l a=1.0 | 60.70 | 32.18 52.18 61.58 54.54 | 40.60 39.00 | 54.24 [ 2430 |40.12 | 4540 |34.92 | 41.00 | 34.00
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Table3.5: Comparison of Maximum Side Lobe Level ofarious taper in Fractional Fourier Domains

S. FrET Maximum side Lobe Level (dB)
No Domain | Nutall Chebyshev| Blackman | Blackman | Bohman Hamming | Taylor- Binomial | Uniform | Gaussian | Hanning | Tukey Barlett | Triangular
Taper Taper Taper Harris Taper Taper Kaiser Taper Taper Taper Taper Taper | Taper | Taper
Taper Taper

1. a=0.1| -111.00 -31.26 - - -136.59 -41.14  -80.85 -58.77 - -66.23 -24.43 -22.70
2.| a=0.2 | -102.0§4 -26.33 - - -45.27 -39.16 -72.70 57.35 - -13.48| -24.74 -26.71
3.| a=0.3 | -86.85 -28.72 -66.671 - -45.14 -36.95 -37.56 -11.22 | -56.27| -40.53 -14.41 -24.66 -25.7P
4.| a=0.4| -86.85 -29.33 -61.18 - -44.9Y -35.91 -39.p6 -11.85 | -54.67| -41.63 -14.74 -24.%4 -25.3B
5.| a=0.5| -86.36 -28.85 -61.78 - -44.96 -35.63  -40.18 -12.45 | -53.90| -30.45 -14.94 -24.11 -25.1D
6.| a=0.6 | -85.71 -26.87 -61.82 -89.78 -44.91 -36.39 431 - -12.73| -53.77] -31.00 -14.97 -23.p1 -25.00
7.| a=0.7 | -83.81 -28.49 -61.79 -89.14 -44.91 -36.18 .682 - -12.87| -54.86] -31.33 -15.04 -23.P9 -24.92
8.| a=0.8 | -82.65 -29.42 -61.68 -88.88 -44.88 -36.23 .283 - -12.98| -54.16| -31.55 -15.06 -24.07 -24.90
9.| a=0.9 | -81.69 -29.88 -61.671 -88.72 -44.88 -36.67 .6B3 - -13.02| -54.76] -31.61 -15.08 -24.p8 -24.85
10 a=1.0| -81.28 -30.00 -61.63 -88.96 -44.87 -36.66 733 - -13.04| -54.72| -31.65 -15.09 -24.09 -24.86

- Indicates that the value is not readable aslslis too low.
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3.7 TAPERED BEAMFORMING WITH OPTIMUM ARRAY
PROCESSING

The beamformers considered above are data indepebdamformers as their
weights are determined without input data. If theual beamforming weights are
calculated on the basis of the array data, therrdhalt is an adaptive array and the
operation is known as adaptive beamforming. Idedlg beamforming weights are
adapted in such a way as to optimize the spatigomse of the resulting beamformer
based on a certain criterion. The criterion is elmo® enhance the desired signal while
rejecting other, unwanted signals. Optimum arraycessing methods make use of the

a priori known statistics of the data to derive bleamforming weights.
3.7.1 Array Signal Model for Optimum Array

Consider the array signal model of (3.39) thattams interference in addition
to the desired signal and noise. To derive thenogt beamformer, the optimality
criterion is the maximization of the theoreticaN&. Consider an array signal that
consists of the desired signal s(n), an interfexesignali(n), along with noise w(n),
that is,

x(n) = x'(n) +i(n)+w(n)=+/Mv(8,)s(n) +i(n)+w(n). (3.71)
Signal, s(n) is with deterministic amplitudg and uniformly distributed random phase.
The interference-plus-noise components of the asigiyal are modeled as zero-mean
stochastic processes. The total noise and intederss given by
X (1) =i (N) +W(n). (3.72)
The interference has spatial correlation accordmdhe angles of the contributing
interferers, while the noise is spatially uncontetha The interference component of the
signal may consist of several sources, as model€8l58). The noise is assumed to be
uncorrelated with power? . The assumption is made that all of these thregponents
are mutually uncorrelated. As a result, the ar@yetation matrix is
R, =E[x(n)x" (n)] =Ma?v(B )v"(6,)+R +R,, (3.73)
where, g’ is the power of the signal of interest dRdandR, are the interference and

noise correlation matrices, respectively. The fetence-plus-noise correlation matrix

is the sum of these latter two matrices
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R,,=R +R =R +021 . (3.74)
3.7.2 Optimum Beamforming

The optimization criterion for adaptive beamfornierto maximize SINR. At

the input of the array, that is, in each individsahsor, the SINR is given by

0.2

SINI%le =ﬁ, (375)

where, ¢?,0% & g’ are the signal, interference, and noise powergaoch of the

individual element. The SINR at the beamformer ottfollowing the application of

the beamforming weight vectaris

2

Iwix ()2 _ MaZw"v(e,)

E{[wx., ) ] WRwW (3.76)

SINR,,, =

In order to maximize array output SINR, the integfece-plus-noise correlation matrix

is factored as R =L, Lo, (3.77)
where L. is the Cholesky factor of the correlation matrix
W= LW V(8,) = Liv(8y) - (3.78)
Mo?w"v(e,)’
SINR,, = — (3.79)
w"w
Using the Schwartz inequality ~ W"Vv(8,) <|[wj|[v(8,)|, (3.80)
— 12— 2
wi V(6
SINR,, < Ma? L G Ma2[v(8,)|". (3.81)

—|12
[
Thus, the maximum SINR is found by satisfying thpper bound for (3.81), which
yields SINRI® =Ma?[V(6,)R:v(6,)] . (3.82)

out i+n

The maximum SINR is obtained W =aVv(6,), where &’ is an arbitrary
constant. In other words, the SINR is maximized nvtieese two vectors are parallel to
each other and can be chosen to satisfy other requirements. Tdrereising (3.78),
optimum weight vector can be found [32]

W, =aL'v(8,) =aR}v(8,). (3.83)

1+n 1+n
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-1
i+n

Thus, the optimum beamforming weights are propoaidoR,, v(6,). The optimum
beamformer is normalized to have wunity gain in theok direction, i.e.

wiv(8,) =1.Therefore,
o V(85) = a[R7, V()] v(8,) = 1, (3.84)
and the resulting optimum beamformer is given by

Wy = — Rijrlnvgles) ] (385)
v (es)RimV(es)

Alternately, the optimum beamformer can be deriv®d solving the following

constrained optimization problem: Minimize the tqigawer at the beamformer output
P = E{ ‘WHX(n)‘Z} =w"Rw , (3.86)

subject to a look-direction distortion less resgoosnstraint, i.e.

min P subject ton™ v(8s) =1.
The solution of this constrained optimization peohlis found by using Lagrange
multipliers and results in the same weight vecto(385), withR;., being replaced by
Ry, as the available dataxén). Thus the resulting optimum weight vector igegi by

-1
o :v”(Fe{:)ze(;?sv)(es) | &8
The optimum weight vectors found by usimy, and R,,,are identical i.e.w, =W,.
The proof ofw, =w, is given in Appendix C.

The optimum beamformer passes signals impingintherarray from anglés
while rejecting interference from all other angl@ésis beamformer can be thought of
as an optimum spatial matched filter since it plegi maximum interference rejection,
while matching the response of signals impinginghtanarray from a directio This
advantage is best illustrated by using the beamwatf an optimum beamformer with
an interferer a8,=20" in Fig.3.19.

The side-lobes of the beamformer are still at shene levels as the spatial
matched filter (non-adaptive beamformer) from (3.68lthough with a different
structure. Thus a desired signal at any arfjlanay be easily found by using an
adaptive beamformer directed to andle=6; assuming the signal strength after

beamforming is significantly larger than the noise.
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Figure 3.19-Optimum beamformer (no taper)

3.7.3 Tapered Optimum Beamforming

In the above example, if another interfereriignal is present af,=

—20° that was not part of the interference (not acoedinfor in the interference
correlation matrix), the gain of the optimum beamfer at,= —20° is approximately
—20 dB. If the strength of this signal is signifitlg greater than 20 dB, the optimum
beamformer steered i =0° will pass this sidelobe signal with sufficientestgth and
it may be erroneously concluded that a signal és@nt abs =0°. The sidelobe signal
problem described above can be cured, at leasalparby reducing the sidelobe levels
of the beamformer to levels that sufficiently reéjgese side lobe signals. As described
earlier, the application of a taper to a spatiataimed filter resulted in a low sidelobe
beampattern. The same principle is applied to themum beamformer. A tapered
array response vector at an anglés defined as

v, (8,) =c,,(6,) =tOc,, (B,), (3.88)
where, t is the tapering vector. The tapering vector is nmadized such that
ch: (08,)c, (8,) =1 as in (3.63). The resulting low sidelobe adaptdeamformer is
given by substituting irv,(6,) for v(8,) in (3.87)

o = Rx‘lvt(es)
© v (8RN, (8,)

(3.89)

The Dolph-Chebyshev taper is again used becaissehhbice of taper provides
a uniform sidelobe level. Consider the optimum beamer with an interferer at

8,=20 from Fig.3.19 with a potential signal leaking thgh the sidelobe &= -20". If
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a tapered optimum beamformer from (3.89) with adBGidelobe taper is used, a
potential signal aé;= -2 receives a -30dB level of attenuation. Fig.3.20veh the
beampattern of this tapered optimum beamformer.sidelobe levels are significantly
reduced while the null on the interferer@st2®® has been maintained. The adaptive
beamformer given by (3.89) is no longer optimahity sense, unless the desired signal

to be spatially matched w(6,) . However, the resulting adaptive beamformer still

provides rejection of unwanted interferers via igpatulling through the use oR:* in

(3.89). In addition, the low sidelobe levels of theampattern reject signals not

contained in the interference that are presentgiea other than the angle of loék

Normalized Array Gain (dB)

Angle (Degrees)

Figure 3.20-Beam pattern of tapered optimum beamfaner

The penalty to be paid for the robustness provioedhese low sidelobes is a
small tapering loss in the direction of the Idakgiven by (3.90) and a widening of the
main lobe beamwidth, as can be seen in the beasnpatt Fig.3.21. This tapering loss
indicates a mismatch between the true signal amd ctinstraint in the optimum
beamformer and is given by

2

> _|[vPB)RIVE,) | _ VM (8RR, (8,)

L = =
V(8RN (B,)] VI (8,)RV,(8,)

taper

CioV(6,)

(3. 90)
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comparision of optimum and tapered optimum beamformer

o

Normalized Array Gain (dB)
- S &b A b N e
o o o o o o

]
o

&
S

- - optimum tapered beamformer | | | | |
—— optimum beamformer | | |

-80 -60 -40 -20 0 20 40 60 80
Angle (Degrees)

-90

Figure 3.21-Beamppatern of an optimum and a tapereddeamformer. Solid line is
the optimum beamformer and dashed line is for taperd optimum beamformer.

3.7.4 FrFT based Tapered Optimum Beamforming

The optimum tapered beamformer can be obtainagsing FrFT taper also. By
replacingt by t, (taper obtained in FrFT domain as described iti@e8.6.6) in (3.88)

the optimum tapering can be done in FrFT domaim.a8.88) can be written as
V,(8,) =c%wi (8,) =t ,OcC,(8,). The FrFT based tapering vector is normalized such
that (c3,)"(6,)ci (6,)=1 as in (3.63). The resulting low sidelobe adaptive
beamformer is given by substituting inv_,(6,) for v/(B,) in

R;lvta (es)
Vta (es) Rx_lvta (es)

(3.89)c; = . The results of using FrFT taper with optimum wrra

processing (generated by multiplying a uniform &igebyshev taper in a=0.7 domain)
are shown in Fig.3.21.(A). The number of elememntarray is taken as 11. From figure
3.21(A) it is observed that FrFT taper provides endlexibility in tapering with
optimum array processing also. The null in all sasemaintained at 20while side
lobe level is changing in each domain, thus therfater at -28 shall receive
attenuation depending upon FrFT taper choseridamain. From above examples,
one issue is clear that in CDMA based wireless camioation systems the tapered
beamformers can control the large amount of interfee. Moreover the FrFT taper,
which is a more flexible taper as compared to fixspoer and can be applied to both
adaptive as well as non adaptive beamformer, giwese flexibility to antenna
designer. The increase in information capacity bg af tapered beamformer is found

next.
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3.8 INFORMATION CAPACITY IMPROVEMENT USING
TAPERED BEAMFORMING

Future wireless communications system will suppadnigh level of user traffic
along with a wide range of high quality serviceatthot only include high quality voice
but also data, facsimile, still pictures and vid&be increase in information capacity
required for such use is around three to four erdémagnitude. The spatial filtering
using antenna arrays can increase information dgpafarious papers have been
published reporting capacity improvements via gpdiitering techniques [4, 49, 117,
139, 169]. Some of the results of these studiesbased on practical systems. The
information capacity of CDMA systems depends upbe amount of interference
rejection. The low side-lobe formation is suggesiech solution for rejection of large
number of interferers present in the system. Tivaatdge of the proposed technique in
improving information capacity has to be investaghtfurther. In this thesis an
analytical approach is used to derive a relatign&l@tween information capacity and
the array beam pattern.

Consider the uniformly spaced array of sensorshemsvn in Fig.3.2. Let the
array have an even number of 2M sensors, eachandes d, from its neighbours. The

beamformer response is given by (3.30)

c(6) :%‘vvf exp[—j27ﬂ(i -1)dsind]. (3.91)

i=1

The beampattern or power gain is given by

2 &M, 21 ?
c®)” =D w; exp[—jT(i—l)dsine] : (3.92)
i=1
The gain function can also be written as
2 am * . 2
le)” =YW exp[j (i -Du] , (3.93)
i=1
where, u :2/‘—ndsin¢9.

A typical array power gain function over the rargeangles from -90to 9¢
for uniform linear array withw, =10iis shown in Fig.3.6. The beam pattern function

for uniform linear array is given by,
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2

sin(2Mu) _ (3.94)

|c(u)| - sin(u)

3.8.1 Information Capacity for One User

The power gain can be characterized as a funofidine angle of arrivad, of a
signal. Let the anglémax Of the apex of the sensor array’s main beam bedosbe
coincident with the direction of arrival of the dtesl user’s signal and the power gain
of signals arriving from this direction b@R.x. Consider the case of one interfering user
with received interfering signal power identicalthat of the desired user as in the case
of CDMA. Let the interfering user's signal be amg from a direction6. The

information capacity of the desired user given @ll\lknown Shannon formula is,

P )
C[6] =Blog, (1+ —2m ) pijts/sec, 3.95
(6] g, ( P(9)+02) (3.95)

where,d? is the noise power. Fig. 3.22 shows the variatiboapacity,C[6] with the
direction of arrivaB, of the interfering user’s signal. To obtain thraph, because it is
the relative values rather than the absolute valles are of interest here, the
bandwidth, B, is set to unity and the power gaincfion is normalized such that the
maximum power gain, fRax iS also 1. The signal-to-noise power ratio (SNRsmax
/6% is set to 100 and the number of array sensord issd6. Fig. 3.22 shows the

inverse relationship between capacity and beampatte

a1

Capacity of ULA
w e

N

-

|

|

|

l

1

-80 -60 -40 -20 0 20 40 60 80
Angle(degrees)

Figure 3.22-Capacity function plot with one interfeing user.
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3.8.2 Analysis of Information Capacity with One Interfering User

To analyze the information capacity two casescaresidered. In first case the
angle of arrival of the interfering user’s signaldoincident with anull (zero power
gain) in the beam pattern. That is, the effective/gr of the interfering user’s signal is

zero. Let the capacity in this case hg (iven by,
Caur = Blog, L+ 2m2) = Blog, (1+ SNR . (3.96)
o

This is equivalent to the case where there isnterfering user. Fig. 3.22 shows
the level of the capacity when there is no intémeuser. The second special case is
when the angle of arrival of the interfering usemncides with that of the desired user.
That is, the power gain of the interfering useitgal is also Bnax. The capacity in this
case is given by,
= Blog, (L+ —em& ) =Blog, 1+~ ). (3.97)

Pymax + O 1

6 max

C

Omax
+

SNR
The capacity is independent of angle of arr@allhis is equivalent to the case when
there is only one sensor (no array) as shown irBFg by a straight line. It can be seen
that it coincides with the capacity function in prbne place and is, in fact, the
minimum value achieved by the capacity functionth@e presence of one interferer. To
find exactly where maximum and minimum capacitynp®ioccur:

dc _dc gp
dg dP d@

Now, from (3.95) it can be seen that the capasity monotonically decreasing

(3.98)

function of KB8). Thus, dC/dHs always negative and never 0. Thus, from (3.8%,
capacity can only have maxima and minima at theesangles as the power gain
function or beam pattern. Because dCislRlways negative, (3.95) also indicates that
the maxima in the capacity function coincide wile iminima in the beam pattern and
the minima in the capacity function coincide wikte tmaxima in the beam pattern. Let
the gain in all directions except desired directi®rhigher than noise power but less
than maximum gain, then the power function can kgressed in decibels (dB) via
(3.99). The maximum power gaing.Rx is taken as 1. Fig 3.23 shows plots of the

capacity function and the approximation, given $98).
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B 1
U gl{ o HJ. (3.99)

In Fig.3.23 it can be seen that the approximafits very well at the first
sidelobe and for most of the largest lobe of theacéy function. The smaller negative

pointing lobes in the capacity function have thensawidths as the sidelobes in the
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Figure 3.23-Approximate Capacity in Presence of Oninterferer for ULA

Equation (3.99) shows that the magnitude of thgac#y function is inversely
proportional to the magnitude of the beam patt€he smaller negative pointing lobes
of the capacity function indicate the effect ona@fy as the direction of arrival of the
interfering user’s signal moves through the sidetobf the beam pattern. To have a
minimum drop in capacity as the interfering uservawthrough the sidelobes, the
maximum sidelobe level should be as low as possftdenoted earlier that the extrema
of the capacity and power functions are coincidéntt opposite. It is relatively
straightforward to conclude that the large negatenting lobe in the capacity
function corresponds to the main lobe in the beattem. Thus, the large negative
pointing lobe in the capacity function is identiéal width to the main beam of the
beam pattern. The large negative pointing lobecatgis the drastic drop in capacity
which occurs when the direction of arrival of tmeerfering user’s signal approaches

the direction of arrival of the desired user’s sigwithin the main beam of the beam.

3.8.3 Capacity with Multiple Interfering Users in Case of CDMA
Let the number of interfering users be K with dtrens of arrival of the signals

of all of the interfering users coinciding with tain the beam pattern. The capacity in
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this case is given by, (3.96) independent of thenlmer of interfering users. If the
directions of arrival of the signals of all of theerfering users coincide with the main
beam of the beam pattern, i.e.QPE Pomax{k = 1.......... K}. The capacity in this case
is given by,

= Blog, (1+ _ Foma (3.100)

2
Pemax +0

C

K& max

It is evident from (3.96) & (3.100) that the caipyain CDMA systems will be
maximum, when all interfering users coincide withlls in beampattern which is not
possible due to large number of uniformly distréziusers in CDMA systems. Hence
as suggested earlier in section 3.2 in CDMA sydterinterference can be reduced by
depressing side lobes and thereby increasing dgpHdhe CDMA systems.

3.8.4 Significance of the Main Beam to Maximum Side lobe Ratio

Let the angles of arrival of the signals of alltbé interfering users coincide
with one of the maximum level sidelobe. Let the powain at these points bgsP
And let T = Pyma/PosL be the ratio of the main beam to the maximum sisellevel.

The capacity in this case is given by,

Pﬁmax 1 1
= +— "= )= + - )= [ S —
CyeL = Blog, KP$L+02) Blog, (1 P, >—) =Blog, (1 K, 1 )
Pﬁmax Pﬁmax r SNR
(3.101)
1 Py .
where, —=P = SideLobeleel . (3.102)
r

fmax

Comparing (3.101) and (3.95), shows that the dgpadll be maximum when
K=t1, andt is given by the maximum number of interfering ssierthe system. Hence
in case of multiple interfering users the side |ddeel is defined by the number of
interfering users. Specifically (3.101) indicatémtt the level of degradation of the
capacity in the presence of multiple interferersliiectly related to the ratios of the
sidelobes levels to the main beam, when interfeages outside of the main beam.
(3.102) is a useful design tool in choosing a bemming algorithm for CDMA
systems. Thus any beam forming algorithm that etluce the maximum side lobe

level will directly translate into an increase epacity.
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An array with Chebyshev weights is known to givee tlowest maximum
sidelobe level for a given main beam width, suchaamy can control interference in
CDMA systems [28]. Figs. 3.24 and 3.25 illustratemparisons between the power
gain and capacity functions, respectively, achieusthg Chebyshev and Uniform
sensor weights. With identical main beam widthg @hebyshev weights afford a
lower maximum sidelobe level than the uniform wesghThis translates to a higher

minimum capacity level in the presence of multiplerfering users.
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Figure 3.24-Normalized power pattern  Figure 3.25-Capacity comparison of ULA
for ULA & Chebyshev array and Chebyshev array

3.8.5 Results and Discussions

Based on above discussion the following pointslEanonsidered in CDMA systems

1. The capacity function has a one-to-one relatignstith the beam pattern and its
salient features are directly related to thoséénlteam pattern.

2. The maximum possible capacity occurs when theraar@terfering users. This is
equivalent to the case when the angles of arrivalllointerfering users coincide
with nulls in the beam pattern, assuming perfedsnu

3. The minimum capacity occurs when there is no ariay the sensor is omni
directional. This is equivalent to the case where #ngles of arrival of all
interfering users coincide with the apex of themiz@am in the beam pattern.

4. To have a minimum drop in capacity as the anglesmfal of any interfering users
move through the sidelobes, the maximum sidelohel lenust be as low as

possiblé.

5. [P21] “Interference rejection in WCDMA systemsing tapered beamformers”, Proceedings of IE(ECBMA Technology:
Advanced wireless services for today and tomorféuelhi,pp.85-90, April 2-3, 2004

88



5. Any array processing algorithm which can decreasemaximum side lobe level
equivalent to Chebyshev will definitely improve thapacity of CDMA system,
where number of interferes are quite large. Theeriag can also increase the
information capacity of CDMA based system.

6. Any such algorithm should have adjustable low sabe level and beamwidth with
steerable main-lobe. It should be capable of fogriimoad low side-lobe level
towards interferering sources having large angspaeads.

A new beamforming algorithm capable of obtainen@€hebyshev pattern with
minimum equal side lobe level for a given main IdiEam-width and vice versa is

presented next.

39 NEW ARRAY PROCESSING ALGORITHM FOR
SYNTHESIZING CHEBYSHEV-LIKE LOW SIDE LOBE
BEAM PATTERNS WITH ADJUSTABLE BEAMWIDTH
AND STEERING-INVARIANCE

This beamforming algorithm based on linear arraéysformulated as the
problem of “finding an array weight vector suchtttiee array output power in the side
lobe is minimized subject to Multiple Beam ConsitajMBC)”. By constructing a
steering matrix with each column vector correspogdio the steering vector of a
selected sidelobe and a constraint vector with eatty equal to the gain of a selected
lobe, an array beamformer can be designed withipledbeam constraints. Based on
multiple constraints, the optimum weight vectorcadculated till corresponding side
lobe level is achieved. This is a flexible and caomagtionally efficient algorithm that
can provide any desired antenna patterns. Thisrpasynthesis procedure can even be
applied to antenna arrays with non-isotropic elemevith arbitrary spacing and any
initial current distribution. The major advantadetluis algorithm is its simplicity and
robustness in adapting to the need. To derivedlgerithm consider 2N+1 isotropic
element linear array with a uniform spacing, noifarm amplitude and progressive
phase excitation. According to Schelkunoff [40]e thield due to this antenna array

could be represented in a polynomial form as

fluy= 5 we™, (3.103)
n=-N
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where, u= kdsirB, where8 denotes the angle from broadsides the element spacing,

k is the wave number and, is the complex excitation of theé"nelement.In this
algorithm the attention is paid to the case whéug it a real function so that weights
are real andav., = wy*, with the asterisk denoting complex conjugdtee problem is to
find 2N + 1 excitation perturbations,, such that the perturbed pattern f(u) has desired
low side-lobe levels at the prescribed directiong,u,m=1,2,.......... M. Letwy, be the

complex weight vector required for antenna to loothe ni" direction and
Q,=e'" & up, :(%[).d.sin(em) . (3.104)

In the vector notation (3.103) can be represeased
f(Q,)=w.Q,)" -N<n<N,Isms<M. (3.105)
This array factor gives the field due to the anterarray with complex
coefficients fed at each antenna element i direction. If ‘M’ directions on the
angular space in the range fQ,are considered, then the above equation can ibemvr

in matrix form as

M- (N~ Mwy ] TFEQ) ]
o Qi Q0 e <l fiﬂl))
o PN o WU I QY Qb || N 2
=|" . (3.106)
-N —-(N-1) 0 N ' '
o o Q% . QM__WN | @)
(3.106) can be written as
Fuxt = Lux @n+) H’V(Tzr\m)xl! (3.107)

where,F is the field vector giving desired lobe level regdi in ‘M’ directions, Q is
the steering matrix andv is (2N+1) weight vector. If symmetric excitemers i
considered i.e. the reference point is the cerfténearray, summation of phases with
weights would yield real steering vectors and agheivectorw of dimension N. To
obtain specific power pattern weight vectomeed to be calculated for particukar
Thus, if the corresponding field points are prodide the angular space, the desired
beam can obtained with specified side lobe leMelghe far field, theF will be real

vector denoting the magnitude of the field strengthis lead to the

Re[F 1] = RE[2yyn - Wiy - (3.108)
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The solution to this set of Morder linear equations would be a set of real ieig
vector, given as
w=Q7'F. (3.109)

Thus, using real weights at the antenna elemdmsdesired beam can be
formed, i.e. the appropriate levels of the mairelaimd side lobes can be obtained. In
CDMA system the vectoF can be chosen in such a way that equal side lobes o
depressed side lobes are formed in the directiomtefferers.The low side lobe
synthesis problem thus has only the dimensiondityather than the dimensionality
2N+1 of element space. This represents a significanplgfication of the problem.

For inverse of2 , matrix should be a square. In general for and¥nehnt array, there

are N-2 distinct side lobes. To make lesser coniputainstead of using singular value
decomposition, the matrix is made square. Thisccdnd done in two different ways
depending on the number of antenna elements.

1. If the number of antenna elements is even,lkimihe end fire direction
could be impressed #& =0 ord = n for broadside array and a nulléat n/2for end
fire array, to make the matrix square and veé&taf length N. This is because even
number of elements tends to have null in the eadfirection for broadside arrays and
null at the broadside for the endfire arrays asvshio Fig. 3.26.

2. If the number of antenna elements is odd, tepeside lobe at the endfire
direction for 6 =0 andé=n. This is because odd number of elements tendste h
side lobes in the endfire direction in ULA as shawifrig. 3.27.

Algorithm used:

The method for low sidelobe or depressed side |miigern synthesis starts from a
given original patternfs(u), with desired main beam and side lobe envelope,
corresponding to given original element coefficieft”). These coefficients are then
perturbed such that the perturbed pattern hasremjside lobe levels in the desired
directions. The algorithm described below is fa thniform linear array. Leg° is the
initial field vector containing values of field fanain beam as well as side lobes for
2N+1 element ULAF® is given by

FO=0°w%)T, (3.110)

with w®=1 for all elementsQ©is the initial steering matrix with given main beam

direction and the direction of the side lobes ofAUL
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The basic property of beamforming is embedded inPAUlhich is exploited in
knowing the side lobe directions as an initial st®nce the side lobe directions are
known, depending on the relative magnitude requioedhe side lobes, forcing vector
F is formulated. The first set of weight vectorscaculated using (3.109). The steps
required for the algorithm could be stated as fedip

1. Formulate ULA with equispaced elements vadth A /2.

2. Find the positions of the side lobes by simple pkadting (change in slope

routine).
3. Formulate the matri¥2° and vectofF°.
4. Formulate vectoF with the desired sidelobe levels (Don't change it during

subsequent iterations).
5. Find the new weight vectomy = (2°)*F
6. Obtain the pattern with this weight vecterand find the magnitude of the side

lobes and form the vectét'.
7. Find the error between the desife@nd new side lobe peaks',

8. If |F- FY|< & wheres is the acceptable error, then stop, else repeat $tep 2.

Beam Pattern of ULA for N=12 Beam Pattern of ULA for N=13
T T

Normalized Array Gain
s o o o s o o o
S S 5 I ® @

°

Angle(degrees)

Figure 3.26-Normalized field pattern for Figure 3.27-Normalized field pattern for
ULA with N=12, d=A/2,a =0 ULA with N=11,d=A/2,a0 =0

Although the algorithm has been discussed corisiglehe array with uniform
current distribution but it has been observed withulation results that it is possible to
get the equal side lobe pattern using Taylor cardestribution also. For both current
distributions, the resultant array approaches thebgshev pattern thereby lowering the

side lobe level presented to all interferers andcheincreasing the capacity of the
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system. By application of above algorithm the beattgons obtained form uniform and
Taylor current distributions are shown in Figs.8232. In Figs.3.28 & 3.31, the
beampatterns after each iteration are shown. B@8 & 3.32, show the polar plot
obtained after each iteration. It is also showifrig 3.30 that beam can be steered in
any direction. Figs. 3.33 to 3.34 show a low sidbel adjustment based on above
algorithn?. The algorithm places a low side lobe level at pogition in the pattern
depending upon direction arrival of the interfer@ise convergence of algorithm with
Taylor and Uniform current distribution is shownhigs. 3.35 & 3.36 respectively. A
comparison of normalized array gain of Chebyshe¥ BiBC algorithm is shown in

Fig.3.37. The same plot shows the comparison adi@apfunction also.
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Figure 3.28-Chebyshev Patterns obtained using ULA ith uniform current
distribution

6. [P16] “Independent angular steering of each pé@directional pattern of a linear array”, Prediegs of International conf. on
challenges in networking and Future comm.(CNFE-®3)A Panipat,India,pp.91-95,April 9-10,2005.
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Normalized Array Gain (dB)
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Fig(c) Polar plot after iteration2
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Fig(d) Polar plot after iteration3

Figure 3.29-Polar Plots obtained after each iteratin

(a) Beam Pattern steered to 60 Degree

-120°

(b) Polar plot steered to 60 Degree

Figure 3.30-Beam Pattern & Polar Plot steered to 60
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beampattern after iteration5

beampattern after iteration5
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Figure 3.33-Side Lobe adjustment with Uniform current distribution
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beampattern after iteration4
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Figure 3.34-Side Lobe adjustment with Taylor curren distribution
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error vs number of iterations

error vs number of iterations
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3.9.1

Results and Discussion

. The convergence of Taylor distribution based atbari is faster as compared to

uniform array. The convergence of each array isvehio Figs. 3.35 & 3.36 for both
the cases of adjustable side lobe topography artbouti adjustable side lobe
topography.

It is important to note that proposed method aptimal weight vector that does not
null out interferers. Beampattern simply maximizlbe gain in the direction of the
desired signal source and minimizes the gain irditextion of interferers.

As discussed earlier in cases of large angularasipre sharp null can not provide
efficient interference suppression. These casesicaever be handled if a broad low
side lobe is formed towards the direction of theerference. With the proposed
algorithm a controlled broad low side lobe can asilg synthesized.

As proved earlier to have a minimum drop in capaag the interfering user moves
through the sidelobes, the maximum sidelobe levelkl be as low as possible. The
algorithm provides a low side lobe level to all issén case they are uniformly
distributed in the side lobe region. Also if theeirierers are concentrated over a broad
angle still the algorithm places a low side level the direction of interferes.
Moreover the algorithm convergence is faster as pawed to other adaptive
algorithms. The capacity improvement obtained by okabove algorithm is shown
in Fig. 3.37.

It is important to analyze the performance of g MBC beamforming algorithm,

when it is used in array processing architectufesir performance metrics are commonly

used in array processing architectures viz.:

Signal-to-interference-plus-noise ratio (SINR),
Normalized SINR ¢),
Array gain (AG) and

Mean square error (MSE).

These quantities are computed at the output ofithey beamformer in the presence of

interferers in wireless communication. The propoBHIC algorithm, Chebyshev algorithm

and one adaptive algorithm (SMI) are simulatedltistrate the behavior of these metrics in a

more complex environment. The mathematical fornmtadf these metrics is done next.
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3.10 PERFORMANCE METRICS OF AN ARRAY PROCESSING
ARCHITECTURE & THEIR DERIVATION

3.10.1 Signal-to-interference-plus-noise ratio (SINR)

SINR is a generalization of SNR (signal-to-noisdia) that explicitly takes into
account the impact of interference, i.e., jammid@ximizing SINR is the optimal criterion
for most detection and estimation problems [32NFSlis computed either at the input to the
array (i.e., element level) or at the output of dineay. In this work SINR at the output of the
array is of concern, therefore SINR means outpMRSIinput SINR, or element-level SINR,

is ratio of the signal power to the interferenaesphoise power at the individual element

0.2

SINR]put = m, (3111)
where, 0?,07,0? are the desired signal, interference, and noiseepo at the individual

element level. Output SINR is the ratio of the sigpower to the interference-plus-noise

power at the output of the array as given by (3.76)

SINR,, = Xl “02 H
E{W Xitn (n)‘ } w RH“W

(3.112)

where,[a(B)]’is the array manifold vector defined in (3.12). Buez distortion less constraint

with no steering vector mismatch, i.e., the stegxactor used to compute is identical to

the steering vector used to evaluate the SINR1&}.tan be simplified as

oM
SINR, =—2 3.113
out WH Ri+nW ( )

Now, mean square error (MSE) is defined as a measfuan array’s ability to cancel noise.
MSE is defined as

1=w'R,W. (3.114)

I+n

MSE = E[[w" x,

Substituting (3.113) into (3.114) yields the fiexipression for the output SINR

Mo?
SINRutput:ﬁ' (3115)

(3.115) shows that output SINR is inversely projpod! to MSE
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3.10.2 Normalized SINR (p)

Normalized SINR is the ratio of the SINR for a giwweight vector to the SINR for
the optimal weight vector. Normalized SINR is arportant metric because there are classic
theoretical results that have been derived usirgyrtietric. The normalized SINR is defined
as follows

_ SINR
SINR,, ’

(3.116)

where SINR is the output SINR for a given weighttee (e.g., computed using an estimated
covariance matrix), and SINR is the optimal output SINR (i.e., computed usihg true
covariance matrix). Substituting (3.115) into (BL%ields

_ MSE,, _ MMSE (3.117)
MSE MSE ' '

where, the optimal MSE is more commonly referredgdhe minimum MSE (MMSE). It can

be noted that MMSE will be a fixed quantity for iaen scenario while the MSE will vary for
each weight vector being evaluated. Therefore @.Xkhows the inverse relationship of
normalized SINR with MSE.

3.10.3 Array Gain

Array gain (AG) is the third metric of interestrrAy gain is the ratio of the SINR at
the output of the array to the SINR at the inputhef array. It is a measure of the productivity
of the array and also directly impacts system dietegerformance. Some authors use array
gain also called improvement factor, as their prymaetric [63]. It is important to note,
however, that array gain is quite different fronweo gain, used in the radar range equation,
or even directive gain. It is shown in simulatidratt the value of array gain can grow quite
large as it reflects not only the coherent gaimfithe number of elements but also the impact

of depressing interferers. Array gain is definedadlews

= SINRy, (3.118)
SINR;
Substituting (3.111) and (3.115) into (3.117) gives
Mao?
AG =—2in (3.119)
MSE

whereg?, =02 +0?. (3.119) again shows the inverse relationshiprafyagain with MSE.
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3.10.4 Minimum Mean Squared Error
The last metric of interest is minimum mean squam®r (MMSE). MMSE is a
measure of an adaptive beamformer ability to ghe desired output. MMSE is the most
fundamental of the four metrics. Each of the ottieee metrics is proportional to MMSE
under the conditions cited at the beginning of thestion. MMSE will be used widely
throughout next chapter to evaluate algorithms. Teevation of MMSE is based on
Wiener's solution discussed in next chapter. Theioua performance metrics are
summarized in table 3.6
Table-3.6: Various Performance Metrics and Their Eyressions

Performance Metric Expression
Minimum Mean squared Error w'Rw
SINR (output) Ma?
MSE
Normalized SINRy MMSE
MSE
Array Gain Mo?,
MSE

Based on above metrics the performance of a beamafp with three different
algorithms mentioned below, is evaluated,
1. Chebyshev weighting with -40 dB sidelobes,

2. Sample Matrix Inverse.
3. MBC with -40dB side lobe level a low side lobe leg€-80dB from 38to 48.

In each beamformer a 16 element uniform lineaayaprocessing architecture shown
in Fig.3.1 with interferers at different DOAs issamed. The interference power of each
interferer is varied from 0 to 60dB. All individuaiterfering powers are the same during a
given trial. The element level SNR is taken as CalR] thermal noise power is normalized to
unity. Each realization consists of random drawiraining data. Each realization is run for
10000 Monte Carlo trials. Figs. 3.39-3.47 showhgation of the performance metrics of a
beamformer, with three different algorithms, undéferent interfering environments. The
simulations are done by varying total number oéiiferers in each simulation. Fig.3.38(a &
b) shows the beampattern and polar plot of MBC taysed in simulations. In Figs.3.39 —
3.47, part ‘a’ shows the variation of array gaiartpb’ shows the variation of output SNR,

part ‘c’ shows the variation of normalized SINR gpalt ‘c’ shows variation of MSE with

total interference power.
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Figure 3.38-Pattern of MBC beamformer used for comgrison
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3.10.5 RESULTS AND DISCUSSIONS

1.

Figs.3.39 and 3.40 show the performance metricthiefe beamformers for five
interferers. The difference between two figuretha in Fig.3.39 the interferers are
not in the low side lobe region of MBC while in B0 these interferers fall in the
low side lobe region of MBC, resulting in improvegerformance of this
beamformer.

For less number of interferers and for low leveljainming the array gain of
Chebyshev beamformer is best amongst the threefbeasrs, the MBC’s array
gain is in between Chebyshev and SMI as shownarBR9 (a). For low level of
jamming the Chebyshev & MBC beamformers array daibetter than the SMI
weighted beamformer due to their much lower (-40 siBelobe levels as shown in
Fig.3.39 (a).

The array gain of Chebyshev and MBC, however, k®edindegrade when the
jamming level increases above about 28 dB. Theorettsat the degradation occurs
around 28 dB as opposed to around 40 dB is begaoseing, unlike noise, adds
coherently across the array. There are 16 eleménth provide 12 dB of coherent
gain for the interferers. The SMI beamformer adeghyi nulls each of the
interferers, and thus provides performance thaindéependent of the jamming
power. Overall the performance of SMI beamformeyuge good in terms of array
gain for less number of interferers over high jamgrpowers.

For the case of largely spread interferers lyingléep low side level (-80dB) of
MBC and for low level of jamming power, the MBC ayrgain is better than
Chebyshev as sidelobe levels in MBC are better \mhahan those of the
Chebyshev beamformer as shown in Fig. 3.40(a).

The array gain is about 12 dB (10 Jpty1) for each of the three beamformers when
the jamming level is small as shown in Figs.3.39afad 3.40(a). As the jamming
level increases the array gain values for eachhef heamformers increase in
recognition of the fact that the interferers arepesuppressed. For the Chebyshev
& MBC beamformers there is a limit to the amountafay gain is dictated by the
level of the beampattern sidelobes. The adaptiwnib@mer, SMI is able to null
the interferers all of the way down to the noismfl Thus, they achieve an array
gain that is equal to the total jamming power ptbe coherent gain from M

elements. For example, with M = 16 elements (12 @fi) a jamming power of 60
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dB, a total array gain 6f72 dB is possible. The SMI beamformer approachiss th
level of array gain. This shows the benefit of an@pinterferer nulling as opposed
to deterministic side-lobe beamformer for small temof interferers even with
large jamming powefs

6. In case of output SINR as shown in Fig.3.39 (b}, lfaw jamming levels the
beamformer results are clustered around 12 dB.€lér@ent-level SNR is 0 dB in
this example and there are 16 elements. Thus 12 ti& value of output SINR that
would be expected. As the interferering level iases the Chebyshev and MBC
beamformers each reach a threshold beyond whicihNR$kerformance begins to
degrade. The SMI algorithm however provides interfenulling throughout
jamming level and thus is able to maintain the des&l of OSINK.

7. The performance metric normalized SINR, being anadized version of output
SINR, the only difference between figures of thetpgdti SINR and Normalized
SINR is the y-axis scaling.

8. The performance metric MSE gives mean squared e@apation with jamming
level.

9. As the number of interferers is increased to 9 #ney gain for MBC and
Chebyshev remain constant around 10dB with incréagamming power. The
array gain for SMI, for 60 dB jamming power, haliefia from 72 dB to 45 dB as
shown in Fig. 3.41(a). The MSE has also increasedompared to the case of 5
interferers. But the OSNIR of SMI remains constandl while that of Chebyshev
and MBC falls, with increase in interfering powhr this case, the angles of arrival
of interferers are not in the low side-lobe reguMBC.

10.When the number of interferes are increased toslShawn in Fig.3.42(a), the
array gain for SMI has decreased to 21 db whileABefor Chebyshev and MBC
increases to 11.2dB and 11.5 dB respectively. is thse, only one interferer is
assumed to be lying in low side lobe region. TheN®BSof SMI starts falling and
while that of MBC and Chebyshev starts improving ficgher value of jamming
power as shown in Figure 3.42(b). The MSE for Sibancreases with increase in

jamming power as shown in figure 3.42(d).

7. [P4] “Output SNR Improvement in Array Processighitectures of WCDMA Systems by Low Side Lobe Beammfing”,
accepted for publication in International JournalfoSpringer on Wireless Personal Communications.

8. [P15] “Performance Improvement in Array ProcegsArchitectures of WCDMA Systems by Low Side LdBeamforming”,
Proceedings dEEE 9th International conf. on Personal Wireless @umunicationspp.324-328, 24-26th January, 2005, N.Delhi.
9. [P22] “Output SNR Improvement in Array Processkghitectures of WCDMA Systems by Low Side Lobe Béarming”,
Proceedings ofNational Conference of Communications (NCC-2005) II'Kharagpur pp.167-171, 28-29th January, 2005
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11.With increase in number of interferers to 21 andematerferers lying in low side
lobe region of MBC, it is seen that the variousf@enance metrics of SMI start
falling, while that of Chebyshev and MBC start irying. But there is more
improvement in case of MBC as compared to Chebysiseshown in Fig. 3.43(a-
d).The same improvement is observed for MBC beamdorin case of 25
interferers as shown in Fig.3.44(a-d)

12.In case the number of interferers are increase@ltdhe various performance
metrics of SMI falls below that of Chebyshev and ®Bs shown in Figure 3.45(a-
d). This clearly shows that in case of large numbkinterferers the adaptive
nulling SMI algorithm is not able to give desiredriprmance characteristics. It
means the conventional arrays based on nullingegore are unlikely to be
applicable in practical CDMA based wireless commation even if their
beamforming procedure is valid for coherent intenf€. The performance metrics
for large number of interferers 40, 54 and 65 @@\ in Figs. 3.46, 3.47and 3.48
respectively. The variation of various performamuoetrics with the increasing
number of interferers and jamming power is givetainles 3.7 & 3.8.

311 SUMMARY OF THE CHAPTER

In a CDMA system all transmitted signals turn aubge disturbing factors to all other
users in the system in the form of interferenceer&fore the system capacity strongly
depends on the interference level in the system.dhown in this chapter that antenna
arrays with steer able low side lobes can redutzfarence in CDMA based wireless
communication systems and can increase array pegifure. The various performance
metrics of array processing architectures were dotmbe inversely proportional to
MSE. Any signal processing technique by which M@i be decreased, shall further
improve the performance of array processing archites. So in the next chapter new
array processing algorithm based on Fractional iEpdiransform is developed, which
can decrease the MSE in tH& domain as compared to frequency or space donmin. |
chapter 6, an application of low side lobe beamfogris presented in which it is
shown that by forming low side lobes towards theection of head the radiation

hazards can be reduced.

10. [P26] “Performance improvements in varioudqgrenance metrics of array processing architectoféSDMA based systems
by use of low side lobe beamforming” under reviedETE Journal of research
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Table-3.7: NSINR & OSNR of beamformers for increasig interfering powers and with increased number ofnterferers
NORMALIZED SIGNAL TO NOISE RATIO ~ (dB)

Total Number of Number of Number of Number of Number of Number of Number of Number of Number of
Interfe- Interferers : 5 Interferers : 9 Interferers : 15 Interferers : 21 Interferers : 25 Interferers : 31 Interferers : 40 Interferers : 54 Interferers : 65
rence C C C C C C C C
S M M S M S M S M S M
power H H H H H H H H H
M B B B B M B B M B M B B
(dB) E E E E E E E E E
| C C | C C C | C | C
B B B B B B B B B
0 265| 0.02| 0.02 260 034 018 2464 024 008 26315 | 0.01| 265/ 0.91 0.34 268 006 010 23 00213 | 2.63| 0.95| 033 263 051 0.24
10 2.64| 001 0.02] 263 237 217 263 162 1/41 326095 | 0.74| 262| 1.84 1.16 266 046 045 261 04029 | 261| 176/ 1.09 264 085 0.56
20 260| 0.22| 0120 263 544 522 263 3.3 2/92 126199 | 1.78| 259 225 1.56 261 109 088 21 08363 | 2.62| 1.93| 1.26 268 091 0.2
30 261| 232| 166 262 103 10{1 2539 41 450 626330 | 3.09| 260 273 20 266 1536 134 2/60 14B22 | 2.64| 1.95| 1.28 260 091 0.2
40 264| 917, 7.68 263 191 188 2.63 6./7 6/56 226376 | 3.55| 2.65/ 3.12 2.43 26p 193 1y2 265 18p61 | 2.61| 195 1.28 260 091 0.2
50 2.63| 186| 16.9 261 289 28[7 2539 9Q4 893 426451 | 430| 260 320 2.5 268 212 191 21 20281 | 2.61| 1.95| 1.28 266 091 0.2
60 262| 285 26.8 264 389 387 260 123 1P1 426632 | 6.10| 265 320 251 260 219 198 2/63 20D87 | 2.61| 195 128 263 091 0.62
*All values are -dB
OUTPUT SIGNAL TO NOISE RATIO (dB)
Total Number of Number of Number of Number of Number of Number of Number of Number of Number of
Interfe- Interferers : 5 Interferers : 9 Interferers : 15 Interferers : 21 Interferers : 25 Interferers : 31 Interferers : 40 Interferers : 54 Interferers : 65
rence C & C C C C C C
S M M S M S M S M S M
power H H H H H H H H H
M B B B B M B B M B M B B
(dB) | E E E | E E E | E | E E
B B B B B B B B B
0 9.38 | 12.0| 120, 9.43 114 118 939 117 119 9401.8 | 12.0| 9.38| 11.1 11.4 936 120 121 940 1p02.2 | 9.40| 11.1| 117/ 9.41 11.5 1148
10 9.39| 12,0/ 120 94Q 96 986 940 104 106 094111 | 11.2| 941 10.2  10.4 938 11/4 115 943 1151.8 | 9.42| 10.3| 11.00 9.39 111 11
20 9.43| 11.8| 119 941 6.6 6.81 940 880 9j11 294100 | 10.2| 9.44| 9.78 104 94p 110 111 943 11P14 | 941| 10.1| 10.8 9.3 1.1 114
30 9.43| 10.3| 103 942 16 1.87 944 7382 7/53 7938.73 | 894| 9.43| 931 10. 9.37 105 1Q7 943 1080.8 | 940 | 10.1| 10.7] 9.43 111 1144
40 939| -29| -43| 938 -7.1 -6.9 940 526 547 19/48.27 | 8.48| 9.38/ 891 9.61 944 10{1 10.3 938 10P0.4 | 942 10.1| 10.7 9.43 1.1 114
50 940| -6.6| -4.9| 942 -17 -16 944 289 3.10 93952 | 7.73| 9.43| 883 953 94p 991 101 942 1p.00.21 942 | 10.1| 10.7/ 93§ 111 114
60 9.42 -17 -15| 9.39] -27 -26 9.48 -0.8 -0J1 9.89 725) 593 | 9.38| 8.83] 952 943 984 100 940 9|95 2109.42 | 10.1| 10.7| 9.40 11.] 11.4
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Table-3.8: AG & MSE of beamformers for increasing btal interfering powers and with increased number binterferers

ARRAY GAIN
Total Number of Number of Number of Number of Number of Number of Number of Number of Number of
Interfe- Interferers : 5 Interferers : 9 Interferers : 15 Interferers : 21 Interferers : 25 Interferers : 31 Interferers : 40 Interferers : 54 Interferers : 65
rence C C C C C C C C C
S M S M S S S S M S M S
power H H H H H H H H H
M B B M B M B M B M B M B M B M B
(dB) E E E E E E E E E
| C | | | C | C | C |
B B B B B B B B B

0 12.3 | 15.0/ 15.0 7.6 9.9 10.p 9.0 134 116 10p.1 .61212.7| 10.6| 122 12.4 114 13/9 141 123 149 115.94 11.1( 117 9.9 12.1 124

10 19.7 | 244 224 8.9 9.1 9.3 1012 112 115 11.0271 129| 115| 123 13 1283 143 145 133 154 .71510.2| 11.0f 117} 10.3 121 12/4
20 29.4| 31.7] 31.8 11.4 9.Q 9.2 1117 113 115 1212.7 | 129| 119 123 13 1290 144 145 187 155.71 10.3| 11.0/ 11.7 104 121 12/4
30 39.3| 39.6/ 40.2 16.8 9.Q 9.2 1313 112 115 13.B2.7 | 129| 12.4| 123 13. 133 144 145 143 155.71 10.3| 11.0/ 11.7 104 121 12/4
40 49.2 | 427 4421 254 9.Q 9.2 1514 113 115 13.82.7 | 129| 12.8| 123 13. 137 144 145 147 155.71 10.3| 11.0f 11.7 10.% 120 12/4
50 59.2 | 43.2| 449 353 9.Q 9.2 1718 113 115 14827 | 129| 129 123 13 139 144 145 149 155.71 10.3| 11.0/ 11.7 104 121 12/4
60 69.2 | 43.2| 449 453 9.Q 9.2 209 112 115 16827 | 129 129 123 13 130 144 145 149 155.71 10.3| 11.0/ 11.7 104 121 12/4

MEAN SOUARED ERROR
Number of Number of Number of Number of Number of Number of Number of Number of Number of
Interferers : 5 Interferers : 9 Interferers : 15 Interferers : 21 Interferers : 25 Interferers : 31 Interferers : 40 Interferers : 54 Interferers : 65
Total C C C C C C C C C
S S S M S M S M S S M S M S
Interfe- H H H H H H H H H
B B M B B M B B M B M B M B
rence | E | E E | E | E | E | E | E | E
power B B B B B B B B B
(dB)

0 2.48 | .003 .002 9.31 6.6 6.46 995 6.6 6.4 10.763 6§ 6.46 | 9.0 751 6.94 9.2 6.6 6.5 9.69 66 6|4 3.71 11.7| 11.0| 146 114 111
10 257 | 0.03 0.02 16.3 15y 154 17|7 186 154 218156 | 154 | 17.0/ 16.7 16. 174 15|6 155 187 158.5 | 21.7| 21.4| 20.7 2349 210 208
20 2.68| 0.32 0.22 2321 256 258 2514 255 253 726255 | 25.3| 27.0 265 26. 267 25|6 234 284 25363 | 32.7| 31.3| 30.6 33.2 310 307
30 1.94| 2.44 1.78 271 357 358 34{3 355 353 135355 | 353| 36.7| 36.6 36. 361 356 354 37.0 35353 | 42.1| 41.4| 40.6 42.8 410 407
40 4.02| 9.33 7.84 284 457 458 41{5 4855 453 7 43455 | 453| 46.8| 46.9 46. 461 45|6 454 480 454.3 | 51.8| 51.4| 50.6 53.1 51.p0 507
50 244 | 188 17.2 304 557 558 482 585 553 30655 | 553| 55.1| 56.6 56.0 56.4 55/6 594 56.1 556553 | 61.8| 61.4| 60.6f 639 610 60J7
60 4.15| 28.8 27.0 279 657 658 557 685 653 063655 | 65.3| 66.4| 66.6 66. 66.7 656 634 665 65663 | 72.2| 71.4| 70.6 714 710 707
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Chapter 4

OPTIMUM ARRAY PROCESSING USING FRACTIONAL
FOURIER TRANSFORM

4.1 INTRODUCTION

The subject of array processing is concerned \gheixtraction of information
from signals collected using array of sensors. ifii@rmation of interest may be the
signal itself (communications) or the location bé tsource or reflection that produces
the signal (radar and sonar). In communicationstigeal is transmitted by the wireless
mobile or fixed transmitter. In all of these cadbs, signal that arrives at the array can
be regarded as a non-stationary random proces$ [i&ctive sensing situations such
as radar and sonar, a known waveform is generdtéchvin turn propagates through a
medium and is reflected by some target back tathay. In this chapter the multipath
faded signal received at the array is processegttohe optimum weights using FrFT.
As discussed in chapter 3 all performance metricar@y processing architecture are
inversely proportional to mean square error (M3 if it is possible to reduce the
MSE the performance of array processing architectufl definitely improve. Hence
in this chapter the array processing algorithm gudtnFT is proposed, by which the
MSE of the beamformer can be reduced to a greatente This chapter deals with
linear, discrete-time; FrFT based adaptive fimigpulse response filtering for reducing

MSE. The beamformer considered here is based onai/fétering discussed next.

4.2 WIENER FILTERING

The Wiener filter is a fundamental building blodak finear adaptive filtering
[142] as shown in Fig. 4.1. The Wiener filter igiopl in the sense of minimizing the
MSE of the output [23]. The solution of the clas$i®Viener filter is given by

Wy, = RET (4.1)

Xo Xodo *



X

R,,is the correlation matrix of the input data vecks(k), andr, , is the cross-

correlation vector between the input data veggtk) and the desired signaj(&)

Desired signall do(k) » = € Frror output

Wopt=Optimal Wiener filter weight

——» Wopt

Input data vector Xo(k) yo(k): Estimate of desired signal

Figure 4.1-The Classical Wiener Filter
When the statistics associated wiy andr, , are known exactly then the

MMSE estimate of glk) is obtained and filter is referred as “optimali general, of

course, the statistics are not known but ratheeatienated from the data. This filtering
solution is referred as “adaptive”. The Wienerefiltan be applied to a wide variety of
adaptive signal processing problems. Four fundaahetdasses of problems are shown
in Fig. 4.2. These are equalization, predictiorstay identification, and interference
cancellation. These problems represent differeshitactural arrangements of the

plant, adaptive filter, and delay elements [23132].

S s

(a) Equalizatio (b) System Il
S s+n D
r.I!
P
/ :
(c) Prediction (d) Interference cancellan

Figure 4.2-Different Classes of Problems for Adaptive Signal Processing: P=Plant,
D=Delay, AF=Adaptive Filter, s=signal, n=noise, d=desired signal, e=error signal
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The applications of adaptive filter are listedable 4.1
Table-4.1: Applications of adaptive filter

Class of adaptive filtering Application Purpose
Identification [23] System In exploration seismology
identification
Inverse Modeling Equalization Channel equalization in
communication
Prediction Predictive coding, Power spectrum of signal of
spectrum analysis| interest in coding of prediction
error
Interference cancellation| Noise cancellation, Echo cancellation, cancellation of
[31,95] beamforming interfering signals

From many of the system applications cited abakie, work in this
chapter is concerned with array processing for lrobommunication and wireless
communication. The block diagram of an adaptivars shown in Fig.4.3. This array
contains an individual receiver at each element tng there are M simultaneous

measurements, at the input to the adaptive ar@gegsor.

X = [Xy X2 X3 _ T (4.2)
Rcvr 1 Rcvr 2 Rcvr 3 Rcvr M
v X1(K) | X2(K) | X3(K) va(k)

Adaptive Array Filterw

l y(k)

Figure 4.3-Block Diagram of an Adaptive Array: Each element has its own
receiver.

The main aim of this chapter is to find array pssieg algorithm using FrFT with
1) Reduced Mean squared error in wireless as wellaslencommunication.
2) Application to beamforming in Wireless and mobilenenunication with
improved performance in different multipath envimeents.

Further the proposed algorithm shall be used to
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1) Find the MSE at the output of a beamformer in tifrtequency and FrFT
domain for a moving source with fixed input SNR aadtudy the variation of
MSE with varying input SNR, in case of a moving 1s@u

2) Find the MSE at the output of a beamformer in tifrequency and FrFT
domain beamforming for an accelerating source Vikéd input SNR and to
study the variation of MSE with varying input SNR ¢ase of an accelerating
source.

3) BER of proposed algorithm in a mobile environmen8IMO system.
A brief overview of adaptive array processing &nactional Fourier Transform

IS given in chapter 3. The antenna array model uséus chapter for deriving optimal

beamformer is discussed first.
4.3 ANTENNA ARRAY MODEL

In this chapter the antenna array model describbestiction 3.5.2 is used. The
received signaly, is assumed to be the sum of three components [32]
X(1) =X, () + %, (1) + %, (1), (4.3)
where, xm(t) is the received multipath signad,(t) is the noise signal and(t) is the

interference signal. The multipath signal is gitn
L
Xm(t) = ) a cos@t + @), (4.4)
i=1

where, ais the unknown amplitudé, is the number of paths. The phaseepends on
the varying path lengths, changing byt 2vhen the path length changes by a
wavelength. Therefore, the phases are uniformliridiged over [0, &. The noise is
modeled as zero-mean Gaussian random processes. &sioh element of the adaptive
array contains its own receiver, the noise is umtated from channel to channel and
the noise covariance matrix has the following stree

R, =021 . (4.5)
The desired signal is a nonrandom signal of knompldaude and phase, i.e.,

Xd(t) = cos(,t +¢) . (4.6)

It is assumed that the signal is narrowband andsfiest the plane-wave

assumption. The plane wave approximation is trubenfar field of an electromagnetic
source [32]. In general, the output of the recgvamtenna array at time y(k), is a

linear combination of inputs of the antennas indgtray as shown in Fig.4.3, that is
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y(k) =w"x(k), 4.7)
where X is the received signal column vector, amis the beamforming weight vector
of same size. The objective is to recover the ddsgignal free from noise from the
measured signal at the array output. The objeatave be achieved by optimizing
weightsw based upon a criterion of optimization. The maiteda of optimization are
Minimum Mean Squared Error (MMSE), Maximum SigraNoise Ratio (MSNR) and
Minimum Variance (MV). Each criterion has its owdvantages and disadvantages.
The MMSE requires the reference signal and then® isequirement of the information
about DOA of the signal. The MSNR requires dirattad arrival of both desired and
interfering signals. In this the weights are choserthat the SNR at the output of the
beamformer is maximised. The MV method does natirecknowledge of the angle of
arrival of interferences but it requires the angflarrival of desired signal. In this the
output power is minimized to ensure that the effettnoise is minimized. The
beamformer based on optimal weights is known asnaptbeamformer. The method
used in this work can be viewed as the generatimaif MSE, which minimizes error

between its output and the desired signal based Wiener solution.
44 WIENER SOLUTION

Most of the adaptive algorithms try to minimizee timean-squared error
between the desired signal d(t) and the array outfty Let y(k) andd(k) denote the
sampled signal of y(t) and d(t) at time instant tespectively. Then the error signal is
given by

e(k) = d(k) - y(k). (4.8)
The estimation errog(k) is the sample value of a random variable. Tonoge filter
design, the mean square valuee(K) is minimized. The cost function of mean square

error is defined as

J = Efle(k)[1, 4.9
where,E denotes the expectation operator.
J=E[|d(K) - y(K)] (4.10)
=£[|d(k)F]-p"w- wp+ w'Rw, (4.11)
where, R = E[x(k)x"(K)] (4.12a)
and p = E[x(k)d" (k)]. (4.12b)
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R is theM x M correlation matrix of the input data vectdik), andp is theM x 1
cross-correlation vector between the input datdovesnd the desired signd(k). The
requirement is to find the operating conditions emwhichJ attains the minimum
value. The gradient vector df [(1J, is defined by

0J = 26—{, (4.13)
ow

Where,ai*, denotes the conjugate derivative with respedhécomplex vectow.
W

When the mean-squared errdris minimized, the gradient vector will be equal to

M x 1 null vector.

0oJ |, =0. (4.14)
Substituting (4.11) into (4.14), gives
RWopt = P, (4.15)

where,wop: denotes the Mc 1 optimum weight vector of the filter (optimum mean
square error sense) i.e.

Wopt =[Wops Wogseeneremeesenesennenes Wy ] (4.16)
Equivalently (4.15) can be written as

Wo =R™p. (4.17)

The optimum weight vectar in (4.17) is called the Wiener solution. From @,1it
can be seen that computation of the optimum weightorw,, requires knowledge of
two quantities:
(i) Correlation MatrixR of the input vectokr(k) of beamformer
(i) Cross Correlation vectgrbetween input vecto(k) and desired respondk).

(4.17) can also be written as Wop = R (4.18)

where,R, is the covariance matrix of tineeasurements at the sensor pgds the cross
covariance between the measurements at the searsbithe desired signal defined by
(4.12a) and (4.12b).

45 WIENER FILTERING IN FRACTIONAL FOURIER
DOMAIN

The FrFT and its properties have been explainedettion 3.6.1.The FrFT,

being just an extension of the classical Fouri@ngform (FT), can be used effectively
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in all situations where the FT is presently beirgpdi [140]. The ordinary Fourier
transform is suited for analysis and processingroé invariant signals and systems
[114]. When dealing with time variant signals apdtems the FrFT allows estimating
signals with smaller MSE. Some gains can be expeictenost of these applications
because of the additional degree of freedom (amigtetation) that the FrFT provides.
The continuum of fractional Fourier domains coreggs to oblique axes in the time
frequency plane, with the ordinary time or frequedomains as special cases as shown
in Fig.4.4. The central concept in beamformingimet or frequency domain and the

FrFT leads to generalization of these domains [64].

Faded signal

Figure 4.4-Filtering in Fractional Fourier Domain

In mobile communication and wireless communicatibe received signal is
generally degraded by multiplicative fading and itidel noise and the problem is to
eliminate these degradations. The FrFT can rembeset degradations effectively in
Fractional Fourier domains as shown in Fig.4.4.sTtepends upon the observation
model and the objectives as well as prior knowlealggglable about the desired signal,
degradation process and noise. To find the advarntédiltering in fractional Fourier
domains consider Fig. 4.4 [65] where the Wignetritiigtion of a desired signal and
undesired noise are superimposed. The noise cdversegparated completely in time or
frequency domains. In case the noise is removéiche domain then filter will remove
noise only after line yyso the filtered signal will be associated with gomoise.
Similarly in frequency domain, the filter will reme noise after line x»xand the filtered

signal will be having some noise. But, in caseftibering is done in & order fractional
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Fourier domain then the noise will be completeljnoged, as it can be observed that
the signal and noise are overlapping both in time faequency domains but they don’t
overlap in & domain. So the signal can be separated from ryiseutting along line
zZ. Thus the signal can be separated from noiseyeadiactional Fourier domain.

The antenna array model described in section 4.8sed for finding the
optimum weights in FrFT domain. The weights of @y are chosen to minimize the
MSE between the array output and reference sigiiaén the channel is time invariant
and the input and noise processes are stationarpgtimal filter is given by (4.18).
The optimal Wiener filter thus formed is also timeariant and thus can be expressed
as convolution and can be implemented using FastiétoTransform algorithm and
can be expressed as a multiplicative filter in tiorefrequency domain as shown in
Figs. 4.5a & 4.5b.

VP_ I Fourier > :?ver'se QP Input :\TJ >  Outpu
ourier
h h
Figure 4.5(a)-Filtering in frequency Figure 4.5(b)-Filtering in time
domain domain

However for time variant or non stationary proessthe optimal filter will not be
time invariant and can not be expressed as showigt.5. The wiener filter in
ordinary time or frequency domain can be generlie filtering in the & order

Fractional Fourier domain as shown in Fig.4.6.

Frac Fourier Inverse Frac

a —»{X—»{  Fourier (-a)

i

Figure 4.6-Filtering in a order fractional Fourier Domain

Inout Outpu

For a=1 it reduces to ordinary frequency domaittiplicative filter (Fig 4.5a) and
for a=0 it reduces to time domain multiplicativiter (Fig 4.5b) [148]. The noise can
be easily eliminated in fractional Fourier domajnusing an amplitude mask in th8 a
domain. Hence the process of obtaining the outpfitter is defined as follows: First
take & order fractional Fourier transform of the incomsignal x(n) then multiply the
transformed signal with the filter function h(n) carinally take inverse "a order

fractional Fourier transform. The resulting estient{n) is given by
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Fone (M) = [F2A4,F1X(N) = Ty, X () (4.19)
where, E denotes the"horder fractional Fourier operator ang denotes the operator
corresponding to the multiplication by the filtamttion h(n) and Jicis the operator
representing the overall filtering configuration.hel FrFT has an efficient
implementation at the same cost as Fourier domitterifig [104]. The problem
remains only to find the optimum filter functionn€e the optimal filter function is
found it is possible to find the MSE for differemtlues of ‘a’ and the value of ‘a’
resulting in lowest value of MSE can be determirtealirier domain filtering is special
case for a=1. In some cases the value of a=1 sdsutimallest error but in general it is
found that the value of ‘a’ is different from a=1.

4.5.1 Derivation of the optimal filter function in fractional Fourier domain
To derive the optimal filter function let the obged signaly be related to transmitted

signalx by
y(t) = _T h(t, t)x(t)dt' +n(t), (4.20)

where,h(t,t) is the kernel of the degradation model and n(thésadditive noise term.
It is assumed that as a prior knowledge, the caticel functions of the input signal

(desired signal) and the noise are known
Ry (4,1) = E[X()X"(t")]

R (4.21)
R, (t,t) = E[n(t)n (t")]

Further it is assumed that the noise is indepenadtketite input and it is zero mean for
all time, i.e. E[n(t)]=00t. Under these assumptions, the cross correlationtibn of

the procesg andy can also be found
R, (t,t) =E[x(t)y (1)]. (4.22)

First, consider the most general linear estimath®form
() = j g(t,t) y(t)dt' . (4.23)

Setting the objective is minimizing MSE defined as
o2 = E[x- %1, (4.24)
where, E[.] denotes the expectation operator|dndenotes the Lnorm given by

XI* = Txx” . (4.25)
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This definition (4.24) of the MSE is appropriater foonstationary signals whose
functional representations are square integralhat (ere of finite energy). (For
stationary processes, the MSE may be defined asxpected value of the magnitude
squared of the difference term [142].) The recovapgrator kernel is the solution to

the minimization problem

Oope(t,1') = @argmino? (4.26)
9

that is, it is the function that minimizes the MSHe solution to this problem, with the

linear estimate defined in (4.23), is known. Ithe solution of the following equation:
R, (tt) = _Tgom (LEVR, (tt)dt” Ot (4.27)

The above equation can be solved numerically tainlihe kernel of the optimal linear
recovery operator. However, application of thigneation operator on a given distorted
and noisy signal would requi@ [N? time, where N is the time-bandwidth product of
the signals. In this work, the estimate is restdctso that it corresponds to a
multiplication with a filter function in the"afractional Fourier domain. This estimate

can be written in operator notation as

X=F™?(g.F3(y)), (4.28)
where, B is the & order fractional Fourier transformation operatodag is the
multiplicative filter. For a=1, this estimate cap®nds to filtering in the conventional
Fourier domain. With this form of estimation operatthe minimization problem

considered can be defined as

Uop = Argming;, (4.29)
9

where, g’is as defined in (4.24), and is given by (4.28). The cost function J is

defined to be equal to (4.24) with the estimategiby (4.28). Since fractional Fourier

transform is unitary and it preserves norms, Jsis aqual to the MSE in th&@omain
J=0?=Elx- 1= El|x - %1 (4.30)

From (4.28) X, =gy, - (4.31)

J varies with the choice of g sincevaries. This function J is to be minimized with

respect to g. Let gs@000, , wherea is a complex scalar parametey,igthe optimum
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filter, dgo is arbitrary perturbation term. Sinceis a complex parameter, it can be

expressed as=0+jaim Now, X, and J varies witkx for each fixeddgo

X, (e, @) = (9o (L) + (@ + ] 01 ) A0, (1)) V(L) - (4.32)
)= Eﬁ(xa (t) = % (@), () ~ R (@) dta} . (4.33)
The optimum value of J_wiII be obtained from theditions
LLCal 0 N@) - 0. (4.34)
oa,, o oa,, o

The partial derivatives of df are given by

@) _ o j Rek (t,, )k (t,,a)dt, |, (4.35)

aare —00 _
0@ _ e [Im(&” t,. )R (. a)dt, |. (4.36)

oa,, 2 |
where, K(t,,a) = X(t,) - % (t, @), R(t,.a)= w . (437)

' are
The condition of optimality as given in (4.34) irgpl
E{ j Rek” (ta,a)k'(ta,a)dta} =0. (4.38)
T a=0

Evaluating abi=0 givesEU(xa (t,) - % (t,,0) Jgo(ta)ya(ta)dta} =0. (4.39)

Sincedgo(ty) is anarbitrary term and (4.39) is true for abp(ty), it can be inferred that
Elx, (t2) = R (. 0) v, (t)] = 0. (4.40)
(4.40) can be solved for the optimum filter funatigy(.) by using the definition of

X (t,,0) and by taking the complex conjugate of both sideb@above equation

Rxaya (ta' ta)
Ry, (ta:ta)

where, the above correlation functions can be pbthifrom the correlation functions

9o(ta) = ; (4.41)

Ry andRyy by

R, (tata) = [ [K,(t, DK (L, DR, (L)drdt,  (4.42)

—00 —00
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R, (tot) = [ [K,(t, DK (t, O.R, (LU)ddt.  (4.43)
The transformation kernel Ks give;1oo E;/ (3.64) withh =an/2. The (4.41) provides the
optimal multiplicative filter function in the"afractional domain. To find the optimal
value of ‘a’, that is, the domain in which the shlast error is obtained, substitute the

optimum filter function into the MSE expression aheén choose ‘a’ as the minimizer

of o2, in the range [-1, 1] from (4.44).

O-2e,o = E|: l)J?(Xa(ta) - )’Za,o (ta))(xa(ta) - )’Za,o (ta))* dtai|’
- (4.44)

= [ (R, (tarta) ~2Re@ (ta) Ry,y, (a1 1)) + 9o (ta)T0 (1) Ry, (Lo, L),

This minimizer can be found analytically in certaeses but not in general. It can also
be found by simply calculating the MSE for suffitily closely spaced discrete values
of ‘a’ (for example, by step size of 0.1) and chngghe one that minimizes the MSE.
If greater accuracy is needed, this process camfbeed around the neighborhood of
the initially obtained value of ‘a’. The key poird that given the noise and signal
statistics, the optimum value of ‘a’ is calculatedly once. After this, the filtering
process can be implemented in time for arbitrarpyaalizations of that statistics.
Overall, the procedure can be outlined as follo@s/en the autocorrelation functions
of the input (x) and noise (n) processes and tlygadiation (h), the cross correlation
function between the input and output(y) procesises the autocorrelation function of
the output process can be found. Then, using thleseptimal filter function in the"a
domain can be found by using (4.41). The optimdllewaf ‘a’ is then chosen as that

which minimizes (4.44).
4.5.2 Optimal Spatial Filtering

The optimal filtering in fractional Fourier domaican be extended to spatial
filtering of signals arriving at antenna array alsbhe filter structure used for
beamforming is shown in Fig. 4.7. In the Fig. & butputy(n) is given by

y(n) =F*w"F*x(n). (4.45)
According to (4.45) the"aorder fractional Fourier transform of the obsergighal
x(n) is taken first, then it is multiplied with wéitsw's and finally the inverse"sorder

transform is taken. For a=1 this procedure cornedpdo ordinary frequency domain
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beamforming [45, 84]. Substitutingn) in (4.30) as estimate of(n) with d(n) as

desired signal Jw) = E{“d(n) - F‘aw”Fax(n)Hz} (4.46)
Xy F° Wi

Xa(n = Wo o y(n)

> ’ — —>

\ 4

v
s
g

xM(n>—' F

‘a' denotes order of the FrFT

Figure 4.7-Block diagram of optimum FRFT domain beamformer

On minimizing the cost function (4.46) as descriirdsection 4.3, the optimum

weights are given by

Woy, = Rx'alrXad , (4.47)
where, R, is the covariance of thé"arder FrFT of the signals arriving at sensors and
r.q 1S the cross-covariance betweédhaader FrFT of the desired signal and FrFT of the
signal arriving at the sensor. Thig_andr, , can be computed using the covariance as

follows:

R, =R, (n,n) :fwﬁo K,(n,n")K_,(n,n")R, (n",n"")dn"dn"". (4.48)

Md =g (NN = J‘: J‘: K,(n,n")K_, (n',n"")r4(n",n"")dn"dn"". (4.49)

The transformation kernel ks given by (3.64). The minimum error can be found

by substituting the value ofiopt in (4.46). The value of minimum error is given by
[61,148] Jrnin (o) = Ef[d () - oW, Fx)| }- (4.50)

This minimum error cannot be found analyticallycdin be found by simply calculating
(4.50) for different values of ‘a’ and choosingtthialue that result in minimum error as
discussed in section 4.5.1.

Now, the performance of any antenna array sysgetnghly dependent upon the

characteristics of wireless channel. Channel moddas an important issue for design
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and analysis of mobile communication systems aradiapproperties of the channel
have enormous effect on the performance of thenaatarray system. Channel models
also help in motivating appropriate signal proaegsilgorithms. Given a description of
channel, an efficient array processing technique lba devised. To obtain realistic
estimates of the performance of FrFT based antemrmay architecture, accurate
channel models for mobile wireless are neededl36]. Channel models are discussed

in next section.
4.6 CHANNEL MODELS FOR ANTENNA ARRAYS

Channel models capture radio propagation effantisagie useful for simulation
studies and performance prediction. The effectsdio propagation on the transmitted
signal can be broadly categorized into two mairss#a, fading and spreading [16,
164]. Fading refers to the propagation losses éapesed by the radio signal (on both
the forward and reverse links). Channel spreadiefgrs to the spreading of the
information-carrying signal energy in space, andrentime or frequency axis [16].

4.6.1 Channel Fading

When changes take place in the propagation envieoh e.g. the user is a
mobile, reflector and scatterers are moving orrteglium itself is changing, then the
channel response will also change as a functidimef, the radio path is fading [130].

4.6.1.1 Mean path loss

The mean path loss describes the attenuationraflia signal in a free space
propagation situation, due to isotropic power sgieg and is given by the famous

inverse square law [156]:

2
P = R(ﬁj GG, , (4.51)

where,P, andP; are the received and transmitted powaris the radio wavelengtla

is the range, an;, G; are the gains of transmit and receive one-elemetg@naas

respectively. In mobile environments, the main patbften accompanied by a surface

reflected path which may destructively interferétvthe primary path. Specific models

have been developed that consider this effect.pBitle loss model becomes [162].

2
p = pt(h(;hrJ GG, (4.52)

2
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where,h; & h; are the effective heights of transmit and recemem@nas respectively.
Note that this particular path loss model followsiaverse fourth power law. In fact,
depending on the environment, the path loss exganan vary from 2.5 to 5.
4.6.1.2 Slow fading

Slow fading is caused by long-term shadowing esfexf buildings or natural
features in the terrain. It can also be descrilsetha local mean of a fast fading signal.
The statistical distribution of the local mean h&en studied experimentally and was
shown to be influenced by the antenna height, trexaiing frequency and the type of
environment.
4.6.1.3 Fast fading

The multipath propagation of the radio signal esysath signals to add up with
random phases, constructively or destructively hat teceiver. These phases are
determined by the path length and the carrier #aqy, and can vary extremely rapidly
with the receiver location. This gives rise to Htecalled fast-fading phenomenon that
describes the both rapid and large fluctuatiorth@freceived signal level in space.
4.6.2 Channel Spreading

Propagation to or from a mobile user, in a multipahannel, causes the
received signal energy to spread in the frequetinye and space dimensions. The
characteristics of the spreading (that is to dag,garticular dimension(s) in which the
signal is spread) affects the design of the beandorThe realistic models for wireless
communication systems should be modeled both iguBecy and time domains. In
traditional communication theory the Doppler spréadrequency domain and delay
spread in time domain characterize these two sf{d&5].
4.6.2.1 Doppler spread

When the mobile is in motion, the radio signalhat teceiver experiences a shift
in the frequency domain (also called Doppler shiftg amplitude of which depends on
the direction of arrival. In the presence of sunding scatterers with multiple
directions, a pure tone is spread over a finitecspk bandwidth. In this case, the
Doppler power spectrum is defined as the Fourardiorm of the time autocorrelation
of the received signal and the Doppler spread éssihpport of the Doppler power
spectrum. Assuming scatterers uniformly distribuiedangle, the Doppler power

spectrum is given by the so-called classical spattr
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30.2
f)=—¢
S(f) o

m

f-f )’ E
1—{f H o —f (F(F (4.53)

where,f, = V/A is the maximum Doppler shift, v is the mobile \a@ty, f. is the carrier
frequency ando? is the signal variance. When there is a dominantce of energy

coming from a particular direction (as in line-off#t situations), the expression for the
spectrum needs to be corrected according to thelBophift of the dominant path f
and is given by S(f) + &f — f. - fp). Here, B denotes the ratio of direct to scatteyaith
energy. The Doppler spread causes the channelateastics to change rapidly in
time, giving rise to the so-called time selectivithe coherence time, during which the
fading channel can be considered as constantyessely proportional to the Doppler
spread. A typical value of the Doppler spread maro-cell environment is about 200
Hz at 65 Mph, in the 1900 MHz band.
4.6.2.2 Delay spread

Multipath propagation is often characterized bwesal versions of the
transmitted signal arriving at the receiver witffefient attenuation factors and delays.
The spreading in the time domain is called delaseag and is responsible for the
selectivity of the channel in the frequency domdifferent spectral components of the
signal carry different powers). The coherence badtywhich is the maximum range
of frequencies over which the channel responsebeaviewed as constant, is inversely
proportional to the delay spread. Significant detgpyead may cause strong inter-
symbol interference which makes necessary the uaelannel equalizer. In this work

the coherence bandwidth is assumed to be smadlarttie signal bandwidth.
4.6.2.3 Angle spread

Angle spread at the receiver refers to the spodatirections of arrival of the
incoming paths. Likewise, angle spread at the tratsr refers to the spread of
departure angle of the multipath. A large angleeagrwill cause the paths to add up in
a random manner at the receiver as a function efdbation of the receive antenna,
hence it will be source of space selective fadifige range of space for which the
fading remains constant is called the coherendardie and is inversely related to the
angle spread. As a result, two antennas separgtatble than the coherence distance

tend to experience uncorrelated fading. When tlggeaspread is large, which is usually
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the case in dense urban environments; a signifigaimt can be obtained from space
diversity.
4.7  Mathematical modeling of fading channels

A precise mathematical description of fading pheeoon is either unknown or
too complex for tractable communication systemslyasisg However, considerable
efforts have been devoted to the statistical modend characterization of these
different fading effects. The result is a rangeedétively simple and accurate statistical
models for fading channels, which depend on théiquéar propagation environment
and the underlying communication scenario [130%ignificant advantage of statistical
models is their flexibility, which means by changjithe statistical parameters; the same
model can be used to simulate the channel undéereiift conditions. The statistical
model for the fading of the received signal lewebased on the physical propagation
environment consisting of a large number of isalaeatterers with unknown locations
and reflection properties. Let the transmitted alidre

s(t) = Re[{u(t)e'®™e*®)Y] | (4.54)

where, u(t) is the complex envelope of the signih wandwidth B, § is the carrier
frequency is an arbitrary initial phase and Re(.) standgdat part of the signal. Let
the signal be transmitted through a fading chanii@e received signal is then
expressed as a sum of line of sight (LOS) and Nipath components. The received

signal can is given by

x(t) = Re{Nf) a, (Dut-T1, (t))eJ"ZT‘fc(*‘Tn(‘))*‘PDn)} , (4.55)
n=0
where, n=0: LOS path,

N(t): Total number of Non LOS paths,

Tn(t): Delay of LOS path and other multipath compdsen

I(t): Path length corresponding to defggt)=r.(t)/vo,

Vo: Velocity of light,

an(t): Amplitude of the received multipath,

@on(t): Doppler phase shift depending upon Dopplegdiency.

Sinceay(t), To(t) and @on(t) associated with each component undergo a change

with time hence they are characterized as randaoegses assumed to be stationary

and erogodic. Let
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@h(t)=21tfTn(t)- @on, (4.56)
then the received signal can be written as

X(t) :Re{ [ Nf;a (e Oyt -, (1)) ]ejz"fc‘}. (4.57)

As ap(t) is function of path loss and shadowing whiigt) depends upon delay and
Doppler shift, it is assumed that these two proegsse independent. Received signal
can also be obtained by convolving baseband irigoaku(t) with equivalent low pass

time varying channel impulse response,ty(and then up converting to the carrier
frequency x(1) =R (ofc(r,t)u(t—r))ejz”fC‘}. (4.58)

c(t,t) has two parameters, t is the time when respohsaultipath channel is observed
at the receiver for a transmission launchieseconds earlier into the channel. From
(4.57) and (4.58)

c(t,t) = Re{ [ Nf)an (e * O3t -1, (1) ]} . (4.59)
n=0

If the channel is time invariant then time varyipgrameters of channel become

constant, and t(t) = c(t) is just a function of as given by
ch.)=c)=> o (e ™3(T-1,). (4.60)
n=0
Assume channel is slowly varying channel i.e. takayl spread § associated with the
channel is small relative to inverse bandwidthhef transmitted signal
Tm<<B™

Under above condition < Ty, O i so that u (&) = u(t) ) i and (4.57) can be written as
x(t) :Re{[ Ya, (oo ]u(t)eizﬂfc‘}. (4.61)
n=0

(4.61) differs from original transmitted signal)sfly a complex factor written in
parentheses. This multiplicative scale factor dependent of the transmitted signal s(t)
or, equivalently, the baseband signal u(t), as lsthe narrowband assumptibp<<

1/B is satisfied. In order to characterize the randealesfactor caused by multipath
components let s(t) be unmodulated carrier withoDS component present in the

multipath and given by
s(t) = Re[{e'?<"®)}] = cosQrt t+@,). (4.62)

With this assumption the received signal becomes
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x0=Re[ Y, g0 Jer)
n=1

(4.63)
= 1, (t) cos@rt t) + r, (t) sin(2re t).
where, in phasg(t) and quadratureyt) components are given by
0= 2 o, (0cosk, M) o)=Y a,Osin@, (1), (4.64)
where, the phase term (t)=21 Tn(t)- @on= dn(t) - Pon. (4.64a)

Thus the transmitted signal in multipath environmisnmodified by a multiplicative

distortion and additive noise as given by (4.65)
x(t) = g(t)s(t) +n(t), (4.695)

where, g(t):Re{[ Nf)an (e 1O ]} is the envelope of the s(t) and n(t) is AWGN.
n=1

(4.65) is equivalently represented in Fig.4.8.

a(t) n()

Figure 4.8: Model of mobile channel

4.7.1 Envelope modeling of received signal

In (4.64) if N(t) is large, then the applicatioh@entral Limit Theorem and the
fact thatan(t) and@y(t) are stationary and erogodic processes imply rifth and g(t)
are jointly Gaussian random processes. It is alssuraed that amplitude, (t),
multipath delayt, (t) and Doppler frequency,, (t) [f,, (t) = v cosO,(t)/A for Ox(t) its
angle of arrival] are changing slowly enough suwdt they are constant over the time
interval of interest.

vcoso
—

This assumption is true when each multipath is @ased with a single reflector [68].

a,®)=a,, t,()=1, and f, ,(t)=Ff, = (4.66)
The " multipath componennf_t, in the termg,(t) in (4.64(a)) changes rapidly
relative to other terms, hence the teBnf _t, can undergo 360rotation for a small
change in multipath delay. (This is possible fasis large). Under this assumption

¢, (t) is uniformly distributetﬂ— T, n], therefore

138



Elr, (9] = [za cosp, (t)] - [z Ela, [E[o, (t)]} -0, (4.67)
as a, and ¢, are independent. SimilarI}E[rQ(t)J=0. Thus received signal is zero

mean Gaussian proces€onsider now the autocorrelation of the in-phase an
guadrature components. Using the independeneg ahd @, the independence af,

and@y, n Zm, and the uniform distribution @, it can be shown that
Ehmohaﬂ=bencmwaozam$mmmo}:EZEhnadEkmwaosmmmaﬂ,
=y Elcx ﬁJ E[cosy, (t)sing, ()] =0. (4.68)

Thus 1 (t) and ry(t)are uncorrelated. Since they are Gaussian hence dhe

independent.

For any two Gaussian random variab¥esndY, both with mean zero and equal
variances?, it can be shown thaB = VX2 +Y?2is Rayleigh-distributed an&? is
exponentially distributed [39]. As shown above tfat@,(t) uniformly distributedr,
andrq are both zero-mean Gaussian random variablesvdfiance ofs? for both, in-

phase and quadrature components, is assumed thsigtial envelope is given by

9)=X(1)] =1 (O +1g()? . (4.69)

Using above model the received signal &tetement is given by

Xn(t) = Gn(t) S(1) + (D), (4.70)
where, the term gt) at the i element includes signal power fading. s(t) is the
transmitted signal assumed to be unmodulated carg) denotes the noise at'm

element. The noise is assumed to be uncorrelatibdsiginal.
4.7.2 Rayleigh Faded environment

In Rayleigh faded channel,ff) has Rayleigh distribution. The probability diys
function (pdf), f (g), of the received signal anptie (envelope) is given by [74]

fo (@) =2 ex _ 9 920, (4.71)
o? 202

whereg? = variance of ((t) and g(t) and letP, :zE[O(ﬁ]:ZGZ: Average received

power of signal. For filtering in FrFT domain oneeuls to know the correlati®, of

the x(t), and cross-correlatior), between the input x(t) and the desired signal d(t)
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Knowing R,, andr,, the R, andr, , in d"domain can be computed using (4.48) and
(4.49).
Correlation of received signal at nf' element
Ry, = Exn (0%, (0] = E[(@,800 + n,, (0)((G, S (0 + 15, 0)],
= E[gGn S5 (1) + G SON, (1) + Ny (DTS (O + 1y (O, (1),

= E|g,.|*|[s(ts’ () + Elg,, OB, (01 + Eln,, ()]ELG;, 1) + Eln,, (On;, 0]]- (4.72)

As gn(t) and n(t) are uncorrelated, therefore
R, = Elo. [’ Jstts 0 Ry, 4.73)
where, Rn is the correlation of the input noise at th& element. pdf of|gm|2 is

derived using transformatiOIZ:|gm|2, thus received signal power is exponentially

distributed

z

pz(z):ie_a: 1 e_ﬁ, z=>0. (4.74)

P, 20°
Cross-correlation of the received and desired sighat m™ element
f,.a = E[X,, (0d(D)] = E[@,s(t) + n,, (0)d" (1)]. (4.75)
Two cases are considered here

(i) The desired signal be equal to the transmitgdal, d(t) = s(t)
Fypa = E[(9,S()+ 1, (1)S ()] =Elg,] st (®) + EIny, (]S (©) =Elg, ] s (0. (4.76)
(i) The desired signal is estimated at the reaeavel given by d(t) =gt) s(t)

fyoa = E[(908(0)+ 1 (1) 9,8 (1)] = Ellg,|* 18t (1) + EIn,, ()9, 1S (1),

= Efg.| 1s(ts (1) (4.77)
The above mathematical model is valid for a cartstalocity source as in the

case of mobile wireless environment and also ireM&s communication. The optimal
spatial filtering problem is also useful for apglions involving chirp signals such as
signal enhancement problems with accelerating sidak sources where the Doppler
effect generates chirp signals and a frequency &ifexample in radars. The model
for such wireless communication is also developed.
Accelerating source in wireless communication

Assume that the source is moving with constanelecation. Let v be the

initial velocity of the source an be the acceleration of the source. The received
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signal frequency differs from transmitted frequerigyy virtue of the Doppler shift

produced by the accelerating source. The Doppésjuigncy produced by accelerating

source is f,= 2)\—wt . (4.78)
Hence received signal is given by
x(t) = R{{Zan (e @ }eimc(t)e—ima(t)} _ R{{Zan (t)e—mon(t)}ejszc—fa)t} , (4.79)
Hence the received signal af'mntenna element is given by
Xm(t) = g (1) S(8) +1n (1), (4.80)

where,s (t) = et
Correlation of signal

R, =ElX, ()X, ()] = Ellg,| 1S (18" (t) + R, (4.81)
Cross - Correlation of received signal
Case (i) d(t) = s(t),

fa = ElXq (0A0)] = E[(x (05 (0] ZEN(9,,8 (1) + n(©)s ()]
=Elg.]s (s ) + El,, (OF (O,
- E[g ]ejzn(fc_fa)te_jzn(fc)t = E[g ]e_jzr[(fa)t. (4.82a)
Case (ii) d(t) = g(t) s(t),
r,.a = Ellg,|"1e7". (4.82b)
4.7.3 Ricean Faded Environment
The Ricean distribution is observed when, in additto the multipath
components, there exist a direct path betweenrémesitter and the receiver. In the
Ricean case, the mean values,@j and g(t) will not be zero because of the presence
of the direct component. The pdf of Ricean disteglourandom variable is given by

P (@) =%exr{— g +SZ}Io(g—fj, (4.83)

2¢° o

where, §(.) is the zeroth order modified Bessel functiontted first kind. The Ricean
distribution is often described in terms of a pagten k called Ricean factor. ks

defined as the ratio between the deterministic adigrower and the variance of the

2
multipath and is given by, :% ,where,
o
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s? = Power in LOS component and

P.= 20°= power in non LOS component

29k +) | (k, +1)g’ [Ke(k, +)
pe(g)—TeXF{ K, T p }'{29 e j g=0. (4.84)

The " moment of Ricean faded RV is given by
" 2in n
n, =Elg"] = (0?)2 i; +1exp<—kr)1Fl(§ +11; kr), (4.85)

where, 1F(.;.;.) is the confluent hyper geometric functiondaf is the gamma

function.
For n=2 W, = E[gz] = (cz)ﬁ expCk,),F (21K, ). (4.86)
For n=1 U, = E[gl] = (02)% Eexp(—k,) 1':1[2 1; k,j. (4.87)

In case of Ricean environment the signal receiveteani" antenna is given by

X (t) =9, (0s(t) + (1),
where, g, is Ricean distributed random variable.

Correlation of the signal in mobile and wireless evironment
Ry x, = EX g (DX (1)]
=Ellg,,[ 188" (1) +R,, =[)2(0?)expk,),F (22K, ) (8" (t) +R,,.(4.88)

Cross-correlation of the signal in mobile and wiretss environment
Case (i) d(t) =s(t),

r, o = E[x,, (0d(0)] = Elg,,] st (t) + En,,(1)Is (1),

= Elo,Jstos (0 = | 3(o)exptk, )R Sk, Jots 0 (4.8%)
Case (ii) d(t) = g(t) s(t),

Fo = Ellgn| 1508 (). (4.89b)
Accelerating Source in wireless environment

R, . = E[X, ()X, (t)] =Elg,|” 1St (1) +R,,. (4.90)
Case (i) d(t) =s(t),

r.o = Elg,Je77". (4.91a)
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Case (ii) d(t) = g(t) s(t),
ro = Ellg,|" 1e72)", (4.91b)
4.7.4 Nakagami Faded Environment

A more general distribution for the fading ampliguid given by the Nakagami
distribution [74]

m . 2m-1 2
pe (@) = 229 exr{— my } m= 05, (4.92)
)(m)P" P

where,c® = E {g?} and m = ¢* /[E{(g? - 0°)?}. The Nakagami distribution is often used
to model multipath fading as it can model fadingditions that are either more or less
severe than Rayleigh fading. When m=1, Nakagantiildigion becomes the Rayleigh
distribution, when m=1/2 it becomes a one-sided SSiam distribution and when
m - oothe distribution becomes an impulse (no fadingy.mce 1, the fluctuations of
the signal strength reduce compared to Rayleigimga@nd Nakagami tends to Ricean.

The i" moment of Nakagami random variable is given by

m+D n
2 (ﬂjz . (4.93)

Hy = E[g?n]= m
Jm+1
Jm

n=2 u, =Elg? | = (%j =p. (4.94)

In case of Nakagami environment the signal receatatle nf' antenna is given by
Xm (1) =9 (1(t) + (1),

where, ¢, is Nakagami distributed random variable

Correlation of the signal in mobile and wireless evironment

The correlation function of the signal receivedrdltantenna is given by
Ry, = Ellg.| 1s(ts () +R,,. (4.95)

The expected value af?, is derived from transformatio =|g,,|"

E[z]=Eg,|".
o (m)" x™ _mz
pdf of Z is given byp, (z) _(PJ W ex;{ P J . (4.96)
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Cross-correlation of the signal in mobile and wiredss environment
Case (i) d(t) = s(t),

The cross-correlation function of the signal reeeiat nf' antenna is given by

=

m+ = 1
Mo = Bl (0A(D] = Elg,, | (08 (0 = WZ (%J (s (1), (4.97)
m+ ; 1
where E[gm] = W (%)2 . (4.98a)
Case (ii) d(t) = g(t) s(t),
r.o = Ellg,,|" 72" (4.98b)

Accelerating Source in wireless environment

R, . =Elg.*]s (s ®+R,, . (4.99)
Case (i) d(t) = s(t),
r,.o = E[0,]e ™. (4.100a)
Case (i) d(t) = g(®) s(t),
r,.o = Ellg,|"1e77", (4.100b)

4.7.5 Generation of various fading environments

In all these simulations the noise is taken as Eégan Circularly Symmetric Complex
Gaussian (ZMCSCG) noise with variance 1.

(a) Rayleigh faded channdtor a given time instant, the received signahacase of a
stationary receiver was generated using equati@3)4vith gon(t)=0. In simulation the
total number of paths are taken as N=10. Gener#iagignal using equations (4.63),
(4.64a) and (4.66) allow us to incorporate Dopjéect by introducing motion. The
path amplitudesx, are taken to be Weibull distributed so as to alfexibility in
varying its parameters. The phaggwere taken to be uniform in [GI2 The Weibull
random numbers were generated using the functeibrnd from the Statistics
Toolbox, and the uniform phases were generatedgufie functionunifrnd. The

received signal was then demodulated to get thieaisg and quadrature components,
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using the commandlemodfrom the Signal Processing Toolbox. Subsequertiig,
envelope was calculated using equation (4.69).

(a) Ricean Faded channel- To simulate the presence dirext component, the
received signal was modeled by equation (4.38hilt additional LOS component. In

the presence of such a path, the transmitted sagmebe written as
N(t) ) . )
x(t) = Re{[ Yoo, (he?*® Je?me +k elszc”vt}. (4.101)
n=1

The rest of the simulation was carried out agart (a). The value of kwas taken to be
equal to 5.
(b) Nakagami Faded channel Since Nakagami distribution encompasses both
Rayleigh and Ricianthe Nakagami distribution seems to be a good fitRayleigh
fading with an average value of the parameter 1. It also seemed to fit the Rician
distribution between £ m< 2. The value of m was taken as 0.9 in simulations.

The fading envelopes for Rayleigh, Ricean and jaka environments were
generated for mobile velocity varying from 0 and01@/s. In case of accelerating
source the signal was generated using equatio®)(4The acceleration was varied

from 0-6 m/set

4.8  Macro-cellular and Micro-cellular Propagation Environments
4.8.1 Macro-cells
A macro-cell is characterized by a large cell uad{up to a few tens of

kilometers) and a base station located above tbetop. In macro-cell environment,
the signal energy received at the base station drom three main scattering sources:
scatterers local to the mobile, remote dominanttesicas and scatterers local to the
base [16] as shown in Fig.4.9.

The scatterers local to the mobile give rise tchgdhat reach the base station with
small delay spread and small angle spread [16th®fpaths emerging from the local-
to-mobile scatterers, some reach remote dominaaitesers, like hills or high rise
buildings, before eventually traveling to the basation. These paths will typically
reach the base with medium to large angle and dgleads. Once these multiple wave
fronts reach the vicinity of the base station, tieyally are further scattered by local
structures such as buildings or other structureg #re close to the base. These
scatterers local to the base can cause large spiad, therefore they can cause severe

space-selective fading.
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Figure 4.9-Different Scatterers surrounding the mobile in Micro and Macro
Cellular Environment [16]

4.8.2 Micro-cells

Micro-cells are characterized by highly dense thnilareas, and by the user's
terminal and base being relatively close (a fewdned meters). The base antenna has a
low elevation and is typically below the roof taqgusing significant scattering in the
vicinity of the base. Micro-cell situations make thropagation difficult to analyze and
the macro cell model described earlier does noesssrily hold anymoré/ery high
angle spreads along with small delay spreads &edylito occur in this situation.
Doppler spread can be as high as in macro-cetlspwdh the mobility of the user is
expected to be limited, due to the presence of imsioatterers.

For proper and efficient implementation of futegstems, emerging wireless
systems must be able to exploit processing of alpatiormation [132]. The design of
these systems depends heavily on information atheutypical channel response and
requires signal information such as the amplityglgse and AOA of multipath delay
spreads. The models describing channels based ese tharameters are known as
parametric channel models. All these models prowidstipath parameters including
the AOA information essential to simulate an angemnray system. Some of these
models are suited to the micro cells typically gpetin urban areas, while others are
more applicable for the macro cells found in thear@nd suburban areas. There are
also channel models based on propagation statistibe indoor environment [3, 118].

In these models, it is assumed that the signalsaiving uniformly along the
azimuthal direction. However in more realistic saéos, the AOA of the multipaths
depends on a number of factors, such as the desthatwveen the transmitter and
receiver, location of scatterers, size of the ngngiantenna etc. as shown in Fig.4.10.

Hence in order to test the performance of antenrsys, an accurate description of the
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spatio-temporal channel model is required, whicunes real world data of above
parameters. These models are known as Spatio Tair(loannel Models.

49  Spatio-Temporal Channel Models

In spatio-temporal models the multipath reflecsioare created by

random placement of scatterers inside a regiomeefby a specific geometry. From
the position of the scatterers, multipath delay®Afand power levels are determined.
Thus these models provide a statistical descriptibthe wideband spatio-temporal
radio channel, which is useful in simulating a spime processing system. Fig. 4.10

depicts a general example of this multipath envirent.

Aoa(Her 05 (- 1,) Aa( 9™ 58— 102) moie 1

mobile 2

Ana (D™ W5 (- 1)

Ana(£)e™ 05 ( 1 13)
Aga( e Ve - Tga)

beam of the base station
steared toward mobile

Figure 4.10-The Multipath Environment
In Fig.4.10, each signal component propagatesutfiroa different path,
determining the amplitudé,, carrier phase shifgh time delayzy angle of arrival
8. and Doppler shiffy of thelth signal component of thé" mobile. Accordingly,
each of these signal parameters will be time-varyiri6]. The vector channel impulse
response characterizing Fig.4.10 is expressed .kD24, wherea(§ (t)) is the array

response vector.

N(t)-1

h(t1)= .(E)o A, (e Va(®, (t)5(t -1, (t)) . (4.102)

The spatial channel impulse response for the rivsbile user given by (4.102)
is made up of the summation of several multipatmpeonents, each having its own
amplitude, phase and angle-of-arrival. N(t) is thember of multipath components.
When antenna arrays are employed, the array respeestor is a function of the

antenna array geometry and the AOA. This vectomadly is described as in (4.103),
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eXF(_NJu)

a6, (t)) = eal-iv.) | (4.103)
eXF(_NJLm)
where, W, (t)=[x; cod8, (1)) +y, sin(e, (t)]k, and

k=2n/\ is the wave number. The variablm, defines the number of elements

and(x,,y,), is the coordinate of thdielement. The distribution of these parameters

given in (4.103) is dependent upon the type of remwnent. Two statistical channel
models known as Geometrically Based Single Boui@BSB) elliptical and GBSB

circular are described next for micro and macrautai environments [116].
49.1 Geometrically Based Single Bounce Elliptical (GBSBE) Model

This GBSBE channel model is chosen to describep&al urban multipath
propagation scenario. In a typical urban environindense scattering coupled with
abundance of reflection results in a rich multipstknario. In this situation, the micro
cellular concept where the base station has aivelatlow antenna height is more
appropriate. This implies that the multipath scatte are located near the base station
as well as near the mobile as shown in Fig.4.9.hAnoel model, which uses an
elliptical scattering region surrounding the basatien and the mobile, has been
proposed for the micro cell environment. The folilogv assumptions are made in

developing the elliptical channel model [135].

1. The signals arriving at the base station are plasmees propagating along the
horizon. As a consequence the AOA is calculatedy onl the azimuthal

coordinates.

2. The scatterers are omni-directional re-radiatingments having identical

scattering coefficients.

3. All scatterers are uncoupled. In other words, tigmads reflected from each

scatterer are not affected by the presence ofttier scatterers.

4. The received multipath signals are subjected ttadce-dependent path loss

characterized by a path loss exponent.
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4.9.1.1 Geometry and notation

In the GBSBE channel model the scatterers arenassuo be uniformly
distributed in an elliptical region. The base statand the mobile form the foci of the

ellipse as shown in Fig. 4.11

¥ axis

r—gf—h

X axis

Scattering Region

Figure 4.11-Geometry of the GBSB elliptical channel model

In Fig. 4.11, a distance D separates the basemstatid the mobile, with the
base station at the origin. All scatterers lie ipl@ne that includes the base station and
the mobile, implying that the reflected multipatiawes will appear to have the same
elevation angle. The elliptical region is complgtdescribed by its semimajor axas,
and its semiminor axish,. The choice of these parameters is determinedhby t
maximum delayTmax0f the multipaths. Larger values Bf.x imply greater path loss for
the multipaths and, consequently, lower relativesgrocompared to those with shorter
delays. Hence, this model has a nice physical pré¢ation in that, changing the
geometry of the ellipse can automatically adjust ¥arious channel parameters, such
as multipath amplitudes, delay spread and angksaspr
4.9.1.2 Mathematical formulation

The semimajor axisa, and the semiminor axiby, are related to the maximum
specified delaymax as below

a, =0, b, :% 2 -D? (4.104)
where,D is the separation distance between the transnaitigithe receiver arlis the

speed of propagation. The equation of an ellipggartesian coordinates
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_D/f
i /2)2 " ' o1 (4.105)
=g

Substitutingx=r, co$d,) andy=r, co4d,), the equation of the ellipse in Polar
coordinates

2 i 2
(v, cos8, - D/2) + (r, sing,) -1, (4.106)

Crmax ’ C2Tr2r1ax B D2 i
2 2

where,ry, is the distance from the base station to a scatiecated at the boundary of

the ellipse andj, is the AOA at the base station. Any scatterersimge ellipse can be
viewed as an equivalent one located at the bounofaey smaller concentric ellipse.
(4.106) can then be solved fgrfor different values of the multipath propagatateiay,
T O [Tmin, Tmay. HOwever an easier way is to utilize the coordinakeation of the
scatterer. Referring to Fig.4.11, the total prop@gadistance of a multipath ray from

the mobile to the base-station

d=r, +r, =1, +(D-r,cod8,))? +(r, cod8,))’ . (4.107)

Substitutingd = tc in (4.107) and solving fop iyields

D?-r?c? D
= i —S<TE<T,. 4.108
k 2(DcodB,)-)’ ¢ =T=In ( )

Due to the symmetric nature of the scattering mregsamilar expressions cdie derived
with respect to the mobile. The generation of sammf GBSBE channel model is
described in section 4.9.3.
4.9.2 Geometrically Based Single Bounce Circular Model

A typical rural or suburban environment is chardzésl by local scatterers
surrounding the mobile and number of large reflectmway from the vicinity of the
mobile is visible at the base station. In such mmwments, macro cellular concept
where the base station antenna height is consideréeé above the local clutter is a
more appropriate selection. Thus, the multipatthokaparameters in the propagation
model for rural or suburban environment are esayptiletermined by the distribution
of the scatterers around the mobile. The model knas Geometrically Based Single

Bounce (GBSB) circular model is specially suited fieacro-cell environments and is
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sufficient to represent a rural or suburban mulhipgropagation model. A
Geometrically Based Single Bounce circular modeésppposes the following
underlying assumptions [7, 116].

* The signals received at the base station are pl@ves propagating along the
horizon. Thus only the azimuthal coordinates amguired to represent the
corresponding AOA. This is due to the fact thatshparation distance between
transmitter and receiver is large compared toélspective antenna heights.

» The scatterers are considered to be omni-diredti@eadiating elements with
identical scattering coefficients.

- Each multipath component at the base station hasaicted with only a single
scatterer and thus is not influenced by the otbattarers in the channel.

4.9.2.1 Geometry and notation

The Geometrically Based Single Bounce (GBSB) cacuhodel assumes that
the scatterers are uniformly distributed withinicle of radius, R around the mobile.

The geometry of the circular model is shown in Bid.2

¥ axis

Figure 4.12-Geometry of the Circular Scattering Channel Model

In Fig.4.12, the base station and the mobile apasated by a distan@® with
the base station at the origin of the coordinastesy and the mobile is on the x-axis.
The scatterers are uniformly placed in a circleagfiusR with the mobile at the center.
Typically, R < D, so that there are no scatterers local to the tasen as is the case in
a macro-cell region. For simplicity, the plane dietscatterer can be viewed as
horizontal, which also includes the mobile andlibee station. This will ensure that the
angles of arrival of the received signal contaity azimuthal components. The AOA
of the multipath components at the base statiatersoted byd, and depends on two

parameters: the angle of departure from the mainle the position of the scatterer.
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The location of the scatterer is specified by itahce from the base statiop, and
from the mobile, g respectively. Since the scatterers are confineddircle around the
mobile, the AOA at the base statidd, is limited by a maximum value denoted by,
Bmax. Similarly, the angle at the mobil@; depends on the angle of departure from the
base station and the scatterer location. In thég,cas the mobile is located inside the
scattering regionfs can be any value in the interval [@]2The radius of the circular
scattering regionR, is usually determined by equating the angle spesapredicted by
the model with the measured angle spread. Typiakies of angle spread in a macro
cell environment ranges between one to six degfeesa transmitter to receiver
separation distance d =1 km. Using the fact that the angle spread is selgr
proportional taD, the measurement results suggest a radius oésmatanging from 30
to 200 m.

4.9.2.2 Mathematical formulation

The region of scatterer in the Cartesian coordsetgiven by

(x-D)*+y?<R?. (4.109)
Substituting, x=r, co$d,) andy =r,co$6,) in (4.109) and expanding, the scattering
region in Polar coordinates

r2-2r,Dcodd,)+D? < R? . (4.110)

Referring to Fig. 4.12, the total multipath propéga distanced is given by

d=r, +r, =1, +/(D-r,codd, )] +(r,sin(g,) . (4.111)
Substituting d = rc , wheret is the multipath propagation delay, the distantcée
scatterer from the base statiof),aan be expressed as
D? - 12¢2
r, = :
* 2(Dcodp,)-1c)

(4.112)

As in the GBSB elliptical channel model, the symmeetature of the scattering region
allows similar expressions to be derived with respe the mobile. The generation of
samples of GBSBC channel model is described inwedt9.4.
4.9.3 Generation of Samples of the Elliptical Channel Model

The elliptical model described in 4.9.1 can be usedgenerate various

multipath signal parameters such as multipath del#&yOA 4, and powelP; of thei"
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multipath component. The idea is first to define ahpse corresponding to the

maximum multipath delay,, and uniformly place the scatterers inside the s#liprhe

relevant signal parameters can then be calculated the coordinates of the scatterers.

It is assumed that the number of multipath (scat$3/N and the transmitter to receiver

separation distanc®, is known. The procedure is outlined below

A value of the maximum multipath propagation defayis chosen
Samples of two uniformly distributed random vareshlx and y, I=1,2...N are
generated over the interval [-1,1].
Isolate the points that lie on and within a cirofeunit radius centered at the origin.
Translate them from the Cartesian coordinateyi) to the polar coordinates; @)
according to the following relationships

n=JX2HyE, @ =tan'1[%j; | =12..N. (4.113)

|

Thus,N samples of a random variable described by the polardinatesr(,4) are
obtained that are uniformly distributed in a cirofeunit radius. These samples are
translated so that they are uniformly distributadan ellipse, the following two
transformations are performed

X, =a, 1 cods, )+% y, =b,rsin(6,) 1=12.N, (4.114)

where, a,, and b, are the semimajor and the semiminor axes of thipsell
respectively corresponding to the specified and are given by (4.104). The

multipath propagation distance; &1,2...N can be calculated as

d = +y? +{/(D-x ) +y?; 1=12.N. (4.115)

The propagation delays of the multipaths|=1,2...N will be
7, =—; 1=12.N; c=3x10°ms. (4.116)

Following that the base station is located at ttigiro of the coordinate system, the

angle of arrivals (AOA) of the multipaths at thesbastation are given by
0y, =tan‘1(ij; 1=1,2.N. (4.117)

The power of the direct path component (LOS) candbeulated as below
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P,(dBm) =

ref

[V
(dBm)-10nlog << |+G,(6,)+G, (8,). (4.118)

where,P is the reference power measured at a distape&aim the transmitter
using omni-directional antennas at the transmitted the receiverP.; can be

calculated using Friis’ free space propagation rhgien by

ref

4rd,,,
P.(dBm=P (dBm)—ZOIog( /]’e J (4.119)

where, P is the transmitted power ad=c/ f is the wavelength for a particular
carrier frequencyf. The path loss exponem,typically ranges fron8 to 4 in a

micro cell environmentG, (6,) and G, (6, )are the gains of the transmit and the

receive antennas as functions of the angle of tieeaby and the angle of arrival,
0, respectively. For the LOS componeifand0, are both zero. The power of each
of the multipath component can be calculated asvbel
R,(dB)=P,(dB)-10nlog(d,)-L, +G,(8,,)-G,(0)+G.(6,,)-G,(0).  (4.120)
where, L is the path loss in dB
Assuming the phase of the multipath components|=1,2...N are uniformly
distributed over the interval (Oi2 the complex amplitudes of the multipath
components are calculated as below

a, =100 R)2gin 1 =1,2..N. (4.121)

4.9.4 Generation of Samples of the Circular Channel Model

As in the elliptical channel model, the same metimdsed to generate the

multipath channel parameters using the circulanobbmodel. Again, the basic idea is

to define a uniform circular scattering surrounditige mobile with the radius

corresponds to the maximum multipath deley,. The relevant signal parameters can

then be calculated from the geometry of the sdatjeregion. As in the case of

elliptical model, it will be assumed that numbemafiltipaths,N and the transmitter to

receiver separation distance, D is known. The gloeis described below.

A value of the maximum multipath propagation defgy,is chosen
The radius of the scattering region is calculatedoeding to the following

relationship
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R =X ~D) (4.122)

where, c is the speed of propagation.

Samples of two uniformly distributed random vareshlx and y, 1=1,2...N are
generated over the interval [;RRy] and the points that lie on and inside a circle of
radius R, are isolated. The coordinates of these pointsitorayin at a distance D

from the center of the circle is
X, =X +D, Y. =V | =1,2...N. (4.123)

C

The multipath propagation distance,ld1,2.. N can be calculated as

d= X2 +y2 +{D-x) +y2. (4.124)
The propagation delays of the multipathsand AOA at the base station (origin)
[=1,2..Nare

Ve
X

C

I, :%, Oy, :tan'l( J; | =1,2...N. (4.125)

The power of each of the multipath component cacdbeulated as below

P (dB) = P,(dB)-10nlog(d,)-L, +G,(6,,)-G.(0)+G, (6,,)-G,(0).  (4.126)
where L is the path loss in dB
Assuming the phase of the multipath componewts]=1,2..N are uniformly
distributed over the interval (072 the complex amplitudes of the multipath
components are calculated as below

a, =100 R)2gin | =1,2..N. (4.127)

In both GBSBE and GBSBE channel the received sightie nf antenna is given by

X () = %a ettt (4.128)

where, o, are generated as described aboyds fthe Doppler shift produced by a

moving vehicle can be found usifyg=v/A.In case of accelerating sourcg i§

replaced by § as given by (4.78). The maximum multipath propagatelay,tm is

taken as 8 microseconds. The gain of each antesntaken as 10 dB. The transmitted

power is taken as 100 dBm In simulation of recgiségnal at M antenna through
GBSBE and GBSBC channel models two paths (N=2) veesstumed. The Doppler

shift in both paths was assumed to be equal foimgoas well as accelerating source.
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4.10 A CASE STUDY

In this chapter the fractional Fourier domain beanmiing is implemented using the
beamformer shown in Fig. 4.7. The input signabiseenh as a harmonic with frequency
100 MHz, which is falling at the beamformer alongthwAWGN. The source is
assumed to be moving in a direction of the arrdye Thput signal is also assumed to
fade to take into account the multipath propagasioenario. The source is considered
asa

a) Stationary source

b) Source moving with constant velocity

c) An accelerating source with initial velocity
The fading on the source is also considered to be

i) Rayleigh fading

i) Ricean Fading

iii) Nakagami fading.

The beamformer’s performance is also evaluated igravellular and macro cellular

environments using GBSBE and GBSBC models. Intladlse cases the noise is
assumed to AWGN. The MSE in each case has beeunlai@id using fractional Fourier

domain beamforming, time and frequency domain beamifig. The input SNR to the

array is also varied to show the robustness offttd beamformer. The results are
shown in the Figs. 4.13-4.48

411 Experimental Details

In the experiment a 5 element uniform linear arimytaken. The spacing between
elements is taken as &M2. The harmonic source is in far field emittingguency 100
MHz. The first element of beamformer is taken a@erence element. The source is
considered as stationary as well as moving with oastant velocity of 10 to
100m/sec.The acceleration of the source is variau £ to 6m/set Total 21 samples
of the signal are taken as the value of ‘a’ ise@rfirom -1 to 1 with a step of 0.1. For
finding the variation of MSE with ‘a’, for each wa of ‘a’, 500 independent
realizations of the signal plus noise are consitlefdie average of these 500 squared
estimation errors values gives an estimate of MI3&s procedure is repeated for each
value of a, for a fixed SNR. The value of ‘a’, tmainimizes the MSE for a given SNR
is the optimum value of ‘a’ for that SNR. For findi the variation in MSE with SNR,
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for each value of SNR, 200 independent realizatiares taken. For obtaining plots
MSE vs SNR the optimal value of ‘a’ is used for lea@lue of SNR. The average of
these 200 independent realizations gives MSE fatritalue of SNR.

412 Improvement in output SNR and Array Gain of the FrFT
beamformer

The improvement in the output SNR and array géihe FrFT beamformer are
investigated next to find the superiority of themosed beamforming technique over
time and frequency domain beamforming. For AWGNectd® output SNR and array
gain is derived in section 3.10. The output SNRFRT beamformer is simulated in
AWGN environment without fading. The array gainidetl as the ratio of output SNR
to input SNR is plotted for the AWGN case in Fig9lThe results of output SNR for
AWGN environment are also shown in Fig.4.50a angd40b. For a faded signal case
the SNR is derived below. The input and output SNRading channels are defined
next.

Input SNR

Using the model described in 4.7.1 the receivedadigt the Ml antenna in multipath
environment is modified by a multiplicative disiort and additive noise and is given
by ¥ = gn s+ O, (4.129)
where, s(t) is transmitted signal or desired signé) is AWGN and where, g is a
random variable and depends upon the fading digiob. The received power of
signal is given by
1
T

Ts |(9m)|

f

1
2

Ts 2
[low| st =|@1m (4.130)
0

(%]

Ts 2
It is assumed that s(t) is normalized—_%rtj|s(t)| dt=1. Factor% is due to rms value of
s O

amplitude.As slow fading is assumed so thl,g| remains constant over a symbol

period and can be brought out of integral. Thus §NRthe nf' element is given by

2
SNR,, =V, = |gg| , (4.131)

2
w
whereg’ is the noise power. Let us assume Rayleigh fagimgronment so that

OgmUhas Rayleigh pdf and SI\J|52:|gm|2has exponential pdf given by
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g,]=2me (4.132)

P
1 _Ym
SNR..=e . (4.133)
E 2
[ =E[SNR, ] = {|g;“| AL (4.134)
0W O-W

It is noted that the SNR at each element is an exponentially distributenddoan

variable.l represents the average SNR at each element.

Output SNR
The received signals at the array elements arev@tirx(t) given by
X(t) = gs(t) +n(t), (4.135)
where, g9=[% 0 ...... ov1l’, (4.136)
and n=[non...... Ml - (4.137)
The output of the beamformer is given by
y(t) =w" x(t) =w" g s(t) +w'n. (4.138)

where,w is the optimum weight vector. SNR at the beamfarméput known as the

array SNR, is given by

SNR,, = ~. (4.139)

The denominator of (4.139) is given by
E{JWH n‘z}: EﬂWHnn”W‘} =w"E[nn"lw = a?w"l \w=ciwhw =02 |w|*,  (4.140)

where,ly = M x M = Identity matrix. The output SNR is therefoligen by

SNRout =Y=—

(4.141)

For Maximal ratio beamformer witl=g. The output SNR is given by

2
0l _ DR (4.142)

m=0 205‘/ m=0

SNR,, =

The output SNR is, therefore, the sum of the SNBaah element. The expected value
of the output SNR is therefore M times the avel@h® at each element, i.e VEMT,
which indicates that on average, the SNR improyes factor of M.
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Figure 4.13- MSE Vs “a’ for a source moving in AWGN channel
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Table-4.2: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in AWGN channel
for a moving source

S. Velocity Optimal Beamformer's MSE for Reduction in MSE in %
No of Domain SNR=20 dB
Source Time Frequency Optimum Optimum Optimum
(m/sec) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 a=aopt Domain Domain
1 0 0.4 0.7355 3.1663 0.3965 46.4% 87.09
2 10 0.2 0.6320 3.3279 0.3867 43.19 88.1¢
3 20 0.1 0.7770 3.5208 0.3955 49.29 88.7¢
4 30 -0.1 0.6567 3.3659 0.3969 39.59 88.3¢
5 40 -0.3 0.7268 3.3126 0.4010 42.69 87.8¢
6 50 0.1 0.6809 3.4439 0.3905 42.69 88.6¢
7 60 0 0.7054 3.0649 0.4037 42.7% 86.89
8 70 0.2 0.7215 3.6742 0.4036 44.09 89.0¢
9 80 0.3 0.7229 3.1394 0.4007 44.29 87.2¢
10 90 -0.2 0.6613 3.2051 0.3936 40.3% 87.74
11 100 -0.3 0.7072 3.3050 0.4028 43.0% 87.8
Table-4.3: MSE of moving and accelerating source for Optimum Domain
Beamformer in AWGN channel
S. Velocity of Acc. Optimum Optimum MSE in case MSE in
No Source of domain for domain for of moving case of
(m/sec) Source moving source Acc. source Acc.
(m/seé) source Source
1 10 2 0.1 0.0 1.61 1.50
2 10 6 -0.1 -04 1.55 151
3 20 2 -0.3 0.0 1.68 1.54
4 20 6 0 -0.2 1.62 1.59
5 40 2 0.1 -04 1.54 1.57
6 40 6 -0.3 0.3 1.58 1.58
7 60 2 -0.3 0.2 1.70 1.56
8 60 6 -04 0.1 1.60 1.34
9 80 2 -0.3 0.3 1.66 1.56
10 80 6 0.3 0.2 1.64 1.51
11 100 2 0.3 0.1 1.71 1.59
12. 100 6 0.1 0.1 1.65 1.69
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Table-4.4: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in AWGN
channel for an accelerating source

S. Velocity Acc. Beamformer's MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/seé) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 a=aopt Domain Domain
1 10 2 0.7247 3.4150 0.4029 44.0% 88.3%
2 10 6 0.6159 3.1510 0.3863 37.2% 88.3%
3 20 2 0.7592 3.150 0.4203 44.6% 86.6%
4 20 6 0.6979 2.9496 0.3912 43.9% 86.7%
5 40 2 0.7357 3.5960 0.4107 44.2% 88.6%
6 40 6 0.7049 3.0804 0.3919 44.2% 87.2%
7 60 2 0.7244 3.2892 0.4033 44.3% 87.7%
8 60 6 0.7011 3.0065 0.4003 42.9% 86.6%
9 80 2 0.7077 3.2997 0.3890 45.0% 88.2%
10 80 6 0.6826 3.2459 0.3979 47.7% 87.7%
11 100 2 0.6958 3.2512 0.3861 44.59 88.1%
12 100 6 0.7512 3.3663 0.4084 45.69 87.6%
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Figure 4.19- MSE Vs “a’ of a source moving in Rayleigh faded channel
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Table-4.5: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in Rayleigh
channel for a moving source

S. | Velocity | Optimum | Optimum Beamformer MSE for Reduction in MSE in
No of Domain Domain SNR=20 dB %
Source for for Time Freq. Optimum | Optimum | Optimum
(m/sec) AWGN Rayleigh | Domain | Domain Domain Vs. Vs.
channel channel a=0 a=1 a=8ypt Time Freq.
Domain Domain
1 0 -0.2 -0.5 0.9075 3.5618 0.4936 45.6% 86.1%
2 10 -0.3 0.1 0.9244 3.697p 0.513p 44.4% 86.1%
3 20 -0.3 0.2 0.8661 3.5478 0.480p 44.4% 86.4%
4 30 -04 0.1 0.8184 3.470p 0.490p 40.0%% 85.6%
5 40 0.1 -0.6 0.8373 3.8210 0.475p 43.2% 87.5%
6 50 0 -0.3 0.7418 3.4728 0.4738 36.2% 86.3%
7 60 -04 -0.1 0.7999 3.4263 0.4571 42. 7% 86.6%
8 70 0.1 0.1 0.8192 3.4921 0.4404 46.2% 87.2%
9 80 0.2 -0.2 0.8304 3.414y 0.4678 43. 7% 86.3%
10 a0 -04 0.4 0.8788 3.1376 0.476b 45. 7% 84.8%%0
11 100 -0.3 0.1 0.8298 3.4756 0.4860 41.4% 86.000
Table-4.6: MSE of moving and accelerating source for Optimum Domain
Beamformer in Rayleigh channel
S. No Velocity of | Acceleration Optimum Optimum MSE of MSE of
Source of domain domain moving Acc.
(m/sec) Source for moving for Acc. source Source
(m/seé) source source
1 10 2 -04 0 1.83 1.61
2 10 6 0.1 -0.1 1.52 1.35
3 20 2 0.1 -04 1.35 1.32
4 20 6 -0.3 0.1 2.35 2.31
5 40 2 0.2 -04 1.37 1.30
6 40 6 -0.5 0 1.66 1.54
7 60 2 0 -0.5 1.32 1.22
8 60 6 -0.5 -0.2 1.25 1.16
9 80 2 -0.2 -0.3 1.84 1.70
10 80 6 0 -0.1 3.32 3.05
11 100 2 -0.2 0.2 1.74 1.68
12. 100 6 -0.1 -04 1.18 1.07
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Table-4.7: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in Rayleigh faded
channel for an accelerating source

S. Velocity Acc. Beamformer MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/seé) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 a=aopt Domain Domain
1 10 2 0.8762 3.6717 0.4739 45.9% 87.79
2 10 6 0.8333 3.3330 0.4637 44.3% 86.09
3 20 2 0.8535 3.4614 0.4826 43.4% 86.09
4 20 6 0.8619 3.7221 0.4761 44.7% 87.29
5 40 2 0.8207 3.3311 0.4632 43.6% 86.09
6 40 6 0.7941 3.4332 0.4605 45.6% 86.59
7 60 2 0.8481 3.4178 0.4616 42.0% 86.59
8 60 6 0.8661 3.5470 0.4809 44.5% 86.49
9 80 2 0.8188 3.4705 0.4906 40.0% 85.79
10 80 6 0.8078 3.4710 0.4820 44 .5% 86.59
11 100 2 0.8373 3.8210 0.4755 43.29 87.54
12 100 6 0.8481 3.4178 0.4616 45.69 86.54
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Figure 4.26- MSE Vs ‘SNR’ of a source moving in Ricean faded channel
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Table-4.8: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in Ricean faded
channels for a moving source

S. | Velocity | Optimum | Optimum Beamformer MSE for Reduction in MSE in
No of Domain Domain SNR=20 dB %
Source for for Time Freq. Optimum | Optimum | Optimum
(m/sec) AWGN Ricean | Domain | Domain Domain Vs. Vs.
channel channel a=0 a=1 a=8ypt Time Freq.
Domain Domain
1 0 -0.4 -0.5 0.1460 0.910b 0.0888 39.0% 91.0%
2 10 -0.1 -0.5 0.1455 0.938p 0.086p 40.7% 90.8%
3 20 -0.4 0.1 0.146( 0.902b 0.0871L 40.3% 90.3%
4 30 -0.5 0 0.1566 1.0100 0.0829 47.1% 91.7%
5 40 0.1 -0.5 0.1401 0.8706 0.081y 41.7% 90.6%
6 50 -0.4 -0.4 0.1591 0.832p 0.0878 44.8% 89.4%
7 60 0.1 -0.3 0.1555 0.835p 0.086b 44.4% 89.6%
8 70 0.1 -0.2 0.159( 0.9508 0.088p 44. 7% 90.8%
9 80 -0.5 -04 0.1603 0.913y7 0.0871L 45.7% 90.5%
10 90 0 -0.4 0.1480 0.920p 0.0851 42.4% 90.7%
11 100 -0.4 0.1 0.1544  0.9272 0.0842 45.4% 90.9%

Table-4.9: MSE of moving and accelerating source for Optimum Domain
Beamformer in Ricean faded channels

S.No | Velocity of| Acceleration Optimum Optimum MSE of MSE
Source of Source domain for domain for moving of Acc.
(m/sec) (m/sed) moving Acc. source source Source
source

1 10 2 -04 0.1 0.3149 0.3028
2 10 6 -0.1 -0.5 0.3981 0.3654
3 20 2 0.1 0.1 0.4226 0.3739
4 20 6 -0.5 -0.1 0.3226 0.3131
5 40 2 -0.5 -0.2 0.5577 0.5035
6 40 6 -0.5 0.3 0.4401 0.4346
7 60 2 -0.1 -0.2 0.3250 0.3183
8 60 6 0.0 -0.5 0.2791 0.2609
9 80 2 -0.3 0 0.5662 0.5287
10 80 6 0 -0.4 0.2994 0.2890
11 100 2 -0.1 -0.5 0.2868 0.2824
12. 100 6 0.2 -0.4 0.3081 0.2874
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Table-4.10: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in Ricean faded
channel for an accelerating source

S. Velocity Acc. Beamformer MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/seé) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 A=yt Domain Domain
1 10 2 0.1509 0.8602 0.0870 42.3% 89.99
2 10 6 0.1531 0.8783 0.0853 44.3% 90.29
3 20 2 0.1481 0.8659 0.0860 41.2% 90.59
4 20 6 0.1472 0.8978 0.0834 43.3% 90.79
5 40 2 0.1571 0.9049 0.0887 43.8% 90.29
6 40 6 0.1460 0.9905 0.0888 39.2% 91.09
7 60 2 0.1455 0.9380 0.0862 40.8% 90.59
8 60 6 0.1460 0.9026 0.0871 40.3% 90.39
9 80 2 0.1566 1.0100 0.0829 47.0% 91.79
10 80 6 0.1401 0.8706 0.0817 41.7% 90.69
11 100 2 0.1591 0.8322 0.0878 44.89 89.44
12 100 6 0.1558 0.8355 0.0866 44.49 89.64
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Table-4.11: Performance of Optimum FrFT Domain Beamformer compared

with Frequency (a=1) and Time Domain (a=0) beamformer in Nakagami

faded channel for a moving source

S. | Velocity | Optimum | Optimum Beamformer MSE for Reduction in MSE in
No of Domain Domain SNR=20 dB %
Source for for Time Freq. Optimum | Optimum | Optimum
(m/sec) AWGN Nakagami | Domain | Domain Domain Vs. Vs.
channel channel a=0 a=1 a=8ypt Time Freq.
Domain Domain
1 0 0.0 -0.4 0.7187 3.3221 0.4196 41.6% 86.9%
2 10 -0.4 0.0 0.7709 3.332b 0.427H 44.5% 87.2%
3 20 -0.1 -0.3 0.7077 3.2340 0.44238 42.3% 86.3%
4 30 -0.5 -0.2 0.767% 3.4898 0.4234 44.8% 87.9%
5 40 0.0 -0.2 0.7230 3.2531 0.4281 40.8% 86.8%
6 50 -0.2 0.0 0.7720 3.221b 0.4121 46.6% 87.2%
7 60 -0.3 0.1 0.7331 3.1554 0.3948 46.2% 87.5%
8 70 0.1 -0.4 0.7383 3.1333 0.4151 43.8% 86.7%
9 80 0.1 0.2 0.7243 2.9863 0.413b 42.9% 86.1%
10 90 -0.5 -0.5 0.7608 3.5491 0.435[7 42.7% 87.7%
11 100 0.3 -0.2 0.7248 3.4397 0.4197 42.0% 87.7%
Table-4.12: MSE of moving and accelerating source for Optimum Domain
Beamformer in Nakagami faded channel
S.No | Velocity of | Acceleration Optimum Optimum MSE of MSE of
Source of Source domain for domain for moving Acc.
(m/sec) (m/seé) moving Acc. source source Source
source
1 10 2 -0.5 -0.3 1.75 1.63
2 10 6 -0.5 0.2 2.17 2.02
3 20 2 -0.1 -0.4 1.70 1.49
4 20 6 -0.1 -0.4 2.20 191
5 40 2 0.2 -0.1 1.31 1.21
6 40 6 -0.2 -0.3 1.61 1.55
7 60 2 -0.1 -0.4 2.11 1.98
8 60 6 0.2 -0.3 1.20 1.16
9 80 2 0.1 -0.4 1.47 1.25
10 80 6 -0.5 -04 1.79 1.63
11 100 2 -0.1 -0.5 1.76 1.67
12. 100 6 -0.1 0 2.14 2.00
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Table-4.13: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in Nakagami

faded channel for an accelerating source

S. Velocity Acc. Beamformer MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/seé) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 a=aopt Domain Domain
1 10 2 0.7634 3.2141 0.4113 46.0% 87.19
2 10 6 0.7148 3.2124 0.4255 40.5% 86.79
3 20 2 0.7510 3.3680 0.4184 44.3% 87.59
4 20 6 0.7358 3.1514 0.4118 44.0% 86.99
5 40 2 0.7187 3.2232 0.4196 41.6% 86.99
6 40 6 0.7709 3.3325 0.4275 44.5% 87.19
7 60 2 0.7677 3.2340 0.4425 42.4% 86.39
8 60 6 0.7675 3.4898 0.4234 44.8% 87.89
9 80 2 0.7231 3.2531 0.4281 40.7% 86.89
10 80 6 0.7720 3.2215 0.4121 46.6% 87.29
11 100 2 0.7331 3.1554 0.3942 46.29 87.54
12 100 6 0.7382 3.1333 0.4151 43.79 88.74
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Figure 4.39- Comparison of the variation of the MSEwith ‘a’ of two sources, one
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initial velocity, in GBSBE channel
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Table-4.14: Performance of Optimum FrFT Domain Beamformer
compared with Frequency (a=1) and Time Domain (a=0) beamformer in
GBSBE channel for a moving source

S. | Velocity | Optimum | Optimum Beamformer MSE for Reduction in MSE in
No of Domain Domain SNR=20 dB %
Source for for Time Freq. Optimum | Optimum | Optimum
(m/sec) AWGN GBSBE | Domain | Domain Domain Vs. Vs.
channel channel a=0 a=1 a=8ypt Time Freq.
Domain Domain
1 0 -0.6 -0.5 0.6433 2.748D 0.356Y 44.5% 87.0%
2 10 0.2 0.5 0.5684 3.304P 0.3506 38.4% 88.4%
3 20 -0.3 0.2 0.630( 2.8920 0.357p 43.2% 87.6%
4 30 -0.1 -0.4 0.6834 3.0164 0.3778 44. 7% 87.4%
5 40 -0.3 -0.1 0.6984 3.4008 0.342y 46.5% 88.9%
6 50 -0.1 -0.4 0.6404 2.9424 0.3608 43.7% 87.7%
7 60 0.2 0 0.63871 3.1263 0.3672 42.5% 88.2%
8 70 0.1 -0.5 0.5981 2.8370 0.3664 38.7% 87.0%
9 80 -0.5 -04 0.6421 3.1778 0.3541 44.8% 88.8%
10 90 0.3 0.2 0.626( 3.1788 0.3610 42.3% 88.6%
11 100 -0.5 0.3 0.6126 3.0613 0.3558 41.9% 88.83%

Table-4.15: MSE of moving and accelerating source for Optimum Domain

Beamformer in GBSBE channel

S.No| Velocity of | Acceleration Optimum Optimum MSE of MSE
Source of Source domain for domain for moving of
(m/sec) (m/sed) moving source| Acc. source source Acc.
Source
1 10 2 0.3 -0.6 1.49 1.48
2 10 6 -04 0.3 1.61 1.54
3 20 2 0.2 -04 1.53 1.43
4 20 6 0.2 -0.3 1.58 1.53
5 40 2 -04 0.0 1.53 1.52
6 40 6 -04 -0.1 1.51 1.37
7 60 2 0.2 0.1 1.51 1.48
8 60 6 0.3 0.1 1.45 1.40
9 80 2 0.1 -04 1.48 1.46
10 80 6 0.1 -0.2 1.54 1.33
11 100 2 -0.1 -04 1.46 1.44
12. 100 6 0.2 0.2 1.54 1.46
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Table-4.16: Performance of Optimum FrFT Domain Beamformer
compared with Frequency (a=1) and Time Domain (a=0) beamformer in

GBSBE channel for an accelerating source

S. Velocity Acc. Beamformer MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/sed) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 A=yt Domain Domain
1 10 2 0.6477 3.2386 0.3625 44.0% 88.89
2 10 6 0.6315 2.9977 0.3588 43.1% 88.09
3 20 2 0.6494 2.8973 0.3516 45.4% 87.69
4 20 6 0.6777 3.5132 0.3630 46.4% 89.69
5 40 2 0.6077 3.1258 0.3517 42.1% 88.79
6 40 6 0.6135 3.2510 0.3608 41.2% 88.99
7 60 2 0.6411 3.0026 0.3503 45.3% 88.39
8 60 6 0.6499 3.3256 0.3583 44.7% 89.29
9 80 2 0.6415 3.1471 0.3521 45.1% 88.89
10 80 6 0.6513 3.0827 0.3689 43.3% 88.09
11 100 2 0.6551 3.2131 0.3620 44.99 88.74
12 100 6 0.6582 3.0720 0.3638 44.79 88.14
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Table-4.17: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in GBSBC channel
for a moving source

S. | Velocity | Optimum | Optimum Beamformer MSE for Reduction in MSE in
No of Domain Domain SNR=20 dB %
Source for for Time Freq. Optimum | Optimum | Optimum
(m/sec) AWGN GBSBC | Domain | Domain Domain Vs. Vs.
channel channel a=0 a=1 a=8ypt Time Freq.
Domain Domain
1 0 0.1 0.0 0.5943 3.1498 0.3680 38.1% 88.3%
2 10 -0.5 -0.4 0.6658§ 2.843p 0.373) 43.8% 86.6%
3 20 -0.3 -0.4 0.6557 2.9496 0.384pH 43.7% 87.3%
4 30 0.0 -0.1 0.5964 3.1478 0.3684 38.7% 88.1%
5 40 -0.5 -0.4 0.7223 3.9090 0.3990 44.7% 87.1%
6 50 -0.3 -0.4 0.7198 3.676[7 0.3944 45.2% 89.3%
7 60 -0.5 -0.4 0.6778 3.0091L 0.3784 44.1% 87.4%
8 70 0.1 -0.3 0.6819 3.2299 0.3870 43.2% 88.0%
9 80 0.0 0.2 0.6484 2.933D 0.384p 40.7% 86.9%
10 90 0.1 -0.2 0.6816 3.2376 0.371)7 45.4M% 88.5%
11 100 -0.4 0.0 0.6554 3.1951 0.3808 41.9% 88.1%

Table-4.18: MSE of moving and accelerating source for Optimum Domain
Beamformer in GBSBC channel

S. No Velocity | Acceleration Optimum Optimum MSE of MSE of Acc.
of Source of Source domain for domain for moving Source
(m/sec) (m/seé) moving Acc. source source
source

1 10 2 -0.2 0.1 1.60 1.56
2 10 6 -0.1 0.1 1.64 1.62
3 20 2 0.2 -04 1.55 1.52
4 20 6 -0.2 -0.5 1.63 1.61
5 40 2 0.1 0.1 1.50 1.48
6 40 6 0.2 0.1 1.62 1.46
7 60 2 -0.2 0.1 1.65 1.46
8 60 6 -0.1 -0.5 1.62 1.49
9 80 2 -0.5 -0.5 1.65 1.62
10 80 6 -0.6 -0.5 1.57 1.56
11 100 2 0.2 0.2 1.61 1.58
12. 100 6 0.0 -0.5 1.52 1.51
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Table-4.19: Performance of Optimum FrFT Domain Beamformer compared
with Frequency (a=1) and Time Domain (a=0) beamformer in GBSBC channel
for an accelerating source

S. Velocity Acc. Beamformer MSE for Reduction in MSE in %
No of of SNR=20 dB
Source Source Time Frequency Optimum Optimum Optimum
(m/sec) (m/seé) Domain Domain Domain Vs Time Vs Freq.
a=0 a=1 A=yt Domain Domain
1 10 2 0.7099 3.3284 0.3937 44.5% 88.19
2 10 6 0.6901 3.3542 0.3774 45.0% 88.69
3 20 2 0.6670 3.0842 0.3766 43.5% 87.89
4 20 6 0.6791 2.9660 0.3698 45.5% 87.59
5 40 2 0.7268 3.5342 0.3826 47.3% 87.19
6 40 6 0.6371 3.2174 0.3720 41.6% 88.49
7 60 2 0.6413 3.3395 0.3785 40.9% 88.79
8 60 6 0.6788 3.0846 0.3682 45.7% 88.09
9 80 2 0.6791 3.3528 0.3769 45.9% 88.89
10 80 6 0.6670 3.2394 0.3703 44 .5% 88.69
11 100 2 0.6728 3.1682 0.3848 42.89 87.84
12 100 6 0.6782 3.3380 0.3797 44.09 88.64
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Array Gain vs INPUT SNR for source with velocity-Om/sec and acceleartion-0

—— Frequency Domain Beamformer
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OUTPUT SNR vs INPUT SNR for source with velocity-Om/sec and acceleartion-0

— Time Domain Beamformer
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4.13 RESULTS AND DISCUSSIONS
1.

The results of AWGN channels are shown in Fig. 4Tk source is assumed to be
moving with a constant velocity in a direction pemdicular to the direction of
array. The results are plotted for different vetiesi varying from 10m/sec to
100m/sec. The MSE as fanction of the FrFT order ‘a’ with different mown
source velocities is given in table 4.2.

The third column of table 4.2 clearly shows tharéhexists a domain in which the
MSE is less as compared to any other domain. inthtgisis the optimuntadomain

is found by calculating MSE for different values af1[-11] and choosing the

value of ‘a’ that gives minimum MSE. The proposeeéthod reduces to time
domain for a=0 and frequency domain for a=1.

The variation of MSE as a function of SNR is al$otted in Figs. 4.14. The MSE
for optimum FrFT domain filter is always found te bess than for time or
frequency domain filter. The improvements in thef@enance can be easily
observed in these plots, especially for low SNRe Performance improvements
are tabulated in tables 4.2. In fourth, fifth aixtrs columns the MSE are given for
time, frequency and optimum domain beamformers gosource moving with
different velocities. The MSEs are tabulated forRSi20 dB. The MSE of the
beamformer is found to be less in optimum domaiallicases.

Seventh and eighth column give the percentage tietducn MSE in optimum
domain as compared to time and frequency domainogiimum domain the
reduction in MSE can be as high as 49% and as ®09& when compared with
time domain beamforming. Similarly the reductiorMSE can vary from 86.8% to
89.0% in optimum domain when compared with freqyeti@main beamforming.
Thus it isdemonstrated that the proposed method yields ingpraesults that is
smaller MSE, in a moving source scenario, whichcammon in wireless
communication. This is due to the fact that theTRdg-more effective in case, when
a moving source produces a frequency shift in signa to the Doppler Effect. The
slight improvements in low SNR for the stationaoyice is due to the high level of
noise, making it possible to extract the signadome domain rather than a = 0 or a
=1, depending on the realization.

The proposed optimum FRFT domain beamformer cansed for yielding small

errors in case of accelerating source problems @lse variation of MSE in case of
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constant velocity source as well as acceleratingcgois shown in Fig. 4.15 and the
results are tabulated in table 4.3.

The MSE of an accelerating source is generally dotmbe less as compared to
source moving with constant velocity. This is doetlie fact that FrFT can deal
with chirped type degradations much better as coetpdo Fourier transform
because a chirp signal forms a line in the timgdsncy plane, and therefore, there
exists an order for which such a signal is comgéd]{. Chirp signals are not
compact in the spatial or time domain. The Wignetridhution of a chirp signal is
shown in Fig. 4.51. The effect of the FrFT on theghér distribution of a signal is
simply a clockwise rotation by an angte in the time-frequency plane, as

illustrated for a chirp signal in Fig. 4.51.

1500 Wigner distribution of a chirp 000 Wigner distribution of a harmonic
BOH 900
RO B0
o 0|
BOH 600)
& s £ st0
= 400 = w0
300 300,
i 200
100 100
02 freql?lancy 02 02 fl‘EﬂLnBﬂB]" 3]

Figure 4.51- Wigner Distribution of a chirp in time frequency plane. A chirp
transforms into a vertical line by FrFT into t-f plane which is Wigner
distribution of harmonic signal [64]

The variation of MSE with SNR for an acceleratimyi€e is shown in Fig. 4.16
and results are given in table 4.4. It is agaimtbthat FrFT domain beamforming
reduces the MSE in case of an accelerating soaré@®iGN channel as compared
to time domain or frequency domain beamforming.

The Wigner distribution of the signal and the sigoltained in a=0 domain, a=1
domain and optimal FrFT domain are shown in Figs7 & 4.18. Fig. 4.17 shows
the original as well as received signal with addithoise. In Fig.4.18 (b-d) the
Wigner distribution of the estimated signal at theeput of beamformer is shown in
time (a=0), frequency (a=1) and optimum FrFT dom&&gy).The Wigner
distribution is plotted for a single realization.

The proposed method of obtaining optimum 'a’ ietagon frame by frame basis.

To show the superiority of the proposed FrFT beaméo in fading environment
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10.

11.

12.

13.

14.

15.

the same results are also plotted for Rayleighagaki and Ricean faded channels
in Figs 4.19 to 4.36

The MSE as a function of the FrFT order ‘a’ of aving source with varying
velocity is plotted in Fig. 4.19 for Rayleigh fadetiannels. Different optimum
domains for moving source in Rayleigh faded chaanelgiven in table 4.5.

From the figures in 4.19(a-f) it is clear that #n@iways exist an optimum domain
for Rayleigh faded signal, that result in lower M&& compared to other domains
especially a=0(time domain) and a=1(frequency dajnarhe MSE in case of
Rayleigh faded signal can decrease or increasempared to AWGN channel
depending upon constructive or destructive interiee.

The variation of MSE with SNR for moving source lpieam is shown in Fig. 4.20
and the results are tabulated in tables 4.5. lmaph domain the reduction in MSE
can be as high as 46.2% and as low as 36.2% whapared with time domain
beamforming. Similarly the reduction in MSE canw#émom 84.8% to 87.5% in
optimum domain when compared with frequency dorbasmforming.

In Fig. 4.21 the variation of MSE with ‘a’ for mowg and accelerating source are
plotted. The results are given in table 4.6. InecakRayleigh faded channels, the
MSE for accelerating source is found to be less@mpared to moving source
clearly showing FrFT as a powerful tool in wirelessmmunication als?.The
variation of MSE with SNR for an accelerating s@uis shown in Fig. 4.22 and
results are tabulated in table 4.7. The Wigneridigtion for a single realization of
Rayleigh case is given in Figs.4.23 & 4.24, whitlows that in optimum FrFT
domain the energy is more concentrated as comparnade or frequency domain.
The results for Ricean channels are plotted in.Fdga5 to 4.30 and for Nakagami
channels in Figs. 4.31 to 43@he results are again compared in tables 4.8-4.13
For GBSBE and GBSBC channels the results are showigs. 4.37 to 4.48. The

comparison of results is given in tables 4.14-4.19

1. [P1] “Fractional Fourier transform based beamiog for next generation of wireless communicatiystems” Published in
IETE Journal of Technical Review on Special Issue of @&dband communicationgpp.349-365, September, 2004. (Issue edited
by Dr. K. Girdhar of IIT Chennai)

2.[P2] “Optimal Beamforming for Rayleigh faded Tinkeequency Varying Channels Using Fractional Foufiemsform”, J.
Indian Inst. Sci., Bangalore 85, pp. 27-38, Jan.—Feb. 2005.

3. [P5] “A Novel FrFT beamformer for Rayleigh fadeldannels”accepted for publication in International Journal foSpringer

on Wireless Personal Communications.

4. [P6] “Optimal Beamforming for Ricean faded Timeduency Varying Channels Using Fractional Fourr@ngform”,

submitted afterevision to International Journal of Numerical Modling.

4. [P14] “Fractional Fourier Transform Based Beamiimg in Micro-Cellular Environment of Wireless Coranication Systems”
Proc. of[EEE International Conf. of Signal Processing and @amunications, |1Sc, Bangalorepp.582-586, Dec. 11-14, 2004.
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16.

To emphasize further, three different sourcesatosiary source, a source moving
with a velocity of 10 m/sec and an acceleratings®wvith initial velocity 10 m/sec
and acceleration 2 m/Seare taken in the same GBSBE channel. Fig. 4.5%sho
the MSE with FrFT order ‘a’ in above case. The MBEoptimum (a=gy), time
(a=0) and frequency domain (a=1) are given in tab0. The MSE in case of
accelerating source is found to be minimum. Alsalircases the MSE is smaller in
optimum FrFT domain (azg), as compared to time domain (a=0) and frequency

domain (a=1).

Mean Squared Error

Figure 4.52-MSE in GBSBE channel for stationary, meing and accelerating
source

Table-4.20: MSE for optimum (a=aopt), time (a=0) and frequency domain (a=1)

17.

18.

Domain | Stationary source Moving Source| Accelerating source
aA=aypt 1.552 1.603 1.657
a=0 1.667 1.657 1.751
a=1 4.391 4.373 4.312

The fractional Fourier domain filters is a subclatshe class of linear filters [104],
but the class of Fractional Fourier domain filtesrsnuch broader than the ordinary
domain filters, so that in general the optimalefilfound in FrFT domain result in
much smaller errors as compared to ordinary tim&aurier domain filters. This
reduction in error comes at no additional cost beeaFrFT can be implemented
with the same cost as ordinary Fourier transfori) §9].

For time-invariant degradation models and statipnsignals and noise, the
classical Fourier domain Wiener beamformer, whiah be implemented in O (N
log; N) time, gives the minimum mean-square-error esiimof the original
undistorted signal. For time-varying degradatiomsl anon-stationary processes,
however, the optimal linear estimate requires é) ine for implementation. The

beamforming in fractional Fourier domains, whiclakles significant reduction of
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19.

20.

21.

22.

error compared with ordinary Fourier domain beamiog for certain types of
degradation and noise (especially of chirped natusguires only O (N logN)
implementation time. Thus, improved performancaciieved at no additional cost
[59, 61].

The four beamformer performance metrics which ddpgoon the MSE given in
table 3.5 shows that by decreasing the MSE allopexince metrics of an array
processing architecture in wireless communicatiohalls improve. Thus
beamforming in fractional Fourier domain can imprathe performance of the
beamformer to a large extent, as MSE using FrFTbeareduced up to 91.7%.

The FrFT based beamformer provides improved ar@y g@nd output SNR in
AWGN environment as compared to time and frequathmyain beamformer as
shown in Figs.4.49 and 4.50. From Fig.4.49(a) dndt (can be observed that to get
an array gain of 20 dB the FrFT beamformer requitedB less input power as
compared to frequency domain beamformer and 9 g&ifgut power as compared
to time domain beamformer for a stationary sourteAWGN. For a constant
velocity source the FrFT beamformer requires 1 dB & dB less input power as
compared to frequency and time domain beamfornsgetively.

The FrFT beamformer gives higher output SNR as e@wetpto frequency or time
domain beamformer. From Fig.4.50 (a) and (b) dbserved that for input SNR of
20 dB the FrFT beamformer gives 5dB high output @ows compared to
frequency domain and 11 dB high output power aspawed to time domain
beamformer for a stationary source in AWGN. Foroastant velocity (10m/sec)
source in AWGN the FrFT beamformer provides 2 dB 40.5 dB high output
power as compared to frequency and time domain fogarar respectively.

It is found that when signal of interest is broauth¢éhe beamforming is preferred in
frequency domain (i.e. by using Fourier Transfoam)compared to time domain
[64]. With the introduction of FrFT, having samengautational complexity as FT
and improved performance (in terms of reduced M8t€) next generation wireless
and mobile communications systems shall performmib@aning in Fractional
Fourier Domains as compared to frequency domatima@ domain. To emphasize

this, performance of FrFT is evaluated in termBBR in mobile environment.

5. [P17] “SNR Improvement of Uniform Circular Arra(sing the Fractional Fourier Transform Beamformiimg Radar
Environment”,Proceedings of International Radar SymposiymRSI-2005, pp.776-781, 19-22 Dec 20@&angalore, India.
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414 PERFORMANCE OF FrFT BASED OPTIMUM BEAMFORMER IN

INTERFERING MOBILE ENVIRONMENT

The performance of array processing architectae been studied from MSE
point of view in section 4.10. It is shown that fheé-T based beamformer outperforms
the frequency domain and time domain beamformeerms of reducing MSE. Next
the symbol error probability (SEP) performance loé tFrFT based beamformer is
studied in mobile wireless environment. The strietaf the beamformer shown in
Fig.4.7 also corresponds to that of linear optimeombiner as in SIMO system. With
optimum combining (OC), the signals received by esal antenna elements are
properly weighted and combined to maximize the vugignal-to-interference- plus-
noise ratio (SINR). In the absence of interfereincan additive noise environment, the
optimum combiner maximizes the signal-to-noise oratbNR) and has the same
performance as a maximal ratio combiner (MRC). Bi#° for coherent detection of
M-ary phase-shift keying using an array of antenwé#h optimum combining in a
Rayleigh fading environment is derived next. Letskhe diversity order and L is the
number of interferers. The received signal is gilgn

x(t) = ges(t) + (1), (4.143)

where,z(t) is the total interference in the system givgn b
Z(t) = i g;s; (t) +n(t) , (4.144)
i=1

where, gt) correspond to signal transmitted form iffeuser. The desired signal s(t)
and interfering users(§ are such that Ef&)]=E[s%(t)]=1. The Kx 1 noise vector is
complex white Gaussian with zero-mean and variafgcerhe channel is modelled as
flat Rayleigh fading, and the circularly Gaussiattorsg; {i=1,2....L} correspond to
the fading coefficients of th&" user.gs corresponds to fading vector of desired signal.
Ps and R correspond to mean power gf andg,. The antennas are assumed to be
placed distant enough so that the fading at eatdnaa is independent. The channel is
also assumed to be slowly varying, so that thenfpdioefficients remain unchanged
over the frame. The K K interference plus noise covariance matrix i&giby

R, =XX"+a21, (4.145)
where,X is an Kx L matrix with columns given by interfering user’s fiagl coefficient

vectorsg;, i.e. X=[01.......n..... g.]- In this analysisR, is the interference-plus-noise
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covariance matrix. The optimal combining weight teeccan be computed from the

signal-plus interference-and-noise covariance matso. In that case tH® is replaced
by R, given byR=g.g!' +RR,. As shown in appendix-C the resulting weight vexto

provide the same performance as they differ onlg galing factor.

The signal to interference plus noise ratio (SIN#R)this system model is expressed as

a 2
Woptgs

a b
RI Wopt

SINR= (4.146)

a
opt

is the spatially combining weight vector i" @omain. In optimum

w

a
opt

where, w
combining, the antenna weights are derived usiegWhener solution as discussed in
section 4.5. The SINR expression correspondingeed weights is

H=SINR=g" R gs. (4.147)
The SINR is conditioned ogs and g hence it varies at fading rate. SinReis a

Hermitian matrix it can be diagonalized by a unjitaansformation as

R, =Vdiad A, A,.eeeeennneee. AV, (4.148)
whereA,,.....cccecvveee. A are the eigenvalues ofR,. Define the vector
V= VO =[Ve1,Vs2. ... Vek] . SinceV is unitary, the elements ofretain the properties

of the elementgs. Thus (4.147) can be written as
2
vi

K
=2 (4.149)
where, V'=[vVo.......... Vik]. Since the elements a@f have complex-valued Gaussian

 is a chi-square random variable with two degrees o

distributions, each ternv
freedom. The joint probability density function {padf A,,................. A can be
derived using the theory of multivariate statistiedating to complex Wishart matrices

[114]. The general expression for the joint pdtioé first Nmmémin{K, L} unordered

eigenvaluest = (A,,.....cccecvveeee. A )T of R, valid for arbitrary K and L is

fo(Xp Xy )= K [Nrmi"e'x'xiN"‘“_N""“}Nmm_l[Nﬁn(xi—xj)z] (4.150)

1| 1 1
Nmin' i=1 i=1 j=i+l

where,N ., A ma>{K, L} andK is the normalizing constant given by

R —_ T[len (len _l)

er,n (N max)FNm,n (N min) 1

(4.151)
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~ thQEELA)Nmm

with My, (n)=m" ( -i). (4.152)

The additional K- N, eigenvalues ofR, are identically equal to zero. The SEP using
the chain rule of conditional expectation is gian
P,=E,[P,,] vihere

v|* |l (4.153)
Py =EqPr elu= Z +0

where, Pr{g}} is the SEP conditioned on the random varighldn deriving (4.153),

first perform E,,,{.} and average over the channel ensemble of theedesignal to
obtain the conditional SEP, conditioned on the cand/ectori, denoted b¥,, . Then
perform E,{.} to average out the channel ensemble of the imiegfesignals. The

conditional SEP, conditioned an for coherent detection of M-ary PSK in the gehera

case of K antennas and3aussiannterferers, is given by [114]

2
_1lo Cypsk < |Vi|
P.lA)=—[E,, - 0 4,154
eiA( ) T[J.O VA{eXp SinZGE)\i +0—§/ d ( )
Nmm in?
=LA@ sin” 8 — 8, (4.155)
Tt i=1 .
_smz 0+ Cypsx Nrol
where, cypsx = sinz[ﬁ} 0= nw, and
K=Npin
2
A) = sin” 8 (4.156)

1 b
~2

Sin® 0+ Cyype

and the fact that is Gaussian with i.i.d. elements is used in degvi4.155). Using
(4.153), the unconditional SEP for OC becomes

P, = [0 {0 ] Py (), (X)dx,...dx,, (4.157)

where, P, (X) is given in (4.155). (4.157) is exact and vabd drbitrary numbers of

antennas and interferers; however, it requireseteduation of Ny, fold integrals,

which can be cumbersome to evaluate for largg,. Nrhis analytical difficulty is
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avoided by using the classical theory of orthog@yastems and the properties relating

to the Vander-monde matrix. The term“:rlmn‘lhj].N:rin;nl(xi —xj)J in (4.150) can also be

seen as the determinant of the Vander-monde mal(pog ......... ,mem) given by
1 1 1
X, X, o Xy
Uy, A . (4.158)
X]'-\lr.nin_l Xgmin -1 m::: -1

fz(xl, ...... ,mem): K ‘U (xi, ..... ,mem)z Nﬁ g7ix, N (4.159)
Nmin' i=1
2
Let o(e)a—At0w (4.160)
_)\ +02 + Cuvpsk
" sin’@

and using (4.159) and (4.160) then (4.157) becomes

p=— 1

o o 2 Nmin Nmax-Nri- =X
) Nmm!EJ(?A(e)IO"'JO""U(X“ ..... ,mein} X{Iﬂ (x,,8)x ™" g 'dxi}de.

=1
(4.161)
The evaluation of (4.161) is difficult because th&egrand does not factor and the
number of integral depends on the minimum of thealmer of antennas and interferers.
An efficient method to reduce (4.161) to the SEPression involving a single integral
with finite integration limits is given next based a classical technique commonly
used in mathematical physics involving orthogoneaitems. Consider a more general

problem of evaluating
E, {n z(A, ,e)} , (4.162)
i=1

where, z{xP} is a nonnegative function, and the average ishwispect to the
distribution of the eigenvalues given by (4.15%isTproblem can be efficiently solved

by using some classical results from orthogonalmaials, as follows. For each
HD[O,@], let py™ be the space of all polynomials with degree léss tor equal to
Nmin — 1 with measure

du, (x) = z(x, 8)x NrNmr @ lx (4.163)
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equipped with the inner product and norm definedpectively, by

(f.9)(6)a] " f (g9 z(x, G)x"="Nmedx (4.164)

|f]5a j: £ (%) (%) 2(x, 8) XN N g7 clx (4.165)
If the nonnegative functiore(x,6)is such thatu,(x) is increasing in at least

points ofx, then the elementx, x?,......x"™ ™ of the Hilbert Spacep)™ are linearly
independent. This implies that there exists anogiohal systenfe, (x, 8]} with
(pn (X’ e) = (pn,o (e) + (pn,l (B)X o + (pn,n (e)xn ’ (4166)

such that<(pn’(pm>(6):||(pn||:6nym’ whered, . is the Kronecker delta function defined by

Jnmé{l e (4.167)
=10, n#Em

The orthogonal systerfy, (x,8)}"™"™ can be obtained by a Gram-Schmidt procedure

using the measudi, (x), as shown in Appendix D. Hence, an uncountablebaurof
orthogonal systems can be constructed, each geddrgtthe measuréu, (x) indexed
by 60[0,0]

Theorem 1: Ei{Nﬁn z(), 9)} =K Nnﬁ
1=1

n=0

os (4.168)

where, K is given in (4.151) andNnﬁ_1||(pn||; is the product norm squares of all the
n=0

elements in a particular orthogonal system genetayeu, (X) .

Proof:

EA{NE! z(), 9)} = NK jg’jg"u (xl,....,meln }2 xNﬁ z(x,,0)x,™"m e™idx, (4.169)

For any giverﬁD[0,0], the Vander-monde matriy (xl,...,xN ) can be transformed,

min

using the orthogonal system generateddpyx), into LT(xl,....,meln ;9) defined by

(X0 G(x,,8) . @(xy,,.6)

CPO(Xl’e) (pO(XZ’e) . (pl(XN ’e)
. . . . , (4.170)

min

J(xl,...,mem;e)Q

(mei"—l(Xl’e) (mein—1(X2’e) - (mein—l(XNmin’e)
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by means of elementary row operations. Since therménant is invariant to such row
operations ‘U(xl,....,meml :‘J(xl, ...... ,mem;e} (4.171)
Let S, be the set of all permutations of integef®y........,N,, =4 and let

6DSNmm denote the particular functiod : (01,...... N_ -1 - (61,62,....,6Nm, which

» N min in

permutes the integef@1......... N, —1}. The determinant can be written as

‘U(xl, ..... ,memX = _sgnf) N,'j @5 (x,,6) (4.172)

Nmin
+1 for evenpermutatio

: (4.173)
-1 for odd permutatian

where sgn{d} = {

Substituting (4.171) and (4.172) into (4.169) gives

Ez{ 20 ,e)} =N bk X Tsoni}sond

xI'I g, (x;,8)05 (x;, B)x/\mNme™ dx; = NK 2 o2 3oneeon®
‘ : CAEN

= min* 95N min

Nmin

X |I_|:1 <(Pai (Xi 19)’ @5 (Xi ,9)> (4.174)

Using the orthogonality property §f,(x, 8} ™, (4.174) becomes

E{ﬂ Z(Ai)}:

5,2 o o] =K e

n

S % sonfo}san® [ s |5
SIS in i=1

N min* c‘DSNmin

where, the fact that the cardinality 8f is equal ton,,: in obtaining the last equality

in

is used. This completes the proof Theorem 1Using Theorem 1 define following
theorem.

Theorem 2The SEP for coherent detection of M-ary PSK signzisg OC with K -
element antenna array in the presence of L uneteelequal-power cochannel

interferers and thermal noise in Rayleigh fadingiien by

P, = % [EA(8)c(e)de (4.175)

where, AQ) is given by (4.156), and:(e)él—l::gﬂMHZ,With N .., = min{K,L} is the

product norm squared of all the elements in a@aer orthogonal system generated by
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of dugy(x)of (4.163) using z(x,0) =Y(x,0). The integrand is a product of two

functions A@) and C@); the former function A) involves trigonometric functions and
is given by (4.156), and the latter functiorBiC¢an be evaluated easily on the approach
illustrated in [105].
4.14.1 BER of Optimum FrFT combiner for single inerferer case

The SEP expression (4.175) can be efficiently rampidly evaluated even for a
large number of antennas and/or cochannel integfefg@ut for the case of single
interferer with BPSK simple BER expressions areilalike in literature. As the
simulation study in thesis is based on single fater with BPSK modulation these
BER expressions are reviewed next, which are basetioment generating function.

For the case of a single interferer (L=1) for whith147) can be rewritten as

2
K |V, _ :
M= Zl% and eigenvalues @&, are given as
= .
I

Yo +02 Q=1

A == Li v , (4.176)
o i=23....K

whereg! =[g,,,0,,.cceeunt! g,x]. Each of th4|g,yn|2} is a chi square random variable

with two degrees of freedom. Due to the mutual peadelence of the terms in redefined

W, the Moment generating function (MGF)otonditioned or\; is given by

1
Quin, ©) = P P ) (4.177)
L-s2)A-s—)<*
)\1 w

where, Fg:E[|gs,n|2], n=1.2,...... K, is the mean signal power per anterara

P . : ,
Os =[0,1,0) peeeeeeeeenst gk ]- Let i, =—- denote the mean signal to noise ratio (SNR)

o

per antenna (channel). The conditional pdfuotan be found by applying inverse

Laplace transform to (4.177) and is given by

2
)\lp_K—le-Mu/Ps 1F1(K -1 K;M

f = = U220\, 202K 21, 4.178
Wik (1Y) Ofvr(K)UsK H 1 ( )

where,;F1(.) is the confluent hypergeometric function dr(g) is the standard gamma

function. Clearly, if the interference is fadirdlg,is a random variable that assumes new
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values at the fading rate. In case Ahés assumed to be constant tierns replaced by
its mean value E[A\,]=KP, +02in (4.178) where, PE[lgiq, n=1,2,...... K.

Conditioned or\; the probability of bit error is given by

Py, = ZQ(\/Z—U) fp/)\l (W) du

1
2

(4.179)

=2 Jerf ) ., (1) o

y2

2

function. The equation can be simplified further bwsing identity
2 -

erf(y/) =ﬁ\/ﬁe “iF @312 1)

where, Q(x) :%_[Texp(— )dy is the GaussiaiQ-function and erf(.) is the error

K+(1/2) . . Ps )\1 _O-\i/
)\1r(K + 1/2)F’S FZ(K +1/21K - 13/2,K;

)\1+Ps1)\l+Ps)

Pe/)\1 =5

. (4.180
2 JTOA T (KK (A, + P) <2 ( )

where, K(.) is Appell’'s hypergeometric function. It can bBaown that the series in

(4.180) converges. Since each o{|g|yn|2} has a Chi-Square distribution,
K 2

A =g, +0%has the pdf
i=1

f,, () =T HKPEQ, —02) e @™ ) >02, (4.181)

w

The bit error probability (BEP) averaged over @lues ofA; is given by

P, = [Pupp,fr, (), (4.182)
0
Substituting (4.180) and (4.181) in (4.182)
F(c+ Lpl2
_1_ 2" ° 1 7 Ay A — g2 )Kte @ioi)IR)
P = 2 K K I K+1/2( 170,) e
2 Jmod (K TKPS oz (A, +P) . (4.183)
P A\ -0

xF,(K+1/2LK -13/2,K; e~
2( ;L l )\1+Ps )\1+Ps

YA,

Integral in (4.183) can be evaluated numericallysitaple upper bound on (4.180) is

derived usingQ(y/2u) s%e‘“ and integral tables [58,114] as

1 A,
P, == =t
' 2 ()\1 +Ps)(1+us)

(4.184)
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The upper bound on averaggi® obtained by averaging (4.184) over densitxcind
is given by

P < A{(K —)1-(-1)*2 %nK"le”Ei(—r]) + El(i —D)(-) K } (4.185)

|
where, Ei(.) is exponential integral , A =(2(¥T(K))™* and n= @, +c2)/P,.An
exact closed form expression can also be found sfogle interferer case. Let

= 0,0, gives interfering power. Since componentsgofare complex Gaussian,

M, :X—zlis a Gamma distributed random variable of ordeepgresenting the SNR of

the interference at the output of the combiner, lrasprobability density function (pdf)
given by

P, (Hy) = exp- . ) M, =0, (4.186)

_ 1
_KF(K)

where, i =i; is the average interference SNR per anteAtsa the pdf of the SNR
O-W

9. 9
2

of the desired signal at the output of the combiper= is given by

expCrs),  p 20, (4.187)

S

P, (M) = _KF(K)

P . . :
where, i, =—-, i=1,2,......... ,K is the average SNR for the desirednal per
o

antenna. Since the interference-to-noise power iangom variable with pdf as in
(4.187), the average BER is obtained as [58, 74,114

0

= [Py, (M)P,, (M, )dH,

1,
2 K +1k =0 4(us+1)
1/n,” r{s jerfc{\/“sﬂj-\/us KZ_Z(Zk)!{ K jk,
2F(K)( )" Hy Hy Hy Ho +1k=0 k! {4(H +1)

(4.188)

o
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)

He +1x=0( k | 4(H, +1)
H _ | Hp K2 2K —H k 1y V(KD |

)

The optimum combiner gives the same system perfocmaas MRC when no

N

where, Py
1

interfering signals are present at the receiveusTihe average BER for MRC may be

obtained by substituting;=0 in (4.188) to give

1 R ek 1
Pemre = 2[1 I_J-s"'lg:( k)(4(l_15+1)j } (4.189)

For Nakagami fading channel given by (4.92) and ifdeger values of Nakagami

parameter m the conditional average probabilitgrodr for coherent detection is given
by [74]

m(K-1)
P :i m # X
M aym m+ m+ i

1 m-1
F(Km—m+§) 14y | DK L m-1-k
rKm-m+1) | M _w (k+Dr(Km-k-2)
m k=0 I(Km - k)

SR MK -1 +1/2mK -1 +L
m+H

S

X 1+E1
Hs
m

1+

ml"ll )

X, Fl(m—k,Km—k—l;Km—k;— =
2 M+,

(4.190)

where ,F; is the hyper geometric function. The average BE®bigained as
P = [Puy, (1), () (4.191)

The mathematical analysis of BPSK with optimum comabin interference and noise
is analyzed above for a single interferer case.
4.14.2 Monte Carlo Simulation of BER

In this section some simulation results are preegkto illustrate the effects of
FrFT based optimum beamformer on the average BE&himterfering environment.
The simulations are presented for the case of esimgkrferer. The focus is to use
Monte Carlo simulations to demonstrate the BER greréince in three different

domains of FrFT in SIMO system. The BER is plotteddifferent number of antennas
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M=3,4,5. The channel is modelled as flat Rayleigtied and vectay is comprised of

i.i.d complex Gaussian random variablés(0,1).The complex Gaussian distribution

with mean mand covariance matrix I denoted a€A/(m,K). The noise is considered

as white. For the BER of BPSK a frame consistind@d bits is sent from transmitter
with all the bits having random value4. The results below have been obtained from

10000 independent runs of such frames. The decizwiable at the output of the

optimal beamformer is simpl&e{wj‘ptx(t)}. The decisions are obtained in a=0, a=1 and

a=ap: domain by using the weight vector obtained in ee§pe domains. The optimum
domain is computed in each frame. The results &ted in figures 4.53-4.59. The
MSE vs. SNR curve in Fig.4.53 shows the sum oftlal MSEs obtained in each
domain during all runs for M=5 in Rayleigh fadedanhel. Fig.4.53 again shows the
superiority of optimum FrFT domain beamformer awltdMSE of the beamformer
during all runs is less in optimum FrFT domain asnpared to time or frequency
domain. The plots of MSE vs. SINR were obtained dtiver cases also, but are not

shown as these plots were similar to Fig.4.53. @erage BER versus the average

M”j , is also plotted for several values of M. A

1

received SINR, defined ag =

single Rayleigh faded interferer wifls, = 0dBis considered in all simulations. Figure

4.54 shows the improvement obtained by optimum FHeBmformer over other
optimal beamformers as it requires 1.3 dB less tirgmwer as compared to time
domain beamformer for a BER of 10In case of M=4 and for a BER of 1@ptimum

FrFT Beamformer requires 4 dB and 9 dB less inmwtgr as compared to time and
frequency domain beamformer as shown in Fig.4.%p4B6 shows the improvement
of 5 dB and 10 dB in optimum FrFT domain as comgai® time and frequency
domain for M=5. The same results are plotted fokdg@mmi faded channel also in Figs.
4.57-4.59. The application of optimum FrFT beamferns considered in chapter 5 in

linear receive processing in MIMO systems.
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SINR
Figure 4.54- BER vs. SINR for BPSK modulation in Rayleigh Faded channel
for M=3
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- — — Time Domian Beamformer

FrFT Domian Beamformer
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SINR

Figure 4.55- BER vs. SINR for BPSK modulation in Rayleigh Faded channel

for M=4

=5

BER vs. SINR for M

Frequency Domain Beamformer

FrFT Domian Beamformer

SINR

Figure 4.56- BER vs. SINR for BPSK modulation in Rayleigh Faded channel

for M=5
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Figure 4.57- BER vs. SINR for BPSK modulation in Nakagami Faded channel

for M=3

=4

BER vs. SINR for M

Frequency Domain Beamformer

Time Domian Beamformer
FrFT Domian Beamformer
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Figure 4.58- BER vs. SINR for BPSK modulation in Nakagami Faded channel

for M=4
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SINR vs. BER for M=5
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Figure 4.59- BER vs. SINR for BPSK modulation in Nakagami Faded channel
for M=5

4.15 SUMMARY OF THE CHAPTER

A method of optimal beamforming for various multipgading channels in
mobile and wireless communication using the Fraetid-ourier Transform (FrFT) is
considered in this chapter. The method is foungetaiseful in moving and accelerating
source problems. In case the source is movingDtiypler Effect produces frequency
shift. In case of accelerating source a chirpee tsignal is produced. With both types
of degradations present, it is shown that the FnFproves the performance of
beamformer in multipath fading, micro and macrdutat environments with the same
complexity as the conventional Fast Fourier TramsfdFFT). The BER of optimal
FrFT beamformer is less as compared to time orufegy domain optimal
beamformer% In next chapter the benefits of FrFT domain beamér is explored in
MIMO systems. In chapter 6 the application of ladeslobe and adaptive algorithms is

proposed in terms of reducing RF hazards.

6. [P25] “BER reduction in SIMO system using FrFT és®ptimal beamformer” submitted to IEEE Transactm Vehicular
Technology
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Chapter 5

FrFT BASED RECEIVE ARRAYS FOR MIMO SYSTEMS

5.1 INTRODUCTION

A core idea in MIMO system ipace—timesignal processing in which time (the
natural dimension of digital communication data)c@mplemented with the spatial
dimension inherent in the use of multiple spatidilstributed antennas. As such MIMO
systems can be viewed as an extension of the mdcahart antennasa popular
technology using antenna arrays for improving wissl transmission dating back
several decades. Clearly, in a MIMO link, the bé@sedf conventional smart antennas
are retained since the optimization of the mulgang signal is carried out in a larger
space, thus providing additional degrees of freedom

MIMO systems have a number of advantages oveitivadl SISO systems
such as the beamforming (or array) gain, the dityeggin and the multiplexing gain.
The beamforming and diversity gains are no exctusivMIMO systems and also exist
in SIMO and MISO systems. The multiplexing gainweeer, is a unique characteristic
of MIMO systems. An overview of the gains of MIM@ssems is given in [57]. A brief
discussion about these gains and their mutual cosgpeis given next.

Beamforming or Array gain: Array gain means average increase in the SNR at
receiver that occurs due to coherent combiningceftd multiple antennas at the
transmitter or receiver or both. If the BER of amrounication system is plotted with
respect to the transmitted power or the receivedep@er antenna (using a logarithmic
scale) then the beamforming gain is characteriseal ghift of the curve due to the gain
in SINR. In case of MIMO and MISO systems arrayngaxploitation requires channel
knowledge at the transmitter [9].

Diversity Gain: Diversity gain is the improvement in link relialyli obtained by
receiving replicas of the information signal thrbugndependently fading links,

branches or dimensions. This type of diversityléady related to the random nature of



the channel and is closely connected to the spedifannel statistics. If the BER of a
communication system is plotted with respect totthasmitted power or the received
power per antenna (using a logarithmic scale)gditersity gain is easily characterized
as the increase of the slope of the curve in the B&ER region. The main forms of
diversity traditionally exploited in wireless commaations systems are temporal
diversity, frequency diversity, code diversity, gatation diversity and spatial diversity
[57,137]. Diversity can be exploited at the trartseniand/or receiver antenna array.
Receive diversity can be used in case of SIMO systeéA wide variety of methods
exist for processing the signals received from mmearrays in SIMO systems.
Transmit diversity is applicable to MISO systemsl dras become an active area of
research.

Transmit diversity is more difficult to exploit dh receive diversity since it
requires special modulation and coding schemesraaisereceive diversity simply
needs the multiple receive dimensions to fade iaddently without requiring any
specific modulation or coding scheme. Extractiransmitter diversity in systems is
possible with or without channel knowledge at traitter [9]. In absence of the
channel knowledge at transmitter, Space Time diyerding is transmit coding
technique that relies on coding across space (tiarentennas) to extract diversity.
There are various other coding techniques alsdablaiwhich can be used in transmit
diversity [9,160,161]. If the channels of all theartsmit antennas to the receive
antennas have independent fades the diversity aflénis channel is equal to the
number of transmit antennas. Utilization of divgrsn MIMO systems requires a
combination of receive and transmit diversity déxa above.

Spatial Multiplexing (SM): SM offers a linear (the number of transmit-receive
antenna pairs or min (M Mry)) increase in the transmission rate (capacity}tiersame
bandwidth and with no additional power expendit{®¢ This increase is obtained
through the use of multiple dimensions at both sidethe communication link [57].
While the beamforming and the diversity gains can dbtained when multiple
dimensions are present at either transmit or tbeive side, multiplexing gain requires
multiple dimensions at both ends of the link. Ti&lg is possible only in MIMO
channels [9]. SM increases transmission rates ptiopal to the number of transmit-

receive antenna pairs. SM also allows the capauitgase in the multi-user format [9].
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Interference Reduction: Co-channel interference arises due to frequencgeren
wireless channels. When multiple antennas are ubeddifferentiation between the
spatial signatures of the desired and co changehl can be exploited to reduce the
interference. Interference reduction requires keoge of the channel of the desired
signal. Interference reduction can also be impldetemt the transmitter, where the
goal is to minimize the interference energy sematals the co channel users while
delivering the signal to the desired one [9]. Ifge¥nce reduction allows the use of
aggressive reuse factors and improves network dgpac

It may not be possible to exploit all the levemgemultaneously due to
conflicting demands on the spatial degrees of vee(br the number of antennas). The
degrees to which these conflicts are resolved deppon the signaling scheme and the
receiver design [9].
5.1.1 Tradeoffs between Various Gains in MIMO Systas
Beamforming and Diversity Gains: Beamforming gain is a concept that refers to the
combination of multiple copies of the same sigral & specific channel realization
regardless of the channel statistics. Diversitpghowever, is directly connected to the
statistical behavior of the channel. With multipbeeive dimensions, both gains can be
simultaneously achieved by a coherent combinatfdhereceived signals and there is
no tradeoff between them. With multiple transmitmdnsions; beamforming gain
requires channel knowledge at the transmitter vasetiversity gain can be achieved
even when the channel is unknown.
Beamforming and Multiplexing Gains: Maximum beamforming gain in a MIMO
system implies that only the maximum singular vadtithe channel should be used [9].
In terms of multiplexing gain, however, the optimginategy is to use a subset of the
channel singular values according to a water-{jlistrategy [174]. In other words,
maximum beamforming gain requires establishing aglsi sub stream for
communication, whereas maximum multiplexing gaiquiees, in general, establishing
several simultaneous sub streams.
Diversity and Multiplexing Gains: Multiple antennas are used for increasing the
amount of diversity or the number of degrees oédiem in wireless communication
system. Both diversity and multiplexing gains can dimultaneously obtained for a
given multiple antenna channel but there is a vHdsetween how much of each for

any coding scheme can get. Since the diversity igaiglated to the BER (it is the slope
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of the BER curve in the high SNR region) and thdtiplexing gain is related to the
achieved rate, the diversity-multiplexing tradesfessentially the tradeoff between the
error probability and the data rate of a systemd[1Rext, a brief overview of space

time wireless communication systems is given.

5.2 SPACE TIME WIRELESS COMMUNICATION SYSTEMS

A typical space time wireless communication systeth My transmit antennas
and Mk receive antennas is shown in Fig 5.1 [9]. A diggaurce in the form of a
binary data stream is fed to simplified transmgtllocks encompassing the functions
of error control coding and mapping to complex matdan symbols. The later
produces several separate symbol streams. Eacheis mapped onto one of the
multiple TX antennas. Mapping may include lineaatsd weighting of the antenna
elements or linear antenna space—tprecoding After upward frequency conversion,
filtering and amplification the signals are laundhato the wireless channel. At the
receiver, the signals are captured by multiple ramde and demodulation and
demapping operations are performed to recover tesage. The level of intelligence,
complexity anda priori channel knowledge used in selecting the codingartdnna
mapping algorithms can vary a great deal dependingthe application. This
determines the class and performance of the mteétia@a solution that is implemented.

A review of space-time processing techniques ui®&7 can be found in [12].

Modulaticn RF

ST RF/ Pre Demodu- Deinter-
Coding filtering/ : E lation leaving and S
and inter- Weighting/ | i | Weighting/ ST receiver
leaving Mapping | i 7 ' Post —
filtering

Figure 5.1: Schematic of a ST wireless communication system [9]

5.3 CAPACITY OF MIMO SYSTEMS
Channel capacity is a convenient measure to amalye potential gain of
MIMO systems compared to SISO systems. Informatleeory provides means to

explore the ultimate limits of reliable data trarssion.
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5.3.1 Capacity of Flat Faded Deterministic Channel

Consider a MIMO system witMg and My number of antenna elements at
receiver and transmitter, respectively as shownFig.5.1. The channel can be
represented by a channel mathof dimensionMg x Mt. The channel has a bandwidth
of 1 Hz and is frequency flat over this band. kdte the vector of transmitted signal
with dimension M x 1. The vectory of dimension M x 1 is the corresponding
received signal on the receiver array. The inpu+aurelation over a symbol period

assuming single-carrier (SC) modulation is given by

y= l\ljs Hs+n, (5.1)

T

where, n is AWGN with E[nnH]:NOIMR. Es is the total energy available at the

transmitter over a symbol period. The total averagasmitted power over a symbol
period is constrained by assuming that the coveeamatrix of s, Rgs satisfies
tr[Rsd=M+, where tr[.] indicates the transpose of the mathwr a deterministic

channeH, the capacity (with channel perfectly known ateiger) is given by [9]

Cgee = max log, det(l,, + ME:\I HR H ™). (5.2)

tr( Reg)=M Ny
The capacity is measured in bps/Hz. The capacityil€©(5.2) is referred as the error

free spectral efficiency or the data rate per baidwidth that can be sustained over
MIMO link [9]. Thus given a bandwidth of W Hz theaximum achievable data rate

over this bandwidth is Wi bps [9].

5.3.2 Unknown-CSIT Capacity
If the channel state information (CSI) is not kmoat Transmitter, then vecter

may be chosen statistically non preferentialRe= I, . This implies that the signals

transmitted from the individual antennas are indeat and equipowered. The
capacity of MIMO channels in the absence of chakneWledge is given by
— Es H
C., =log,det(,, + N HH™). (5.3)

T'V0

Let eigen-decomposition ¢iH" be QAQ", whereQ is an Mg x Mg matrix satisfying
Q"Q=QQ" =1, andA=diag{A, Az.......... Ay, } With Aj = 0 and\i=A.1. The capacity

of MIMO channel can be expressed as [9]
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r E
C. = | 1 S_2), 5.4
= I logy L+ =2) (5.4)

i=1 L

where, r is the rank of the channel andi=1,2,......... r) are the positive eigenvalues
of HH". It follows from (5.4) that multiple scalar spatidata pipes (also known as
spatial modes) open up between transmitter andiviexceesulting in significant
performance gains over the SISO case. For exa@pléncreases by r b/s/Hz for every
3-dB increase in transmit power (for high transputver), as opposed to 1 b/s/Hz in
conventional SISO channels. The number of thesallphchannels equals the rank of
H, and the gain of thé" equivalent parallel channel is equalXoand the transmit
powerEs/M+ [9].

5.3.3 Channel Known at Transmitter

If the CSI is provided at the transmitter, theatoavailable power can be
optimally distributed orMt transmit antennas, a solution that is usually reteto as
water filling (WF). When the channel is known to both transmited receiver, the
individual channel modes may be accessed thronglariprocessing at the transmitter
and receiver [9, 43]. The capacity of the MIMO chehis the sum of the individual

parallel SISO channel capacities and is given by

Cor = 3 log., @+_Z5Yi 3 (5.5)
WF 2 9, M. N, i) .
where, v, =E{|si|2} (=1,2, e r) reflects the transmit energy inetfi" sub-

channels and satisfieéyi =M;. The mutual information is maximized if optimal
i=1

energyy™ is allocated as given by

V[”%} (=12, ), 56)
ST

where,p is a constant and is determined so as to satisfyconstraint on total energy

r
transmitted i.e. Y. yiOpt =M, and (x) implies
i=1

. _ |0 if  x<O
&) _{x if  x=0 (5.7)

The optimal energy is found iteratively through Wh&ter pouring algorithm [9].
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5.3.4 Capacity of Random MIMO Channels

For the case of a randomly time-varying chanrnd,definition of the capacity
depends on the bursts duration (codeword length) Here, the capacity is a random
variable whose instant value depends on the carnelipgH matrix. LetA be defined
as coherence interval of the channel (without dimemgi@s the number of symbol
periods during which the propagation coefficiente almost constant. [Fcoge >> 4,
channel is said to behave ergodically and an ecg@titistical average) capac®y, is
defined which again means the maximum attainablgeuahuinformation [9]. If
Teode <<4, the maximum mutual information is not equal te thannel capacity and
the Shannon capacity of the channel may be even[48t. When the instant capacity
is less than the pre assumed value, a chantageis said to be occurred. The outage
probability is a useful parameter in studying chelrcapacity. Here, a tradeoff should
be made between the expected throughput and o{@ad#5]. In the literature, the
capacity for a given outage probability is somesntalledoutage capacityOutage
analysis quantifies the level of performance tkaguaranteed with a certain level of
reliability. g% outage capacitfCouq iS defined as the information rate that is
guaranteed for (100-q)% of the channel realizatiansPr.Cc.< Cout,d=0q% [9], where
Pr. means probability.

The performance criterion of wireless systems tlsatcapacity has been
described briefly. The other performance critenia diversity gain, coding gain and
array gain. To classify these gains the knowledgspatial diversity techniques and

MIMO signaling rates is required. The MIMO signa@irates are discussed next.

54 MIMO SIGNALING RATES

Let us discus code architecture and rate dedmito classify various
coding schemes. A general coding architectureasvahin Fig. 5.2. The generic coding
architecture is applicable equally to all codingesmes. A block of gK bits is input to a
block that performs the functions of temporal caodinnterleaving and symbol
mapping. In the process q(N-K) parity bits are adldad N symbols are output’ &
the modulation order. The N symbols are input &pace Time (ST) encoder that adds
(M+T-N) parity symbols and packs the resultingTMsymbols into an i¥ix T frame of
length T. The block/frame is transmitted over T bpirperiods and is referred to as ST
Codeword [9].
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Figure 5.2: Coding architecture [9]

The signaling rate on channel is gK/T bits/transiois and should not exceed channel
capacity. The signaling rate is rewritten as

% = q[g—zj(¥j =qr,r,, (5.8)
where, ris the temporal code rate of the outer encoderrarglthe spatial code rate
defined as the average number of independent sgnitaismitted from Mantennas
over T symbol periods. When all transmit antenmasione symbol per symbol period
r<=1(STD). Mr independent symbol periods per symbol period arg ® get &M+
(SM). Depending upon the choice of encoding a apadie varying from O to Mcan
be achieved. The Alamouti’'s scheme is a rate lgdefsir systems with two transmits
antennas [9]. The various form of spatial divergityVIMO systems is discussed next.
Throughout this chapter the focus is on the caserevthe transmitter does not have

channel state information and the receiver knowstiannel perfectly.

5.5 SPATIAL DIVERSITY IN MIMO SYSTEMS

The use of diversity is to combine independentefatdamples to achieve the
desired goal of increasing the SNR and reducingBB&. The decrease in BER by
using diversity is discussed next with suitableneptes.
5.5.1 Receive Antenna Diversity

In receive diversity one transmit antenna angrdteive antennas are assumed.
This is equivalent to have Mdentical independent Rayleigh fading links betwéee
transmitter and receiver. Let symbol ‘s’ is drawonii scalar constellation with unit
average energy. To leverage diversity, the tranemitansmits the same symbol‘s’
across all links. Assuming flat fading conditiotte& channel vectdr for such a system
is given by

h#hy,hoeeeeeeeeeee, hy, 1. (5.9)
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The output of the channel is given by

y, =JEhs+n,  i=lo...... Mg, (5.10)
where, k is the symbol energy available to transmitterdach My diversity branch.
yi is the received signal correspondingfadiversity branch, fis the channel transfer
function corresponding to"i diversity branch, andin is Zero Mean Circularly
Symmetric Complex Gaussian (ZMCSCG) noise witharzge N. The noise on each
branch is assumed to be uncorrelated. The recetmbines the received signals. To
maximize the SNR the receiver performs Maximaloratombining, i.e., the weight

vectorw=h". The output of the receiver is given by

z=/E.h"hx+h"n, (5.11)
where, z is the receiver output aweh is the weight vector. The effective channel is
thus a scalar channel and scalar detection techsigan be applied. The SNR at the

receiver is given by n= %|hi|2p, (5.12)
i=1

where, p=EJ/Ny is the average SNR at the receive antenna in SElihg link.
Assuming maximum likelihood (ML) detection, the m®ponding probability of error
is given by [9, 74]

2
P, =N9Q[ —”dz”“” } (5.13)

where, Ne and ¢hin are the number of nearest neighbors and the mimiwlistance of
separation of underlying scalar constellation, eesigely.Q(.) is Q function defined as
1
J2n
(5.13) the Ris upper bounded as

s X
Q(x) = | e 2dt. Applying Chernoff boundQ(x)<e 2 and using (5.12) and

2
P, sNeexp[—(_§|hi|2)m—m‘“] . (5.14)
i=1 4M R

(5.14) shows that the receive diversity affectsdlope of SER (Symbol Error Rate) vs.
SNR curve on log-log scale [9]. The magnitude opslequals the diversity orderrM

The error probability as a function of SNR for diént number of diversity branches
Mg for Binary Phase Shift Keying (BPSK) transmissgmheme is plotted in Fig.5.3.
The noise is taken as ZMCSCG with equal variante INR is varied from 0 to 30

dB. The channel is assumed to be flat Rayleighdadfannel. Increasing Mlecreases

231



the error probability. Within receive diversity cbming there are three common
techniques for combining: Selection Combining (S®)aximal Ratio Combining
(MRC) and Equal Gain Combining (EGC). For all thrdee goal is to find a set of
weightsw. The three techniques differ in how this weight weds chosen. In all the
three cases it is assumed that the receiver haethered knowledge of the channel
fading vectorh. The bit error probability as a function of SNR f@rious combining
techniques is plotted in Fig.5.4. The modulationagain taken as BPSK and the
channel as Rayleigh fading channel. In this case toansmitting antenna and two
receiving antennas have been assumed. From Fig.54 observed that the best
performance of the system is for the MRC, while therst is for the SC. The

improvement in the case of EGC is comparable todhmaximal ratio combining.

BER Vs. SNR for increasing M(number of receive antennas)
T T T T T

10’

o

wWN B

Bit Error Rate

] L L L L L
0 5 10 15 20 25 30
SNR(dB)

Figure 5.3: Variation of BER with SNR with number of receive antennas

. BER Vs SNR of various Diversity techniques for BPSigdulation
10° T T T T T T T

Bit Error Rate

10°F

e SC (simulation)
—— SC (analysis)
x  MRC (simulation)
—— MRC (analysis)
+ EGC (simulation)
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T T T I | I | I I
0 1 2 3 4 5 6 7 8 9 10
SNR(dB)

10"

Figure 5.4: Performance of various receive diversity techniques (M1=1, Mr=2)
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Although receive diversity is capable of extragtmll diversity gain and array
gain. The performance improvement is proportionahe number of receive antennas.
However deploying multiple antennas at receivemteal is often not feasible due to
cost and space limitations. Instead use of multtgenna at the transmitter in

combination with transmit antenna diversity tecluaidqas become popular [9,143].

5.5.2 Transmit Diversity

In transmit diversity M transmit antennas and one or more receive antemaas
used. Spatial diversity in systems with multipléesimas at the transmitter requires the
signal to be preprocessed or pre-coded prior tosiréssion [9]. The set of schemes
aimed at realizing joint encoding of multiple TXtannas are called STCs. In these
schemes, a number of code symbols equal to the ewaild X antennas are generated
and transmitted simultaneously, with one symboinfreach antenna. These symbols
are generated by thgpace-time encodesuch that by using the appropriate signal
processing and decoding procedure at the recaheiversity gain and/or the coding
gain is maximized.

There has been increased interest in these tassgjnce 1990s [78,143]. The
two space—time coding techniques- space time diyec®ding (s <1) and spatial
multiplexing (& =Mrt) are used in MIMO systems. The space-time diverstding
technique is further of mainly two types: spacestitrellis coding (STTC) and space-
time block coding (STBC). STTC [160] may not beqti@al or cost-effective due to
the high complexity of the ML detector. In an atf#rto reduce complexity, orthogonal
STBC that can be optimally decoded with a simpiedr processing at the receiver was
introduced [143]. This first smart antenna simpéehnique called Space-Time-
Transmit-Diversity (STTD) based on a simple codeppsed by Alamouti is adopted
for 3G WCDMA standard. This simple technique hassibeen adopted or proposed
for a number of different wireless standards alsthsas 802.16. It is thus important to

understand its performance under practical conditio
56 ALAMOUTI'S SIMPLE TRANSMIT DIVERSITY (STD) TECHNIQUE

In this technique Alamouti assumed two antennathattransmitter and one
antenna at the receiver; although this techniqappicable to any number of receive
antennas [143]. In STD two different symbojsasd s are transmitted simultaneously

from antennas 1 and 2 during first symbol periotbfeed by —s and s during next
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symbol period, where * is the complex conjugaterapen. Transmit diversity can be
applied both in the presence and absence of ch&anoelledge at the transmitter. Here
this technique in absence of channel knowledgeaatsinitter is discussed. However
the receiver has the perfect channel knowledge. fflwesmitted signals from the
transmitting antennas are equipowered. It is asduimeg the channel remains constant
over the two symbol periods and is frequency flaereforeh= [h;, hp] and the signals

y1 and ¥ received over two symbol periods are

Y. = \/%hlsl +\/%hzsz +ng, (5.15)
E., . E,, .
Y, = _\/;hlsz +\/;h231 +Ny, (5.16)

where, n and n are ZMCSCG with E[lif]= E[|n|=No and E/2 is the average
transmit energy per symbol period per antenna.r€heived signals can be written in

h, h
YN R M (5.17)
2hy -hy|s2] [

=J%Heﬁs+n, (5.18)

where,s=[s;, $]" andn=[n;,n]". The effective channel matrktcs is orthogonal. The

vector form as

decision variable=[z,, zz]T corresponding to;sand g can be expressed as
z=Re[H_yVy]. (5.19)

Hence the effective channel for the symbol is

z E [Ih]” +|n,° 0
Ll}:\/%' i +n| , , E}Re[HHn]. (5.20)
2 0 Ih|* +|h,|" [LS:

(5.20) shows that optimum two fold diversity gaiancbe achieved compared to the
case of single transmission antenna. The receidRIrSper symbol becomes

e
e,

where, p is the average SNR at the input of receive antet@mouti’'s scheme

(5.21)

extracts diversity order of 2 even in the abseriaghannel knowledge at the transmitter

E{||h||'2:} = 2, therefore the average SNR at the receipgy. Hence absence of channel
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knowledge at the transmitter does not allow arr@y.gThe performance of Alamouti’s
scheme for BPSK modulation is shown in Fig.5.5. Theoretical performance of

transmit diversity with increasing number of traiitsamtennas is shown in Fig.5.6.

BER vs SNR using Transmit diversity ( 2 transmit and 1 receive antenna)
T T T T

T T
+ simulation
—— analysis

10

Bit Error Rate

10° I I I I I I I I I
0 1 2 3 4 5 6 7 8 9 10

SNR(dB)

Figure 5.5: Performance of Transmit diversity with 2 TX and 1 RX antenna

Performance of Transmit diversity with number of transmit antennas(M)

Bit Error Rate

1
0 5 10 15 20 25 30
SNR

Figure 5.6: Performance of transmit diversity with M TX and 1 RX antenna

The above analysis of transmit diversity assunezgept knowledge of fading
coefficients at the receiver. However the chansgéh®tion is never perfect and noise
errors are present in estimation. Next the effdctl@mnnel estimation error on the

transmit diversity is discussed.
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5.6.1 Effect of Imperfect channel estimation on transmit diversity

A number of papers have appeared in the literatiseussing the effect of
channel estimation error (CER) on the two schenid3 &1d MRC. Effects of channel
estimation errors were first discussed in [161]adHcally, reducing the channel
estimation error entails a multitude of techniqudtany of those would require
complex processing and a large number of iterationgduce the channel estimation
error. This may become prohibitive for real-timgkgations such as voice and video
in fast-fading situations. The channel estimatiommrecan be reduced by using FrFT
filtering as discussed in chapter 4. Before disagsthe use of optimum FrFT filtering
in reducing CER, the effect of errors on STD and®@/theme is discussed first.

5.6.2 System Model

A typical STD system with one receive antennaisewksed even though the
analysis herein is applicable to an arbitrary numbé receive antennas. The
transmission is assumed to be BPSK. The channe$samed to be slow flat faded
channel which introduces multiplicative distortiomhe transmitting antennas are
spaced sufficiently apart so that the received @dgmare statistically independent. A
complex baseband representation of the system [d<l8} is used. The data bits to be
sent are assumed to be random. As in [143], twoadsgare simultaneously transmitted
from two transmit antennas during two consecuti@Isl intervals. Fig.5.7 shows a
block diagram of the two-branch Alamouti scheme3]l4ith one receiver. In first
symbol period the signals transmitted from anteraeaie and one are denoted ynsd
s,, respectively. During the next symbol period, sign(-s’) and § are transmitted
from antennas zero and one, respectively. The patltichannel coefficients between

transmit and receive antennas are denoted; i=0,1). Assuming that the channels

remain stationary across at least two consecugivisls, thus §(t) = hy(t+T) = ae'®
and R(t) = m(t+T) = a,e’®, where T is the duration of a symbai (i=1,2) is the

magnitude and; (i=1,2) is the phase. Thus multipath channel doiefits change

slowly and look like constants to be estimated. fdmeived signals at time t and time

t+T at receiving antenna are denoted p&nd &, respectively and can be expressed as
b =hes, +hs +n,

. . ) (5.22)
hL= _hosl + hoso n,
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where, n(i=0,1) is the AWGN in the™ branch channel with zero mean and variance

O’

5o . 5
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Figure 5.7: Alamouti transmit diversity scheme with one receiver [143]
For BPSK modulation; $s real and hence sss. Two decision statistics based
on the linear combination of the received signais farmed. The decision statistics,

denoted bys ands are given by

S) = hOrO + hlrl

- . i (5.23)
§ = her - hOrl
Substituting the values of andr; in above equations
$= (00” + 01%) S+ ho*no+ hang*,
§ = (@0 +01) s1— hone* + hy*ng, (5.24)

§ ands, the combined signals are sent to the maximuniitiéed detector in
which for these two signals, decision rules areduserecover the original signal. If
Re(5)>0, then s+1 is chosen otherwisg=s-1 is chosen.

In case of MRC with one transmit and two receiveeanas the combined signal is
Swre = Nolomre *+ MifLuee (5.25)
where, rvrc=hisotn;, i=0,1. The maximum likelihood decision rule isualent to

choosing &1 if (Re(§yrc) >0) and choosinges -1 otherwise. The STD scheme

yields the same BER as MRC scheme for fixed vafubeopower radiated per transmit
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antenna assuming that the channel gapand h can be perfectly estimated at the
receiver [143].

All the derivations in the above section are underctresideration of perfect
channel evaluation, which is composed of channiel gaaluation. But in practice there
are many factors that may change the characteristichannel. Let the channel gains

are expressed as
h,=h +z =01, (5.26)
wherez, =B,e'*, represents estimation error. Whgnand @ are equal to zero at the

same time, the channel evaluation becomes perfetreferred to as perfect channel

evaluation.

5.6.3 Performance with imperfect channel estimation

The performance of MRC and STD schemes are arthlyg@®btaining the BER
of these schemes with Gaussian distribution offe @ecision random variable (RV)
for the MRC scheme is denoted bydd=Re(S, xc) - For given values ofyssy, hy, hy,
zo and 3, the combined signal is given By,zc = (hy +2,) Tomre + (N +2,) Fyge-
The mean and variance of the decision RV can bienras

E(U MRC) = [((XS + alz) +a OBO COS@O - (po) + alBl 005@1 - (pl)]SO' (5-27)
O-ﬁMRC = [a(z) + B(z) +20,,B3,cos@, — @) + alz + Blz +20,3, cosP, - @1)]03\/ : (5.28)

Since Wrc has a Gaussian distribution the BER [74] is

UMRC

Pemre :Q[ : ] , (5.29)
(0}
where, 3 :[(GS +a12) +0,3, cos@, — @) +a,B, cos, —¢)], (5.30)

andQ(x) = (5.31)

1 e X
E ie 2dy.
In STD scheme two bits are transmitted simultasgoBy symmetry the BERs
of both the bits are equal, so the BER of only ohéhe bit say gis considered. The
corresponding decision variable is denoted BypHRe(S, <) . For given values ofys
si, ho, M, 7 and 3z, the combined signal s, = (hy +2,) osro + (hy +2,) igrp .

The mean and the variance of the decision RV camrlteen as
E(Usrp ) =& *bsy, (5.32)
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where, b=a,3,co0s0,-¢,) —a,B,cos@, —¢,), (5.33)
and¢ is given by (5.30). The variance otd is same as the variancéJMRC of Uurc as
given in (5.28). Ifthe perfect transmission is assumed and the nsisalowing the
Gaussian distribution, thenskh is a linear function of independent Gaussian rando

variable.As the maximum of E [Urp] and minimum of E [Jrp] are considered and

selectedthe average BER of STD scheme focan be given as [74]

PeYSTD:[Q[§+b]+Q[§_b]]. (5.34)
USTD USTD

Using the symmetry of(.) function, R st5>Pe mrc,i.€ STD scheme has a higher BER

than MRC scheme i¢ is positive. From (5.32§ is positive forf3i<a;, i=0, 1. For the
present case a Rayleigh fading channel is assum@dtzannel estimation errors are
modelled as samples of complex Gaussian RVs. Thanee of real and imaginary

components of jrand zare denoted &g ando2. The signal to noise ratio (SNR) and

2 2
estimation error to signal ratio (ESR) is definesﬁ?ando—g, respectively. Fig.5.8
oy oh

shows the BER vs. SNR for ESR=-10dB in case of M&@ STD schemes.Fig.5.8
shows that with channel estimation error the peréoice of STD is 3 dB poorer than

MRC for all values of input power.
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Figure 5.8: BER of MRC and STD scheme against SNR for ESR=-10dB
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5.6.4 Reduction in channel estimation error using FrFT based estimation

In this section the reduction of channel estinmagoror using FrFT is explored.
Channel estimation is done using PSAM (Pilot SymhAssisted Modulation) [83].
Reference [83] provides a detailed description ®AM method. Specifically the data
is formatted into M symbols with first symbol of adbaframe used for pilot symbol
having a known value as shown in Fig.5.9. In thietpsymbols are periodically
inserted into the data symbols to estimate thenfadihe channel is assumed to be flat
fading with AWGN.

P Data Symbols P Data Symbols
(M-1) Symbols) (M-1) Symbols)

Figure 5.9: Frame Format, P-Pilot Symbol
The fading channel output is given by
r(t)=h(t) s(t)+n(t), (5.35)

where, n(t) is AWGN with variangg? -No/2.h(t) is complex Gaussian multiplicative

fading process with variang@ and s(t) is the transmitted signal given by
() =A ¥ b(K)p(t —KT), (5.36)
k=—o0o

where, T is the symbol duration, b(k) is tH&dymbol value for BPSK, A is amplitude

factor and p(t) is unit energy pulse. The symbaoésfarmatted into the frames of length

M in which pilot symbols at times=kM have a known value. It is better to
randomize the pilot values to avoid transmittinge®, but it does not affect the
analysis.

No inter-symbol interference is assumed and fadingssumed to be slow
enough not to cause appreciable distortion of gulséer receiving the signal, the first
task of the receiver is channel estimation, whéee domplex fading amplitudes are
estimated as prior to de-interleaving and decodirige classical linear approach to
channel estimation is to use a Wiener filter, whiaslmimizes the mean square error
(MSE) of the estimates in the presence of noise. §§mbol spaced samples r (kT) of
the receiver are given by

r(k)= h(k) b(k) n(k), for k=0, ..., K, (5.37)
where, h(k) represents channel fading, b(k) reprtssgata and pilot symbol and n(k) is
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AWGN noise sampleK is the total number of nearest pilot symbols. Mout loss of
generality take b(0) as pilot symbol and considée tdetection of b(k),
|-M/2]<k|(M-2)/2]. |.| means floor symbol. Using K nearest pilot symkbis

channel state estimator prepares an estimate ahehgain h(k) given by
~ lkr2] . :
h(k)= > u(i,k)r(iM), (5.38)
i=—|(k-1)/2]

where, coefficients u(i,k) depend on the positiowikh in the frame. The optimum
estimate that results in coefficient vectois given by

u(k)=Rq(k), (5.39)
where,R is KxK correlation matrix of vector of the received pilot samples in K

nearest pilot symbols} is the Kx1 cross correlation vector given by

1 .
qk)= EE[h(k) r]. (5.40)
The estimated fading coefficient is given by
h(k) =u’ (K)r . (5.41)

The mean square estimation error then attains mimivalue

os(k) =0} —of. (5.42)
The estimation error is uncorrelated with r(iM) aﬁ(k). The above analysis shows
that the error is introduced by Gaussian noise wbletaining pilot symbols. The
estimation error can be reduced by reducing MSkéden estimated fading and actual
fading coefficients. The MSE can be reduced byresting the fading coefficients in
FrFT domain as discussed in chapter 4. In simulai@nown BPSK signal was passed
through Rayleigh channel with AWGN. The noise isetaas ZMCSCG with variance
one. As discussed in section 3.4 the beamformEigod.7 is equivalent to an FIR filter
also. Hence an FIR filter of order 5 as shown m&# with FrFT processing is used to
estimate coefficients in FrFT domain. The MSE wasinfd in optimum FrFT,
frequency and time domain. The MSE vs. SNR is shiowig.5.10.

As shown in Fig.5.10 the MSE in optimum FrFT domai found to be less as
compared to time or frequency domain estimatiorusTRrFT domain estimation of
fading coefficients provides improved estimatédoFig.5.11 shows the performance of
BPSK, in Rayleigh fading channel when estimatiororers reduced using FrFT as
FrFT can effectively remove the Gaussian noise'irdamain. Reducing estimation

error of fading coefficients is equivalent to reihgc BER. For a bit error rate of 0
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the estimation in optimum FrFT domain achieves ia g& 1.2 dB over time domain
estimation and about 5.3 dB over frequency domsaiimation. The BER vs. SNR for
STD scheme for different values of ESR have beetiga in Fig 5.12. It shows that the
BER improves quite rapidly with decrease in ESRicWhalso shows that reduction in
estimation error increases the performance of ys&em. For a BER of Treduction
in ESR by 10dB increases the gain of the system byB.
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35F —— FrFT Domain Estimation H

I I
—e— Time Domain Estimation
—— Frequency Domain Estimation
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Figure 5.11: Performance of BPSK with different channel estimation
techniques
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Figure 5.12: BER vs. SNR for STD scheme for different values of ESR
5.7 BEAMFORMING IN MIMO SYSTEMS

In a system with multiple transmit antennas; infation can be transmitted by
employing various transmission techniques. One iwdg transmit a weighted version
of the same information symbol from all the antenriEhe weights can be adjusted to
compensate for the distortion caused by the dowmirannel on transmit signals. This
method is calledransmit beamformingand requires the receiver to estimate the
downlink channel and feed back this informatiorthie transmitter from time to time
[30, 133,137]. However providing a separate feekithak increases the complexity at
the receiver. Transmission schemes which do natireglownlink channel estimation
are usually called as open loop transmit divers#ighniques. In these schemes, all
antennas transmit simultaneously. As downlink cleammformation is not available,
the total transmit power is distributed equally agaall the antennas. Open loop
schemes have less complex signaling formats andasier to implement in practical
systems. In this thesis the performance improvenremipen loop transmit diversity
techniques is considered using receive beamfornhingliIMO systemsiie meaning of
the term beamforming, initially used for smart amtas applications, is referred to a
linear processing scheme along an arbitrary dimemsi(not necessarily the spatial

dimension) becoming then avirtual beamforming [34]. In this chapter the receive
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beamforming at receiver is explored using MMSEecian. The beamforming in
MIMO is of two types single and multiple beamformidiscussed next [34].
5.7.1 Single Beamforming (Beam Vector)

Single beamforming for MIMO channels means, a lsirflgeam vector at the
transmitter and at the receiver is used. The cdrafegingle beamforming is the natural
extension of the classical beamforming approachl ésesmart antennas to the case of
MIMO channels. Single beamforming means that alsisgmbol is transmitted at each
transmission through the MIMO channel. Therefordy mne data stream needs to be
considered (as opposed to multiple beamforming agmgtr) and coding and
transmission can be done in a much easier mansem (&aditional single-antenna
systems) [6]. A single beamforming system is shawRig.5.13 with M- transmit and

Mg receive antennas.

A 4

LN s PO IV 2N [y HE

Figure 5.13: Single beamforming

The transmitted vector when using a beamvedeifrsize Mr x1 at the transmitter is
s=bx, (5.43)

where,x is the scalar data symbol to be transmitted assurasmmean and with unit
energy E [x|] = 1, and the total average transmitted powene||b||2. Pr is power in
units of energy per transmission (the power insuaftenergy per second is PPy /Ts
where T is the duration of a transmission). Assuming tha receiver uses a
beamvectog of size & Mg, the estimated data symbol is

x=a'y. (5.44)
5.7.2 Multiple Beamforming (Beam Matrix)

The concept of single beamforming of (5.43) carektended to more general
case of multiple beamforming at both sides of thk. IMultiple beamforming means
thatL > 1 symbols are simultaneously transmitted through NMHMO channel [34].
The multiple beamforming case is shown in Fig.5Tde transmitted vect® uses a

transmit linear processing matixof size Mr x L and is given by

S=Bx = ibixi , (5.45)
i=1
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where,x =[x, - - - X]" is the data vector of sizexllof L data symbols assumed zero-
mean, with unit energy, and uncorrelated withx&'] = I.. These data symbols are
drawn from a set of constellation is assumed tb venin(M ;,M ). Vectorb; is the
i™ column of matrixB and can be regarded as the beamvector associateelifodata

symbolx;, i.e., multiple beamforming architecture.

n
i» B » H % A3
Figure 5.14: Multiple beamforming
The output of the MIMO channel is given byx:M 1 vectory as
y=Hs+n , (5.46)

where,H is Mg x Mt channel matrixn is Mg x 1 ZMCSCG interference-plus-noise
vector with covariance matriR,. The receiver uses the linear receive processing
matrix A" of sizeL x Mg, to estimate the data vector as
x=A"y. (5.47)
The total average transmitted power (in units argp per transmission) is
P, =E[|§"1=tr[BB"]. (5.48)
The single beamforming case can be easily derirad multiple beamforming case. It
can be observed that th& column of B and A, b; and a, respectively, can be
interpreted as the transmit and receive beam \&atespectively, associated to ifle
transmitted symbot;, The estimated symbol at the receiver is given by
X, =a'(Hb,x, +n,),i=l...ccccccc.e. L, (5.49)
where, @, =3 Hb X, +n) is the equivalent noise seen by tffesubstream, with

covariance matrix

R, =XHbb'"H" +R . (5.50)
The optimum receive beam matxis found usingproposition 1which is based on
derivation of optimal weights using MMSE criterioB8ince in this chapter linear
processing at receiver is discussed so the optwmain matrixA at receiver is found
assuming no processing on transmitter side. Thiansi@ll transmitted signals from

different antennas are equipowered.
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5.7.3 Linear processing at receiver only
Proposition 1: Optimum weight matrix using MMSE criterion

To derive the optimal weight matrix consider a MMMsystem as shown in
Fig.5.15.s is the transmitted signal vector of size k1 with auto-correlation matrix
Rss H is @ MIMO channel of size Mx Mt .y is the received vector of sizegvk 1 at
the input of receivem is the additive noise vector with autocorrelatioatnx Rpn. S

andn are statistically independentis the input to MMSE receiver given gHs+n.

n
S, H s :U Y » A | XY
Figure 5.15: MIMO Receiver
The error vector between desired and estimatedasigrgiven by
e=s—x. (5.51)
The mean squared error is given by JelE = E[e"e], (5.52)

where, J is called cost function to be minimized.
The optimal weight matrix is given ByrRsH (HRsH"+R) ™ (5.53)
Proof: Let the error autocorrelation matrix is given by
Rec—e"e, then | =trRetr E[e" €], (5.54)
where, tr is trace of error matrix.
J=rE[6-2)(s- %) I=tr EL(S-AY)(s-AY) I=tr E[(S-Ay)(S™-y A",
=trE[ss'-sy'A™-Ays"+Ayy"Al=tr(E[sS']-E[sy ]A™-AE[ys [+ AE[yy ] A). (5.55)

Lemma 1If Matrix Ryy is Hermitian, positive definite then has Eigenues> 0
Lemma 2tr(C+D)=tr C + trD
According to lemma 1, decomposition @Ry, is always possible.Eigenvalue
decomposition oRyy is given by

R, =U"AU=U"AY?AY2U = (A™?U)"(A™U) =U"U. (5.56)
U is called square root dRyy. A=diag@AiAa,............. Ay, ), diagonal matrix with

eigenvalues oRyy. Substituting the value of Ryy in (5.55).

J=trRssRsU ™. U A"-AUM U™ 'R +AUUA"), (5.57)
=tr(RssRsyU ™. (U") TRyst RsyU™ . (U™ 'Rys - RoyU™.U A"-AU™ (UM ' Rys
HAUTUA"). (5.58)
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Now (Rs))"=Rys. Therefore,
J=trRssRsyU™.(U") 'Ryst+ [AU™-R{,U[AU"-Rs, U™ ™. (5.59)
The first two terms of (5.59) are always greatanttzero (using lemma 2) and J

minimum results when (fAU"-Rs,U™) = 0

AUR=Rs U™, (5.60)
A=R,U(U")"'=Ry, (U"U)™. (5.61)
A= RgRy,™ (5.62)

Now let us findRyy andRsy:
Ry, =E[yy"=E[(Hs+n)(Hs+n)"] = H E[s$'|H"+HE[sn|+E[ns"|H " +E[nn"]

=HR¢H " +HRg+RndH ' +Rnn. (5.63)
Rs=E[sn]. (5.64)
Re,=E[sy]=E[s(Hs+n)]=E[sS']H"+E[sn]= RsH " +Rsn (5.65)

As s andn are statistically independent they are uncorrdlaedn is of zero mean.
ThusRs+= R,=0. Substituting (5.65) in (5.64) and (5.63)

Ryy=HRsH ™ +Rpn. (5.66)

Rsy=RsH". (5.67)
Substituting (5.66) and (5.67) in (5.62)

A= RsH" (HRsH" " +Rn) ™. (5.68)

Knowings, H andn the optimal weight matrix can be found.
Special case: IRs<Edl v andRn=0,In then from (5.68)
A= H" (HH"+0,21)™ (5.69)

5.7.4 Optimal receive weight vector for joint processingat transmitter and
receiver

The error vector using (5.45) and (5.47) is givgpHx —X.
The MSE is defined as covariance maEigf error vector given by EE.
E(A,B) =ReE[(x - X)(x - %)"],
=A"HB - NB"H"A - DN+ A"RA,
=A" (HBB"H" + R, )A +1 - A"HB - B"H"A .
Using proposition 1 the optimum receive beam matAx is given by
A" =(HBB"H" +R )™HB, (570)

=R'HB( +B"H"RHB)™. 6G7)
The MSE of the™ substream is given by th& diagonal element of the covariance

error matrixg
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[E]i=a"i(Hbib"H" + Ry)a + 1-a"Hb; - b"iH"a; . (5.72)
The derivation of the receive beamvectafs can be independently done for each of
the substreams since the choice of the receive \@or for one substream does not

affect the others as can be seen from (5.TBg optimum receive beamvectors are

given by

ai=Hbb"H" + R,) "  Hb; . (5.73)
Similarly for single beamforming case the optimueaimvector is given by

a = (Hbb"H" + R,)™* Hb. (5.74)

The concentrated MSE matrix is obtained by putth@1) into (5.72)
E(@B)=EBA)=I-B"H" (HBB"H" + R,)'HB,
=l - B"H"R;! HB(I + B"H"R" HB)™,
=(+B"H"R'HB)™. (5.75)

The matrix inversion lemma has been used to prbeerésult. The MSE at th&' i

L 1
substream is given b M .
gven by P b H"R M,

(5.76)

Similarly it can be shown that the MSE for the $ngeamforming case is given by
MSEK)= MSE(, a*)=1/(1 + b"H"R;* Hb). (5.77)

5.7.5 Measure of quality of receive beamforming

The quality of communication system depends uparious measures like
SINR, BER and MSE. These measures are defined bipyoint beamforming at
transmitter and receiver, but they are applicableeteive only beamforming also as

discussed in section 3.10.

5.7.5.1 SINR

The SINR of ' established stream or link in case of multiplerbfeaming is given by

2
a'Hb|"  a¥(Hb b"H")a
SINR @8,a)= -a (bR Ja 5.78
B a) aiHRniai aiHRniai ( )

The optimum receive beamvector that maximizes thi&kSs given by
a =a R Hb;. (5.79)
wherea; is an arbitrary scaling factor that does not aftbet SINR. Alternatively, the

SINR in (5.78) can be upper-bounded as
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‘aiHH bi‘
SINR=—F——=< bi”H”R;ilei, (5.80)
a R _a

i ni =t

simply by using Cauchy-Schwarz’s inequality withcias(R-"*Hb;)and(R?&) :

@™ RY2 ) (R;¥2Hb)|? < (a"Rnia™) (bMH"R;} Hby). (5.81)
The upper bound in (5.80) is achieved wHRf{* & /7 RY*Hb; or, equivalently, by
(5.79). It is important to remark that (5.79) iemtical to (5.73) up to a scaling factor,
i.e,, the Wiener filter is also optimal in terms of nmaking the SINR. Using the

optimal receive beamvector (5.79), the SINR in&préduces to

SINR (B) =SINR (B, a’ ) = b"H"R* Hb,. (5.82)
Comparing now (5.82) with (5.76), it is clear thia SINR and the MSE are related by
SINRi:L -1. (5.83)
MSE;

Note that the SINR in (5.83) is a convex decreasurgtion of the MSE (clearly,

minimizing the MSE is tantamount to maximizing BI&R).

5.7.5.2 Optimum Receive Beamformer in Terms of BER

The performance of a digital communication sysiggiven in terms of symbol
error probability or BER. Assuming that the inteeilece-plus-noise component is
Gaussian distributed, the symbol error probabBgyan be analytically expressed as a
function of the SINR.

P, =aQ(/B(SINR), (5.84)
where,a andf are constants that depend on the signal constellaindQ(.) is theQ
function defined as

)\2

Q) =—LTe 2dh. (5.85)
2T x
To design a system directly in terms of BER, itattenship with SINR and MSE has
to be found. Both the exact BER function and ther@bff upper bound are convex
decreasing functions of the SINR as proved in AplperE. Since the BER is
decreasing in the SINR, it follows that the Wieriéler minimizes the BER. Using
(5.83) in (5.84), the error probability can be aitgively expressed as a function of the

MSE P, = aQ(yB(MSE™ -1) . (5.86)
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Both the exact BER function and the Chernoff uppeund happen to be convex
increasing functions of the MSE for sufficiently alinvalues of the argument (for
BPSK and QPSK constellations, this is true for @alpe of the argument) [74]. Since
the BER is increasing in the MSE, minimizing theBE tantamount to minimizing
the MSE and it then follows that the Wiener fillemimizes the BER (in the multiple
beamforming case, the BER of each substream depeamgison its corresponding
MSE). The lower the BER the better the system,esihnmeans that less error are made
when estimating the transmitted bits. It has bdsows in the above that the wiener
criteria based beamformer is optimal linear recéigamformer in the sense that each
of the MSE’s is minimized, each of the SINR’s isximaized and each of the BER’s is
minimized.Hence, any reasonable system has to be designeaveoa low MSE. One
such beamformer is FrFT beamformer described inptarad4.The FrFT beamformer
can decrease MSE further iff arder fractional domain, can improve SINR and resluc
BER.

5.7.6 Optimum Receive Beamformer in FrFT Domain [104]

The optimal single beamformer in fractional Fourd®main is derived first.
The signal observation model is given by

y=HqXx+n, (5.87)

where,y, X, n are column vectors with pMelements an#lly is an Mk x Mg matrix. It is
assumed that input and output processes and n@dseénde length random processes
and that the correlation matrix of the input randpracess Ry«) and noisgRnn) are
known. It is further assumed that the naisis independent of the input procesand
is zero mean. If the linear estimate is expresaethé formx = Hy then the optimal
general linear estimator di minimizing the mean square error between the actual
signalx and estimated sign& can be shown to satisByx=H Ryy.
oo 1

0 E[(x-R)" (x-R)], (5.88)

R
In this chapter a class of linear estimators iss@®@red which correspond to filtering in
single fractional Fourier domain and the estimaie loe expressed as

X=FAF"?y, (5.89)
where,F? andF? are discrete fractional Fourier transform matrioesrder —a and a,

respectively, andA is a diagonal matrix whose diagonal consists efelements of
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the vectorh . This estimate corresponds to a multiplicativéefilin the & fractional
Fourier domain. Since the fractional Fourier transfation is a unitary transformation,
the MSE can be defined iff @omain also,

, 1

o, =
e MR

EL(%, — %) (%, ~ %1, (5.90)

where, x,.=F® and X, = A-F?y=A-y,. Assume ‘a’ is fixed then problem is to
minimize o2 with respect to complex vectior then thea? can be written as
1
2

o. =
e MR

N 2
E|:|Z=:1|Xal -hy,| } (5.91)

where,Xa , Yal andﬁ, = ﬁ,, + ﬁ” are the elements of vectotgya and h. Equating the
partial derivatives ob? with respect tdﬁlrand ﬁ" , the optimal filter vector is given by

7 _Elxayal
opt,|
" Elyl[

The numerator is simply th&lj" element ofR xy, and the denominator is thiel ("

=12, Mk. (5.92)

element ofR where the correlation matricés, , and R, can be obtained from

yaya !

the input and noise correlation matrices as

R, =F*RH")F™ (5.93)

XaYa

R,, =F*(HR, H" +R )F™. (5.94)
(5.93) and (5.94) provide the solution to our mization problem in the discrete time
setting and can be compared with (5.73) and (8@ )solution obtained for optimum
receive beamvectors for multiple and single beamiiog cases respectively. In
multiple beamforming case the MSE of each substrieasrto be minimized if"aorder
fractional Fourier domain. For a given transmitrnegector, the receive beamvector for
the i stream can be further optimized using FrFT domegeive beamforming. This
optimal receive beamformer will further reduce M8E in the & domain as compared
to time or frequency domain. Reducing the MSE isient to increasing SINR and
decreasing BER. Thus any properly designed systased on FrFT domain
beamformer should attempt to minimize the MSEs, imee the SINRs and minimize
the BERs. One such system proposed is Optimal FoB$ed MIMO Receive

Beamformer (OFMRB). The proposed OFMRB can be putha front end of the
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MIMO receiver with each receiving antenna as shawfig.5.16. The performance of

optimal MIMO receive beamformer is studied nexngssuitable examples.

OFMRB
> > >
yi(® for stream 1 Xy

t> . OFMRB >o
ya(®) for stream 2 X,

OFMRB X
yMR(t)>_' for stream M > Ve

Figure 5.16: Proposed Optimal FrFT based MIMO Receive Beamformer

5.7.7 Numerical Example

In the following example two MIMO systemsx22 and 4x 4 have been
simulated with OFMRB. The modulation is assumedo& BPSK. The channel is
assumed to be Rayleigh faded. The fading is asstionled slow such that the value of
fading does not change during transmission of duoime complete symbol period. The
channel is completely known at the receiver. Thendel does not have temporal inter-
symbol interference. The fading from any transmiteana to receive antenna is also
assumed to be independent. In the proposed schestead of feeding the signal
directly to matched filter decoder the signal istfifed to OFMRB. Each receiving
antenna has an OFMRB at the front end. The recbaamformer estimates the
received signal in optimum domain with reduced M$Ee transmitter and proposed
OFMRB are shown in Fig.5.17 (a) and Fig.5.17 (bg Tihansmitted signals from

different antennas are equipowered. The signal firenK" antenna can be given as

() :\/gbk(t) cosQrt t) 1<sk<K, (5.95)

where, P represent total transmitted poweft) brepresent input data bits froni" k
antenna. dis the carrier frequency. The transmitting and endng antennas are
assumed to be linear arrays with spacing d betwkem so that received and
transmitted signals are uncorrelated. The recdwexssumed to be stationary. Each
receiving antenna with OFMRB at its front end gitles optimum output with weights

w calculated in FrFT domain.
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Figure 5.17(a): Transmitter
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Figure 5.17 (b): Optimal FrFT based MIMO Receive Beamformer
Consider 4x 4 spatial multiplexed MIMO system. The input tce tirst
OFMRB is
yi()=h11s1(t)+ hp1Sp(t)+ heass(t)+ hussu(t)+n, (5.96)
where,n is ZMCSCG vector with equal variance. The firstN\ilB knows the channel
response 1. Receiver treats all other signals excejft) sas interference. The output
signal of OFMRB can be expressed as
X () =wi" ya(t), (5.97)
where,w; are the weights obtained in FrFT domain. In gerteaK" output signal can
be expressed as
X () =W yi(D), 1<ks<K (5.98)
where,yk(t) is the K" input vector andv=[wiWe............. wk] is the optimum weight
vector for the ¥ OFMRB calculated in optimum FrFT domain. Theseiropm
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weights are calculated in each symbol period. Thatched filter recovers the
transmitted sequence from the optimum estimatedasigrith minimized inter-stream
interference and noise. The theoretical BER cacaltmulated using (5.84).

5.7.8 Monte Carlo simulation of spatial multiplexedsystem

In this work the performance of the proposed OFMRRvaluated in
terms of BER and BLER using Monte Carlo simulatiofise channel is modelled as
flat Rayleigh faded, and coefficients of channet amodelled as i.i.d (independent

identically distributed) ZMCSG RVs with variance50in each dimension i.e.

hi;C0CM0,1). The modulation is assumed to be BPSK andase of BPSK, SEP

reduces to BER. For the BER of BPSK a block comgjstf 100 bits is sent from each
transmitter with all the bits having random valuels The results below have been
obtained from 10000 independent runs of such blotke noise is considered as white
with zero mean and variance one. The total MSHIiruas vs. SNR curve for OFMRB
is shown in Fig.5.18. The performance is shownig5719 and 5.20 for>2 and 44

spatial multiplexed systems.

MSE vs SNR for Spatial Multiplexed system with 2 TX and 2 RX antennas
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| | .
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Figure 5.18: MSE Vs. SNR for OFMRB
Fig.5.18 is plotted for a stationary source. Isloown that OFMRB’s

MSE is less as compared to time or frequency besmaive beamformers for all values

of SNR, especially at low SNRs. The MSE in thremdms is given in table 5.1.
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Table-5.1: MSE in case of various receivers in MIMQISNR=10 dB)

Receiver SUM of MSEs in all runs
Time based MMSE receiver 22000
Frequency based MMSE receiver 22600
OFMRB 10000

BER vs SNR of 2x2 Spatial Mutliplexed system
T

e gy g g I I I I
[Z--I----Z---TZ--Z2ZZ| — Frequency Domain Rx Beamformer

bl __L___1__|--- Time Domain Rx Beamformer
———————————————————— — FrFT Domain Receive beamformer

Figure 5.19: Comparison of BER of OFMRB with other MMSE receivers for
2 x 2 spatial multiplexed MIMO system

o BER vs SNR of 4x4 spatial Multiplexed system
S e e e B

Lo _1___ - _ Frequency Domain Rx Beamformer
77777777777 — - - Time Domain Rx Beamformer
e it FrFT Domain Receive beamformer

BER

Figure 5.20: Comparison of BER of OFMRB with other MMSE receivers for
4 x 4 spatial multiplexed MIMO system
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It is observed from Fig.5.19 and Fig.5.20 that pineposed OFMRB performs
better than a time or frequency domain MMSE recéi®amformers. In case ofX2
MIMO systems for achieving a BER10?, the proposed OFMRB requires 2.9 dB and
1.7 dB less input signal power as compared to tilomain and frequency domain
MMSE receive beamformers respectively. Also in ¢hee of 4< 4 MIMO system the
proposed OFMRB requires 2.7 dB and 2.3 dB less paseompared to time domain
and frequency domain receive MMSE beamformers mainé to effective removal of
Gaussian noise and interference. If the transmmission form of blocks of k bits, then
the block error rate (BLER) is defined as

Poer =1- (L-BER)"®, (5.127)
where, L is block length. The block error rate fox2 and 4x 4 SM MIMO systems
is shown in Figs. 5.21 and 5.22. It can be obseivech Fig.5.21 and 5.22 that
OFMRB provides a gain of 2.6 dB and 2.9 dB overtiamd frequency domain MMSE
receive beamformers respectively at 10% BLER ix 2 MIMO system, while it
provides a gain of 4.1dB and 3.4 dB over time aeddency domain MMSE receive
beamformer respectively at 10% BLER ix 4 MIMO systems.

BLER s SNR of 2x2 Spatial Multiplexed system

Frequency Domain Rx Beamformer
F--{ ——-- Time Domain Rx Beamformer = |----+---—4
FrFT Domain Receive beamformer

| | | | | | | |
| | | | | | | |
I I I I I I I I
0 2 4 6 8 10 12 14 16 18 20
SNR

10°

Figure 5.21: Comparison of BLER of OFMRB with simple MMSE receiver for
2 x 2 spatial multiplexed MIMO system
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BLER vs SNR for 4x4 Spatial Multplexed system

Frequency Domain Rx Beamformer
L __| —— - Time Domain Rx Beamformer
FrFT Domain Receive beamformer

10

Figure 5.22: Comparison of BLER of OFMRB with simple MMSE receiver for
4 x 4 spatial multiplexed MIMO system

5.8 Rate One Alamouti’s Scheme with OFMRB

In Alamouti’s rate one orthogonal space time blackled system (OSTBC),
explained in section 5.6 with perfect channel kremige at the receiver, the scalar
detection techniques are used for detecting thestnéted signal. In this thesis it is
proposed to use OFMRB with OSTBC Alamouti’s scheatem. The OFMRB can be
put at the front end of each receiving antenna®TBC system as proposed for spatial
multiplexed system shown in Fig.5.16. The proposedcture of transmitter and
receiver of OSTBC with MMSE receive beamformer h®wn in Fig.5.23 and 5.24.

The transmitter has only two antennas, while rexratan has one or more antennas.

Si(t) )

Input
Data
—>

Alamouti’'s
Space Time
code

Cos(21t)

Figure 5.23: Rate 1 Transmission using Alamouti’'scheme
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Figure 5.24: Proposed receive beamforming schemerfgpace time coded system

To emphasize the advantage of using OFMRB with BSTfirstly the
performance of a simple MMSE receiver is compareth \scalar detector used in
Alamouti’'s scheme with the help of a simulation myde. In this example BPSK
modulation was used. The noise was taken as ZMC®&iflGequal variance one. The
SNR is varied from 0 to 20 dB. The channel is miediehs flat Rayleigh faded, and

coefficients of channel are modelled as independdentically distributed (i.i.d)

ZMCSG RVs with variance 0.5 in each dimension ygJCAM0,1). 20000 of symbol

pairs were transmitted with rate one scheme areived symbols ware detected with
both ML detector and MMSE receiver. The bit erraterof OSTBC system, for both
scalar as well as MMSE receiving scheme with déiférmumber of receive diversity
branches is plotted in Fig.5.25. The performancéh vPSK transmission is also
shown in Fig.5.26. It can be observed form figuke85 and 5.26 that the BER
performance of rate one OSTBC system with a sifMMSE receiver is comparable
to that of ML receiver. Hence the OFMRB proposed dpatial multiplexed systems
can be used with OSTBC system also. Moreover th®RE- can also be used to
cancel co-channel interference in MIMO systems. M&E vs. SNR performance of
OSTBC system with OFRMB is shown in Fig. 5.27 sltagain shown in Fig. 5.27 that
MSE in optimum FrFT domain is always less as comgao time and frequency
domain. The performance of the proposed OFMRB sehtan 2x1 and %2 rate 1
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OSTBC systems using BPSK modulation is shown inrég 5.28-29 with the same

simulation parameters as for SM systems.

Performance of MMSE and ML receivers in rate one schems

2Tx-1Rx ML
2Tx-1Rx MMSE
2Tx-2Rx ML
2Tx-2Rx MMSE
2Tx-3Rx ML
2Tx-3Rx MMSE
2Tx-4Rx ML
2Tx-4Rx MMSE

e e —_——

BER

SNR, [dB]

Figure 5.25 Performance of rate one OSTBC schemetwiML and MMSE
receivers with BPSK Modulation
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2Tx-2Rx ML
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2Tx-3Rx ML
2Tx-3Rx MMSE
2Tx-4Rx ML
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Figure 5.26 Performance of rate one OSTBC schemetwiML and MMSE
receivers with QPSK Modulation
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MSE vs SNR for OSTBC system with 2 TX and 2 RX antennas
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Time domain beamformer
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Figure 5.27 MSE vs. SNR for rate one OSTBC systemitiv 2 TX and 2 RX

Antennas

BLER vs SNR for Optimum MMSE Rx
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Figure 5.28-Performance of a 21 system using OSTBC and BPSK modulation
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o BLER vs SNR for Optimum MMSE Rx
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Figure 5.29-Performance of a 8 system using OSTBC and BPSK modulation
From Figures 5.28 and 5.29 it is clear that OFM&Bperforms both time
domain and frequency domain beamformers in casdrfal receive beamforming.
For 2x 1 OSTBC system the OFMRB provides a gain of 1 dBrdime domain
beamformer for a BLER10%.In case of 2 OSTBC system the gain provided by
OFMRB over time and frequency domain beamformet.i5 dB and 5.5 dB for a
BLER <10%.

The MSE with OFMRB is found to be less as compdcetime or frequency
domain for both spatial multiplexed as well as rate OSTBC system as shown in
Fig.5.18 and 5.27. The BER Vs MSE performance of 2 spatial multiplexed is
shown in Fig. 5.30. It can be observed from Fig05that FrFT domain receive
beamformer BER is always less than time or frequedmmain beamformer for any
value of MSE. Thus linear receive processing witFMRB can be extended to convex
optimization theory applied to joint transmitterdareceiver design in MIMO channels
as proposed in [34]. As stated in [34] most engingeproblems are not convex when
directly formulated and many of them have hiddenvexity to be able to use convex
optimization theory. Thus OFMRB helps us to refolabel any original non-convex
problem to convex form as it reduces MSE furthecampared to time or frequency

domain.
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Variation of BER with MSE for BPSK modulation
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Fig. 5.30 Variation of BER with MSE of 2x 2 spatial multiplexed system with
different receive beamformers

59 SUMMARY OF THE CHAPTER

In this chapter the FrFT based receive array [msing is proposed for the
improvement of the MIMO systems. Firstly it is poged that Channel estimation
errors can be reduced using FrFT domain channehasnr'. It is shown through
simulation that by using FrFT based channel estonahe performance of Alamouti’s
scheme can be improved further. Secondly it is shdvat by using optimal FrFT
based receive beamformer the BER and BLER of dpatidtiplexed system can be
reduced further in comparison to time or frequendgmain MMSE receive
beamforme. The BLER performance of rate one OSTBC systematsmbe improved
with OFMRB. Further it is proposed that OFMRB cdsoahelp in optimal FrFT based

joint transmitter-receiver design using convex maation theory.

Following articles have been reported from this chapter for publication:

1. [P24] “Improved channel estimation in transmit diversitheme using Fractional Fourier Transform” submitedlectronics
Letters

2. [P27] “BER reduction in Spatial Multiplexed sgsts using FrFT based MIMO receive beamformer” stteohito International
Journal of Springer on Wireless Personal Commuiicsti
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Chapter 6

SMART ANTENNA AT THE WIRELESS HANDHELD
TERMINAL

6.1 INTRODUCTION

With operators and manufacturers preparing andogam 3G systems, the
increasing growth of mobile phone users has createded for higher capacity in the
cellular network [26, 90, 120, 122]. Even as mqgvecsrum is allocated, demand for
higher data rate services and steadily increasimgoers of users, will motivate service
providers to seek ways of increasing the capacitytheir systems. One way of
overcoming the capacity problem is by using anteammays on the handset [152-153].
Till now the use of antenna arrays at a wirelegsdhald terminal (WHT) has been
viewed unfavorably because of technical difficdti®ut the new generation of high-
speed, low power digital signal processors and atunized radio frequency (RF)
components has facilitated computationally comple&rations and support of multiple
RF chains for array processing at the handhelditedrpossible. The research in smart
antenna at the WHT going on in various universiaesl companies, as described in
section 2.6, has been in the direction of Diversitggpacity improvemenReduction of
multi- path fading, Suppression of interferencenalg, Improvements of call reliability,
Mitigation against dead zones, Increased data,r&gsctral efficiency. But no work
has been reported so far, in the direction of @img the radiation hazards by using
smart antenna at WHT. The conventional antennasecaoupling with the head, but
there can be reduced or no coupling with the headde of smart antennas. In this
chapter the use of smart antenna in controllingatemh hazards is suggested. The
smart antenna can form a low or depressed sidettmbards the direction of head as
proposed in chapter 3 or it can adaptively traek direction of head and can form a
low side lobe in that direction. An exhaustive gsa is presented to find the
effectiveness of smart antenna in controlling racie hazards. The RF radiation

hazards are described first.



6.2 WHAT ARE RF HAZARDS?

The RF electromagnetic radiations (EMR) are defiimethe range from 300 Hz
to 300 GHz [67]. Natural and man made sources g#meEMR of different
frequencies. The common RF fields are

1. Monitors and video display units (3- 30KHz)

2. AM and FM Radio (30 KHz — 300 MHz)

3. Mobile base stations and handsets, TV Broadca3t(B.GHz)
4. Radar Satellite links and microwave communicat®r 80 GHz)

Radio frequency EMR are considered to be non-iagizadiations unlike X-
Rays and Gamma rays. These radiations are too wedkeak bonds that hold
molecules in the cell together and therefore predoaization. This process produces
molecular changes that can lead to damage in baalbgssue. A biological effect
occurs when a change can be measured in a biol@yis@m after the introduction of
some type of stimuli. However, a biological efféantand of itself, does not necessarily
suggest the existence of a biological hazard. Aobioal effect only becomes a
biological hazard when it causes impairment tohthalth of the individual or his or her
offspring. It has been known for many years thatosxire to sufficiently high levels of
RF EMR can heat biological tissues and potentialiyise tissue damage. This is
because the human body is unable to cope with tbhessive heat generated during
exposure to high RF levels. The effects resultimgmf RF exposure are usually
described in one of three ways [75]:

e Thermal effects

These effects from RF fields are defined as thdfeets resulting from a measurable
temperature increase. That is, the effect(s) ocouthe exposed biological material
(tissue, cell, etc.) as a result of the materiadpbeated by the RF fields.

* Nonthermal effects

These effects occur in an exposed material whenRiReenergy deposited into the
biological material results in a temperature insee&ess than the normal temperature
fluctuation of the material.

* Athermal effects

These effects occur when the RF field deposits@efft heat energy into a biological

material to cause an increase in temperature,dtémperature rise is observed.
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The electric and magnetic fields produced in thedybdy a nearby
electromagnetic source may cause both thermal andhermal biological effects [66].

It is proved that any biological effect from mobghones is much more likely to result

from electric rather than from magnetic fields [6The force produced by an electric

field on charged objects, such as the mobile iaesgnt in the body, causes them to
move resulting in electric currents, and the eieakresistance of the tissue in which

the currents are flowing, results in heating. Tiést input causes the temperature to
rise and it continues to do so until the heat irnpuialanced by the rate at which it is

removed, mostly by blood flowing to and from otlparts of the body. It is estimated

that it takes several minutes; from the moment Rbosure occurs, for the irradiated

parts of the body to reach their final equilibritemperatures.

It has also been observed that most adverse ftédRF fields occur in the
frequency range 1 MHz to 10 GHz [19]. Cellular ptlenes and wireless
communication systems are introduced in the soaety very rapid rate and are using
frequencies in the above-mentioned range. For alenphone to work it must radiate
and it is also unavoidable that part of the radigtewer be absorbed in the human
head. There are various methods suggested foriregradiation hazards like pasting a
sticker called ‘NO WAVE’ on mobile phone, whichgbects mobile phone user from
dangerous EMR. But there is a serious doubt alheuptotection power of this sticker.
Minimizing the hazardous biological effects shoub@ through the control of
transmitted power at the handset. With the advérsnwart antennas it is possible to
shape handset antenna beam in such a way thatishiemme of null’ or low side lobe
in a direction, in which user head is located.his thapter the use of smart antennas in
transmit mode has been analyzed for lowering theep@bsorbed by various tissues.
This activity is motivated by two factors [67]:

(a) A need to evaluate the rise in temperature of lgiokd tissues due to RF exposure.

(b) A need to evaluate performance of smart antentisedtandset.

6.3 MITIGATION OF BIOLOGICAL EFFECT OF HANDSET
ANTENNA

The first step necessary for an assessment of tmdteisks is to analyze and
quantify the electromagnetic fields induced in ¥heous tissues of human head caused

by the use of a WHT. To analyze the possible rarighe induced field strength in the
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various tissues requires an extensive effort, sihedocal field strength depends upon
a number of parameters, such as [125]
1. Operational frequency of the antenna and the ippuier.
Position of device w.r.t. head.
Design of the device.
The outer shape of the head.

Distribution of the various tissues in the head.

2 L

Electrical properties of the tissues.

The last three factors are different for differemdividuals and can even change
with time. The electrical parameters of human heag with the level of physical and
metabolic activity, health and age. The variatiohall these properties make the study
of absorption of RF energy complex. Simplificatiomse therefore required. In this
study following simplifications have been made,

(1) The human head is initially reduced to a homogen®esni-infinite, planar
multilayered model of different tissues.

(2) The RF energy incident on tissue is assumed tddve pvave.
6.3.1 Electrical Properties of Tissues

The electrical properties of tissues [84] vary efaing upon their water
contents. The tissues span the range of water msm@rmally found in soft non-fatty
tissues which is roughly 60-90% by weight, but muetver in fatty tissues. The
interaction of RF fields with tissue is determinky electrical properties electrical
permittivity €, the magnetic permeabilify, , electrical conductivity of the tissue and
frequency of incident wave [19]. For all nonmagoetiedia like tissug, may be taken
equal to the magnetic permeability of free spageFor time varying fields the losses
in the tissue may be taken into account by reggrdilectrical permittivity to be
complex and given by

S ..o
E=ENE —IE =&l € —1— |, 6.1
ole -ie’) ( wOJ (6.
where, £ =Re{i} is called dielectric constant (6.2)
80
e _ 0 .
and Tar{é] =— =—— is called loss tangent. (6.3)
€ WE,
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Loss tangent accounts for loss in tissue. As stadelier thee' ando of a tissue
are frequency dependent. The following relation® ghe frequency dependence over
the range 10MHz to 17GHz at 37 [84].

g = 1.71F 13+ (" — 4) / [1+ (f/257], (6.4)

, 0022267 -4t
[L+(f /257]

0=1351 "o, (6.5)

where, f is frequency in GHzp, is conductivity in mS/cmgyg 1 is electrical conductivity
at 0.1 GHz andJ" =Extrapolated microwave permittivity. The valuefs @ ; andeg™

are given in the literature [84] and are tabulateble 6.1

Table-6.1: Electrical properties of tissues of hea{B4]

Tissue of body (1-P) &m 0ol o™
Volume Extrapolated | conductivity | Extrapolated
Fraction Permittivity at 0.1 GHz conductivity
of water
Brain (Grey Matter) 0.84 44 7.0 11.3
Brain(White Matter) 0.74 34 4.8 7.5
Muscle 0.795 47 7.0 24
Liver 0.09 10 0.5 1
Fat 0.795 43 6.7 23
Sp|een 0.79 46 No data available 19

The dielectric measurements mentioned above wemame at normal body
temperature of 3. The permittivity and conductivity of tissues oga less than 2%
per degree centigrade, which is small for all pcattpurposes. The permittivity,

conductivity and loss tangent of various tissuelezfd are shown in Figs.6.1-6.3.
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Figure 6.1-Variation of relative permittivity with frequency (GHz)
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The variation ofe ando are explained as follows, depending upon the time
period of charging of cell membranes thevaries. In case the time period of the
electromagnetic field is larger than the time perd charging, the tissue behaves as a
good capacitor with large. At higher frequencies the period of the field mizgy
smaller than the charging time period of the tisesilting in the low value of. But
at frequencies in excess of 100MHz the capacitaxtance of the tissue is so small
that it may be assumed to be short-circuited. Atdiencies in excess of 1GHz the
dipolar relaxation of the tissue water determirtess wariation in dielectric properties
with frequency. The rapid increase anat frequencies above 1 GHz arises from the

polar properties of the water molecules presettiertissue.

6.4 PROPAGATION OF RF ENERGY THROUGH HUMAN
HEAD

The propagation of electromagnetic wave in tissas studied mathematically
by solving the Maxwell's field equations under apgmiate boundary conditions

[40,125]. In the tissue each layer is assumed tosberce free, isotropic and
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homogeneous medium. The electric and magneticsfigidtissue are obtained by

solving the wave equations

(O*+IR)E=0, (6.6)
(D*+K®)H =0, (6.7)
where, k= +if3, (6.8)
o is attenuation constant afids phase constant.
Also K= oPppe - o =’/ & (€ - €), (6.9)
where, c is the velocity of light.
¢ = o/(weg) = imaginary part of permittivity, (6.10)
e
a=AHEE and 6.11)
J2 €
8"
= W,/K,E[1+ 0.125(=)°] . 6.12
B =wHE[ ( 8,) ] (6.12)
I . _ Ky e\ . _e&"
Intrinsic wave impedancef = ,/—~|1- 0.378| — | + i0.5—|. (6.13)
€ € €
For a linearly polarized incident uniform plane waalong z direction
E = E,e “?e'(@t-a2) (6.14)
H = H ie—azei(wt—az) . (6.15)
L _ E?|
Power density in tissugFEX H=p, = ET (6.16)
n

6.4.1 Depth of Penetration

From (6.14) it is seen that the wave is attenuated travels through the tissue.
At a distance of z=1/ the magnitude of E and H fields are reduced to 36%heir
initial value. Similarly, it is seen that power déy is reduced to 13.5% of its initial

value at z=1dt. This distance is called depth of penetration (ROP

V2

@, /1

n

m

DOP = % - (6.17)

U

m
[92]

p
It is clear from (6.17) that depth of penetraticepends upon electrical properties of
tissue. Fig.6.4 shows that as frequency increas2B Decreases and the properties of

muscle and brain grey matter is almost same.
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Figure 6.4-Variation of DOP (meters) with frequency(GHz)

6.5 POWER INCIDENT ON VARIOUS TISSUES OF HEAD

The modeling of human head is essential in ordéintbthe power incident on
various tissues in human head. As the wavelengtipefation is very small compared
to the dimensions of human body, the human bodgiisidered as a planar multiplayer
model. The head is composed of seven tissues.otiaddn of various tissues has been
determined from magnetic resonance image as wélleasross sectional anatomy. The
head consists of skin, which is normally less thatmm thick. Just below skin lies a
layer, 1.25cm thick, of bone and fat, both of whaok low water content medium and
hence low loss medium. Beneath the bone lies musdieeh has high water content
medium hence constitute high loss medium. After cleudies brain tissues, whose
electrical properties are similar to that of mustksues. In general, the head is
modelled as stratified lossy medium of M isotropitd homogenous layers of planar
geometry characterized b8, On, Hpn, T, N =1,2........ M where {h denotes the
thickness of f layer. The M' layer is assumed to be semi infinite. All the ksyare

assumed to be infinite in x-y directions as showhig.6.5

Z Direction

Layer 1 €1,01, Hll htl
Layer 2 €2,02, M2 he.

LayerM M, OM, MM hwm

Figure 6.5-Model of head with various tissue layers
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When a uniform plane wave is incident on the s@faictissue, a part of this is
reflected and remaining is transmitted through bpi)163]. As the wave propagates
through tissue it gets attenuated. The reflectimh t)ansmission properties of various
tissues are function of electromagnetic propertiesayers, frequency of operation,
angle of incidence and type of polarization anatkhess of layer. This case is for
oblique incidence but for the case of WHT the wawmgth of operation is small and
antennas are held very close to the body, theréformy be possible to consider that
waves are normally incident at the surface of huilmady. For normal incidence there
is no distinction between parallel and perpendicplalarization. The case of parallel
polarization is considered here. To simplify thdcaltions consider the case of 3
layers as shown in Fig. 6.6. The same theory caextended to any number of layers.

Z Direction

Layer 0 &g O, ppl heo

Layer 1 &, 01, Hp1 .
Layer 2~ € 02, Hpz h
Layer 3~ €3,03, Hps hs

Figure 6.6-Model of 3 Layers considered for analysi

Let the uniform plane wave be traveling alongredion and incident normally
on a boundary that is parallel to z=0 plane. A parenergy is transmitted and part of
this is reflected back. LeE, E;, E; be the field strength of incident, reflected and
transmitted wave. The continuity of tangential camgnts of E and H requires

E+E =E, (6.18)
H + H = H. (6.19)
The following convention for reflection coefficieniare considered throughout this
chapter;
* Ry: Reflection Coefficient of layey’
* Left hand subscripk’ indicates the medium form which wave is incident
» Right hand subscripy’ indicates the medium on which wave is incident
» For exampleRy; indicates the reflection coefficient of layerl amdve is incident
from layer O, which is free space. The same natatudl apply to Transmission

coefficient also.
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« For reflected and transmitted field one more supsar or ‘t’ is added to indicate
transmitted or reflected field. For examidexy indicates electric field reflected in
layer'y’. Subscriptx’ indicates the medium form which wave is incide&ubscript
'y’ indicates the medium on which wave is incident.

For the first layer these conditions give reflecamd transmitted fields are

_Th =1 - _

B = e B = R (6.20)
__ _

E101 - ,71 +t70 Ei _T01Eiv (6-21)

where,Tp; andRy; are transmission and reflection coefficients gélal.
E;»> = Transmitted field in layer 1 reaching boundatyX) of layer 2 and layer 1

= Bo1 €% (6.22)
A part of this field is reflected back and agaiadiees boundary (1, 0) given by

_,=1N — — -ay
ErlZ - ﬁ E21 - R12E12 - R12E101e n (6-23)
Ei0= Field reaching (1, 0) boundary s1£6%1" = RiE1 €21 (6.24)

At (1,0) surface a part of this is transmitted angbart is reflected back, again the

T =1
1 0

SinceRy1=R1y, thereforeR;pcan be replacedith Ry, in (6.25)

reflected field iSE 110 = E,, = RoR,E 072" . (6.25)

E'ro = 1 :’70 E,, = R,R,E e %" (6.26)

1 0

This reflected field again reaches interface (2rid field reaching (2,1) interface after
1%reflection  E'z = E'10e™" = R,R,E,,,€°"". (6.27)
On reaching (1,2) interface a part of field is eefed back again, hence the net field

reaching (1 2) interface after multiple reflectiosg;» given by

E12= Ep ™™ + R,R,Eq,€ ™ + (R,Ry, ) Ep€ ™ + oo , (6.28)
= EtOle_alhl|: . “2aih; } =2 [ : —2ayfy }e_%hl E. (6.29)
1-RyR.e ™ M+, | 1-RyR,e ™

The field reaching (1,2) interface becomes thediaai field on layer 2 and above
theory can be extended to find fields reaching otiagers. For example the field

reaching (2,3) interface is given by (6.30)
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E23 = 2,71 [ . —2a1hy }e_aﬁ 2,72 { : -2azh, }e_%hz Ei : (6'30)
o+, | 1- R01Rlze o+, | 1- RlZRZBe

Now the total field reaching interface (1,2) ie sum of the field reflected back
from the layer (2,3) and field reaching (1,2) afteultiple reflections in layer 1. The
effects of fields reaching interface (1,2) afteftaetion back from subsequent layers is
negligible and is therefore neglected. The fielacreng back layer (1,2) after reflection

from layer (2,3) is

E, = RpEqge ™. (6.31)
The total field incident on layer (1, 2) is sum(6f29) and (6.31)
El =E,+E,,. (6.32)
Knowing the total field incident the power flowdalculated using Poynting theorem
E |’
P = Average power flow/area in incident fi@lé'z—| Re{i} (6.33)
i
E 2
P.= Power flow /area in reflected fiecl:J'T| R{,HRJ (6.34)
E[
Pt= Power flow/area in transmitted fidéé—' Re{i}m . (6.35)
7

where,Rc isreflection coefficient of tissue antlc istransmission coefficient of tissue.
Power absorbed at z=0 using principle of consesmati energy is given by
P.O)=R-P-P. (6-36)

Power absorbed at any point z in the first layeyiven by

2 )
P.(2) = ——P, (0" . 6.37
.(2) DOP . 0) (6.37)

6.6 RESULTS AND DISCUSSION FOR POWER DEPOSITION
Based on above analysis above, a study of theteféd thickness of skin, bone,
muscle and brain on the power-transferred ratioR)Pfas been carried out. The
thickness of skin, bone and muscle are assumedet®.#mm, 1.25cm and 1lcm
respectively. In this work the three frequenciessidered are 900 MHz (GSM), 1850
MHz (WCDMA) and the frequency of 6 GHz, considerithg satellite mobile phones

(although power requirement by such phones is laghcompared to GSM and
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WCDMA handsets). The results of power absorbeddnous tissues are shown in the
Figs.6.7-6.13.
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Figure 6.9- Relative power absorbed in various tisges of head at 6 GHz
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Table-6.2: Relative power absorbedh various tissues at 900MHz, 1850MHz and
6GHz

Frequency| Skin Bone Muscle Brain

900 MHz | 0.48Pi| 0.39Pi 0.30P 0.13 Pi

1850 MHz| 0.47Pi| 0.32Ri 0.21P 0.08 P
6 GHz 0.47Pi| 0.25R 0.015Ri  0.0004 Pi

Pi=Incident Power Density

Finally, based on the above analysis and reshksfdllowing points can be considered

1. At 900MHz head absorbs 48% of incident power anth 4 incident power is
absorbed at 1850MHz and 6GHz.

2. At all frequencies the power decay at skin, musclé brain is fast while power at
bone decays slowly due to poor conductivity ofbbee tissues.

3. The use of higher frequency band is suitable flulee mobile communication, as
it is seen from the table 6.2 that 0.04% & 8% aident power is reaching brain at
1850MHz & 6GHz respectively as compared to 13%0aNHz.
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4. The power absorbed by head at all frequencies thefrder of 47% of incident
power. Shaping the radiation pattern such that pesger is directed towards head
can decrease it. An attempt can be made to creat@eof null or depressed side
lobe in the direction of head in beam pattern.

5. Using adaptive antennas at the mobile handset earease the power incident on
the human head. The adaptive antenna shall forona of null or low side lobe
towards the human head in its radiation patternséen from the table 6.2 that at
all frequencies about half the power is reflectedktowards the antenna, after
reflection from the human head and it can be cemedi as interference at the same
frequency. Knowing the DOA of this a low or depexside lobe can be formed
towards this interference.

It may be pointed out that the assumption thatrtbiglent wave is a plane wave

is simplistic and may not be a realistic one inwi near field situation.
6.7 THERMAL PROFILES OF HUMAN HEAD

The one-dimensional bio-heat transfer equation leen solved to find the
thermal profiles of human head for semi-infiniteaqp¢ of tissues irradiated by
microwave power. When tissue is exposed to micrewadiation it absorbs some of
the electromagnetic energy that is converted imat.nwWithout cooling effect of blood
flow and heat loss from the tissue surface, theutaied tissue temperature rises

without limit and no steady state solution is ol [91].

6.7.1 Development of Bio-Heat Transfer Equation
6.7.1.1 Heat energy generated
As discussed earlier let Be the power incident on the surface of tissuenTpower
density of wave at a distance z inside tissue whtte@uation constant s
P(z)=Re™ (6.38)
Power lost by the wave while traveling in the tessu
dR,(2) P,(2)

-dP,(2) = ——%—dz=aP,(2).dz=—-—.P.dz, 6.39
(2) s ,(2).d; P (6.39)
. XR
where, z = 1o = Depth of penetratlcmT dz, (6.40)

andy = Fraction of energy transmitted in the tissue.
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Equivalent heat energy deposited by incident wawme dt in the volume of tissue of

cross-section A and depth dz; Adzdt= 3’—Ti.Adt.dz, (6.41)

where, J= Mechanical equivalent of heat.
In a small timedt the element of volume receives energy through so@Adzdt,
therefore its temperature rises though&ayhence its internal energy rises by

= mass x Specific Heat x Temperature Rise.
oT
(y,.Adz)c, AT =y, ¢, o Adzdt, (6.42)

where, ¢= Specific heat of tissue Cal/gt@- andy= Density of tissue in gm/cin

6.7.1.2 Heat Energy Lost
The heat loss is due to following reasons
(a) Thermal Conduction
Conduction is the process in which heat transf&edaplace by molecular
diffusion. The amount of heat energy flowing pecas®l per unit area of the cross-
section is proportional to temperature gradiéiit. The amount of energy lost by

volume Adz in interval dt is

2
Q. =-¢ ZZI Adzdt, (6.43)

where,cis a constant.
(b) Blood circulation
The thermo regulation process of the body triem&ntain the temperature of
the human body. If the temperature of the bodysritige vascular system tries to bring
down the temperature by an increased blood flowutin the volume. If Jis the
temperature at which the arterial blood entersvtiieme under consideration and T is
the temperature at which it leaves the body.

Qp = Heat loss in time dt =pc, AT.A.dz.dt, (6.44)
where, w( = ypm) is mass flow rate of blood through unit volurmegm/cnd,c, is
specific heat of blood in cal/gfiG, y, is the density of blood in gm/énm is
volumetric flow rate of blood per unit of the maddissue in crﬁ(gm—sec) and\T=T-

To is temperature rise in degree centigrade. Fro#l(6.44) using the principle of

conservation of energy
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a°T

Q,Adzdt = y,c, aa—IAdzdt -2 Adzdt +w,c,ATAdzd! (6.45)
Solving the above equation
ar _ oT
A QE :cg —W, G, AT+Q,. (6.46)
T’ _9°T'
= -AT' +q, 6.47
o T o q (6.47)

, q=—. (6.48)
S S S

6.8 SOLUTION OF BIO HEAT TRANSFER EQUATION

Before proceeding to solve the bio heat transfewaggn mathematically,
requires knowledge of the physical and thermal grigs of tissue, which are strongly
dependent on structures and composition of tissoe.ready reference, some of the
properties of various types of tissue of human leadabulated in table 6.3.

Table-6.3: Various Properties of Tissues of humandad [79, 91, 108]

Tissue Density | Sp. Heat Thermal Avg. Blood Flow
gm/cm?® | Callgm-°C | ConductivityCal/cm-°C-s | ml/100gm-min
Skin 1.2 0.83 0.00105 12.8
Bone 1.25 0.73 0.00344 -
Muscle 1.07 0.81 0.00153 2.7
Brain 1.05 0.81 0.00114 6.4
(Grey)
Brain 1.21 0.74 0.00314 2.4
(white)
Blood 1.06 0.93 0.00545 -

In studying the temperature profiles, there are twajor processes that
determine the temperature profile in tissue. Thet fone is the heating effect of the
microwaves incident on the tissue. The heatingceflemaximum at the surface and it
decreases exponentially, with the depth in tisJuee second one is surface cooling
produced by radiation from the surface by convecaod evaporation of sweat. The
cooling effect also decreases with depth. Therefiwe temperature increase is the net
result of these two effects that oppose each oHemce it is expected that temperature

profile would have a peak at some depth as show#gie.14.
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Figure 6.14-Rise in Temperaturaf Tissue

6.8.1 Boundary Conditions for Solution of Bio-Heaflransfer Equation

As discussed above under the action of incidemtgposurface cooling caused
by blood profusion and other effects, a temperatlis&ribution along z direction gets
built up in the tissue [91]. Initially the tempeues profile changes simultaneously with
time but as t- o, the temperature profile stabilizes and becomesdstwith respect to
time. In the steady state T'(0,t) =0 . (6.49)

The heat flow is proportional to arterial bloodngerature § and surface
cooling temperature ;Twhere heat transfer takes place by convectionatiad or
combination of the two. The surface cooling gives boundary condition

ar
0z

where, T = Temperature outside tissue plane. Value'ofdnies with environmental

(=00 =h(T'+T,-T), (6.50)

conditions. The value of lis 0.25/cm for a nude man at’80with a wind speed of 0.6
m/sec [91]. If skin is wet the h increases by ddiaof 5 or so. In general casgA T,
so there exist an initial temperature gradient rissue surface given by steady state

solution of 6.47

T (z0) = h'rE,Ti—i/;o).Exp(— z\ ) (6.51)

6.8.2 Steady State Solution

In steady state‘Z—I =0 and equation becomes

d’
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The solution of (6.52) subject to boundary condi$i¢6.49-6.50) is

q LA g 23]
T(z,0) = Exg - = |- Expl-z/A [+ T, |. 6.53
@)= p[ Lj Ny ' (6:59)
L2
Where T is the initial temperature given by the (6.54) whe microwave power is
applied
h(T, -T,)
T =V ™ o) mypl- 7). 6.54
! h’+\/X p( ) ( )

The location of peak temperature within tissugadis obtained by equating the first

derivative of (6.53) to zero and yeilds

1
e

— Ln(Lﬁ)+ Ln 1+ (T.-T.)||. (6.55)

q

6.9 EXPERIMENTAL DETAILS

The steady temperature distribution or the tempeggtrofiles in the skin, bone
and fat, muscle and brain irradiated by microwawevgr at three cellular frequencies
900 MHz, 1850MHz and 6GHz are plotted. The steadyestemperature of head
tissues as a function of depth has been calculateétie following cases.

1. Low surface cooling (LSC) "BO
2. Normal Surface cooling (NSC) 'H0.25
3. Extra Surface Cooling (ESC) '#H©15

Before finding the temperature profiles, it is imjamt to know the distribution
of penetrating power density (in mw/&rpenetrating the surface of head. It has been
found, in case of dipole, the microwave power dgnsiries along the axis of antenna.
When antenna is held about 0.35 inch from the h#smaximum power density is
60mwi/cnf at the center of antenna and it falls off rapidlgng the axis of antenna as

shown in Fig. 6.16.
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6.9.1 Results and Discussions

Based on the above discussion, the temperatuféegrbave been found for the
case of power density 100mw/Eraking it to be omni directional power density and
the following points may be observed.

1. The temperature profiles for all tissues of heiadskin, bone, muscle and brain are
shown in Figs.6.16 to 6.18, for various incidentvpo densities, when each of the
cooling mechanisms is sequentially turned off argemvextra cooling is added to all
mechanism. In the absence of surface cooling, teeud temperature is an
exponentially decreasing function of distance fribm surface, which also gets heated
up.

2. The higher frequencies produce peak temperaiegseer to the surface and produce
high surface heating. Qualitatively it is expecteztause as frequency increases the
depth of penetration of fields in the tissue desesa

3. The lower frequency produces lower peak tempegatbut is located deep inside the
tissues.

4. Varying of incident microwave power density chas the magnitude of peak
temperature and its location. As incident microwgeaver density is increased the
peak temperature increases and move towards tfeesur

5. From the plots it can be seen that flow of blamés has a significant effect on
temperature profiles. Therefore, irradiation ofuattmuscles and of artificial models
with same characteristics results in differentitirprofiles of the two.

6. The analysis presented above helps in obtasteapy state temperatures only.

7. The above analysis also suggests that tempenasar can be controlled by radiating
less power towards the human head.

In the profiles shown below, only for the skinstie the value of'hvaries, for
all other tissues after skin, have less variatibtemperature due to thermoregulation
process and for them value dfis zero. But profiles have been plotted for otveues

of h' also.

6.10 ADAPTIVE ANTENNAS AT HANDSET

Smart antennas are designed to maximize effeawesmission signal strength,
maximize receive sensitivity and cope with-or eymsitively exploit multipath. As
described earlier the adaptive antennas can be atsdte handset to reduce power

absorbed in the human head. To find the use oftagapntennas in controlling RF
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hazards consider a two-element uniform linear aatathe handset as shown in Fig.

6.19

Figure 6.19-Two element ULA at handset
Let these two elements be identical and be fed plithise difference af. Let &, E;be
the field produced at point P by the antenna 1 &t total field at point P is

E, =E,@+e"%) = 2EOCOS(%), (6.56)

where W= ?coswa. (6.57)

By setting dA/4 anda=-45". The radiation pattern obtained is shown in Big0

0.75
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Figure 6.20-Polar Plot of two element ULA with dA/4 and a=-45

By using a simple two-element ULA at the hands$eas ipossible to create a

cone of null towards user head as shown in Fig.6.21

02 04 06 08

Figure 6.21-A cone of null created towards user helsby using two-element ULA

The above arrangement, however, suffers one dicktbat as the user changes

the position of the handset, the null position &io change and it may happen that the
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user head may be immersed in higher power as caaparcone of null. But this gives
an idea that it is possible to control the poweliated towards the user's head and
adaptive antennas can play a vital role in contrglpower radiated.

Consider a two-element array at the mobile handbete the spacing between
the elements i&/2. Considering the desired signal S (t) arrivingni directionds and
interference signal I(t) arriving & (assumed to be reflected signal from head). Both
the signals have same frequency f. The signal feaiwh element is multiplied by a
complex variable weight and the weighted signaésthen summed to form the array

output. The two-element array is shown in Fig.6.22.
The output is given as Y(t)= BE™ (watws), (6.58)

where,w; andw, are complex weights. For Y(t) to be equal to B{g necessary that
Re(n)+Refv)=1 &
Imyv1)+Im(ws)=0. (6.59)
where, Re and Im are the real and imaginary vabfethe weights. The incident

interference signal arrives at element 2 with aspHaad ofv2 w.r.t. element 1.

S(t)  I(t) (Reflection from head)
1 3/ 2

W> W1

YN

Figure 6.22-Two element array for reduced radiationtowards human head
Consequently the array output due to the intenferds
Yi(t)=Ne? @y +Nd @ M2y, (6.60)
For array output interference response to be zeésmiecessary that
Refwv)+Refv,)=0 and
Im(wy)+Im(w)=0. (6.61)

Simultaneous solution of above equations yields
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1 .1 1 .1
wi=—=-—j= and Wo=—+ | —. 6.62
=575 =5+ 5 (6.62)

With these weights the array will accept the dabirsignals while
simultaneously rejecting the interference signaélés means the array will form a null
towards the direction of the interference i.e.eetéd signal.

Therefore an array processor essentially forms Iaanudepressed side lobe
towards the direction of the user's head while mmzing signals from the other
directions. The adaptive antennas utilize the digpeocessing algorithms to
continuously distinguish between desired and iaterfj signals. The adaptive antennas
continuously update its beam pattern based on @samy both the desired and
interfering reflected signal locations. Hence thadaeptive antenngsovide each user
with a beamwhich makes possible to transmit and receive sggimah directional area
and null or depressed side lobe towards the ussd Heereby reducing the radiation
hazard. A comparison of an omni directional anteand adaptive antenna at various
operating frequencies is given in Figs.6.23-6.2t power absorbed by various tissues
of head at 900 MHz, 1850 MHz and 6 GHz by use ofioas well as adaptive antenna
is shown in tables 6.4 to 6.6.

Adaptive antennas can control the rise in tempegatof the various tissues of
the human head by controlling the power incidenth@ad adaptively. The omni
directional antenna is assumed to have incidentepalensity of 100mw/cfn while
that of adaptive antenna is taken to be 75m&/&@mw/cn? and 25mw/crh The rise
in temperature of various tissues of head is shawrFigs. 6.26 to 6.31. The
temperature rise in various tissues is also shovtaliles 6.7-6.10.

It is again emphasized that the model consideg esimplistic it can
only serve as guide to find temperature profileacfically the results may differ. The
advantage of this model is that it considers tbesfof blood and outside temperature
which is not considered in any of the model desdtibn literature for finding
temperature profiles. The blood flow acts as a aain the body and controls the
temperature rise, whenever it occurs. Hence itrepgsed that future wireless and
mobile communication systems employing antennayaret handset can use these

arrays for controlling radiation hazards also.
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Figure 6.23-Comparison of power absorbed in varioutissues of head with Omni
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Figure 6.24-Comparison of power absorbed in variouissues head with Omni
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Table-6.4: Comparison of power absorbed in variouissues by adaptive and omni

antenna at a frequency of 900MHz.

POWER OMNI ADAPTIVE ANTENNA (WITH
ABSORBED IN | DIRECTIONAL REDUCED POWER TOWARDS HEAD)
VARIOUS ANTENNA 0.25P 0.50 P 0.75P

TISSUES POWER (P.)
SKIN 48 12 24 36
BONE 39 9.7 19.5 29.2
MUSCLE 30 7.5 15 225
BRAIN 13 3.2 6.5 9.75

Table-6.5: Comparison of power absorbed in variouissues by adaptive and omni
antenna at a frequency of 1850MHz.

POWER OMNI ADAPTIVE ANTENNA (WITH
ABSORBED IN | DIRECTIONAL REDUCED POWER TOWARDS HEAD)
VARIOUS ANTENNA 025P 050 P 0.75P

TISSUES POWER (P)

SKIN 47 11.75 23.5 36.25
BONE 32 8.0 16.0 24.0
MUSCLE 21 6.25 10.5 16.75
BRAIN 8 2.0 4.0 6.0
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Table-6.6: Comparison of power absorbed in variousissues by adaptive and omni
antenna at a frequency of 6GHz

POWER ABSORBED | OMNI ANTENNA ADAPTIVE ANTENNA (WITH
IN VARIOUS POWER (Pi) REDUCED POWER TOWARDS HEAD)
TISSUES 0.25R 0.50 P 0.75R
SKIN 47 11.75 23.5 36.25
BONE 25 6.25 12,5 18.75
MUSCLE 1.5 0.375 0.75 1.125
BRAIN 0.04 0.01 0.02 0.03
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Figure 6.26-Skin and Bone temperature variations wih depth under different
surface cooling conditions with Smart antenna at SMVHz
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Figure 6.27-Muscle and Brain temperature variationswith depth for different
surface cooling with Smart antenna at 900Hz.
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Figure 6.28-Skin and Bone temperature variations wih depth under different
surface cooling conditions with Smart antenna at 1MHz.
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Figure 6.29-Muscle and Brain temperature variationswith depth for different
surface cooling with Smart antenna at 1850MHz.
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Figure 6.30-Skin and Bone temperature variations v depth under different
surface cooling conditions with Smart antenna at 68z.
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Table-6.7: Peak temperatures iffC attained by the skin for the case of normal

surface cooling

Incident power density (mw/cnf)
Frequency 100 75 50 25
Omni Adaptive Adaptive Adaptive
Antenna Antenna Antenna Antenna
900MHz 38.31 37.9 37.6 37.1
1850MHz 39.01 38.4 37.8 37.1
6GHz 39.55 38.8 38.1 37.1

Table-6.8: Peak temperatures iffC attained by the bone for the case of normal

surface cooling

Incident power density (mw/cnf)

Frequency
100 75 50 25
Omni Adaptive Adaptive Adaptive
Antenna Antenna Antenna Antenna
900MHz 37.8 37.6 37.29 37.10
1850MHz 38.21 37.99 37.51 37.1
6GHz 39.1 38.8 37.92 37.25

Table-6.9: Peak temperatures iffC attained by the muscle for the case of normal

surface cooling

Frequency Incident power density (mw/cnf)
100 75 50 25
Oomni Adaptive Adaptive Adaptive
Antenna Antenna Antenna Antenna
900MHz 38.22 38.0 37.7 37.31
1850MHz 38.10 37.9 37.58 37.20
6GHz 37.21 37.5 37.20 37.10

Table-6.10: Peak temperatures iffC attained by the brain for the case of normal

surface cooling

Frequency Incident power density (mw/cnf)
100 75 50 25
Oomni Adaptive Adaptive Adaptive
Antenna Antenna Antenna Antenna
900MHz 37.8 37.7 37.4 37.12
1850MHz 37.5 37.4 37.26 37.10
6GHz 37.03 37.025 37.022 37.004

6.11 RESULTS AND DISCUSSIONS

From the above analysis it is shown that by hagimgrt antenna at the mobile
handset, the most adverse effects of the RF figdtisbe reduced. For example at 900
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MHz, the temperature rise of brain tissue can beiced from 37.80to 37.12 by the
use of smart antenna at the handset, which can &olow or depressed side lobe
towards the human head. It is found that frequeaoge from 1 MHz to 10 GHz is
responsible for induced heating, resulting in tise of tissues temperature more than
1°. Induced heating in body may provoke various piiysiical and thermoregulatory
responses including a decreased ability to perforemtal or physical tasks as body
temperature increases. Similar effects have begorted in people subjected to heat
stress e.g. people working in hot environments suifering from prolonged fever.
Besides the thermal effects the EMR can inducethermal effects also into the body.
There are some other reported Symptoms and disatisésited to RF Fields [66, 73,
100, 102, 147].

International guidelines have also been establighedimiting exposure to radio
frequency non-ionizing radiation [66]. There is aximum power the phone can use
for communication, and it is called Telephone Comioation Power (TCP). This is to
ensure that the phones radiate sufficient poweraik properly. The TCP is the figure
of merit of a mobile phone, when it is transmittifdne higher the TCP, the better the
phone will work in transmit mode. On the other haihe possible radiation hazards are
characterized in terms of a Specific AbsorptioneRE@AR) distribution that should be
as low as possible or at least below some stardaitd. Both the TCP and the SAR
are proportional to the maximum power that candmBated by the phone. Therefore a
high quality phone must provide a good compromistevben high TCP and low SAR.
This is possible by directing the radiation frore fthone away from the head. The less
absorption in the head, the lower is the SAR. ®obilasst compromise between the high
TCP and low SAR is to make the antenna radiate desger towards head [165] and
adaptive handset at antenna will provide an optinsatation to the problem of high
TCP and low SAR.

6.12 SUMMARY OF CHAPTER

The WHT devices include (but not limited to): haatin cellular systems,
wireless local area networks access points andtasminals, PDA, Bluetooth access
points and terminals and indoor wireless fixed ptarpoint systems. Smart antenna on
the handset can offer many benefits like increasederage, data rates, reduced
interference and increase in spectrum efficiency But there is no work suggesting

the control of radiation hazards using smart ardgetmthis chapter by means of simple
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mathematical calculations the power absorbed aeid thermal profiles of head have
been found. The use of smart antennas in reduaidigtion hazards is proposed. The
power absorbed and rise in temperature of variessds of head is compared for omni
directional as well as smart antenna. These resaltserve as a guide for any antenna
designer. The interaction of the handset antenttative human head has been studied
by modeling head as a homogeneous, semi-infinite manar multilayered model of
different tissues. In determining the temperatuse the effect of blood flow and

transfer of heat from tissue into space is takémaccount®.

[P9]“Adaptive Antennas at the Cellular Mobile Hantd&e reduced deposition of power in Human Headgdeedings of
Workshop on Advances in Smart Antennas for Software Radheld in conjunction with 18 Annual Virginia
Tech/MPRG Group Symposium on Wireless Personal Comiuations, Virginia,pp.82-90, June 4-6 2003

[P10]“Use of adaptive Antenna at the cellular melilandset for reduced radiation hazards” accept¢BEE 9" Asia
Pacific Conference on Communications, APCC2088George town, Pena nag, Malayssgptember 21-24,2003
[P11]"Adaptive antennas at the mobile handsetdduced radiation hazards: An analy$*stceedings of IEEE Vehicular
Technology Conference, Fall 2003, Orlando, USA, pb313158, October 6-9, 20q8vited Paper)

[P12]"Adaptive Antennas at the Cellular Mobile Haat for reduced SAR in Human HeaBfoceedings of IEEE 6
International Symposium on Antennas, Propagation@iEM theory, Beijing, Chinapp.360-368, October 28-Nov 1, 2003.
[P7] “Adaptive Antenna at Wireless Communication Hiaeld Terminal For Reducing Power Deposition In Horkkead”
revised and submitted to Radio Science Journal, USA
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Chapter 7

CONCLUSIONS AND FUTURE SCOPE OF WORK

7.1 CONCLUSIONS

This thesis is an outcome of the studies perfornmmdards developing
beamforming algorithms for array processing architees of mobile and wireless
communicationsystems. The results presented in this thesistitatesl four targets.
First, new side lobe control beamforming algorithewstable for array processing
architectures of CDMA based systems are developethferference reduction. These
algorithms are analyzed and the advantages of thlgeeithms to array processing
architectures are quantified. The second targehisf thesis is the development and
application of advanced array signal processingprtiegies to mobile and wireless
communication systems that have a practical impiegat®n complexity and achieve
high performance levels. This work is prompted bg turrent thrust in mobile and
wireless technology, to look for new approaches tewhnologies, to improve the
performance of array processing architectures. $beond target is achieved by
development of FrFT based beamforming algorithmnam stationary environments,
towards improving the performance of array processarchitectures of adaptive
antenna, from the point of view of reducing MSE &@ER. The third target is the
application of FrFT based arrays in MIMO systemdie Treduction in channel
estimation errors caused by Gaussian noise usifAfj Based estimation is suggested.
A new FrFT based receive beamformer is proposediwtan be extended to design of
joint transmit-receive beamforming. Lastly, the eetiveness of smart antenna in
controlling radiation hazards at the handset idagrg, in the light of establishing the
advantages of smart antenna over a single antgrstans at the handset. From the
results of these extensive investigations the Wahg algorithmic and quantitative
conclusions are drawn which will enhance the curtate of art in mobile and
wireless communication technology. The contribugidisted below are in the same

order as they were presented in this thesis. Homteeedetailed results and discussions



are presented in each chapter.

To begin with, it is shown that conventional agdased on nulling procedure
are unlikely to be applicable in practical CDMA bdswireless communication
systems even if their beamforming procedure isdviali coherent interferersn CDMA
systems it is proposed that smart antenna will @dribterference by forming main
lobe towards desired user and low/depressed side towards the undesired users or
interferers. Hence narrow beam low side-lobe algorithms, whaem taper array
weights of any beamformer with suitable taper fiorgtare considered appropriate for
CDMA systemdqP20]. A new procedure for tapering in fractional Fouriedomain is
outlined. The resultant taper obtained is called FrFT Tapérhe FrFT taper is based
upon the concept of multiplying two taper functiagnssome & domain and then
forming the beam with weights obtained by takingeise FrFT of the resultant of
multiplication in some fdomain.The weights obtained by the FrFT taper are found
to be practically realizable in all domaing.he FrFT taper can be used at theront
end of an antenna array system before adaptive grfaocessing architecture in
mobile and wireless communication$8, P13, P18, P19 This idea of tapering gives
more flexibility to antenna designer as FrFT tajgefound to be more versatile (now
only one parameter ‘a’ is to be varied to get a naper with new radiation pattern)
than fixed tapersinformation capacity improvement offered by empigya tapered
beamformer in wireless communication system is esk#rd in this research. A
relationship between the information capacity widspect to a desired user’s signal
and the sensor array beam pattern is establishéd. dapacity function is found to be
having a one-to-one relationship with the beam grattof the array and its salient
features are directly related to those in the beaattern. This function is used to
analyze capacity in an interfering environment afeless networks. This function
provides a bound for the improvements in infornratapacity possible via the use of
spatial filtering in CDMA based wireless communigatsystems. It is concluded, that
for minimum drop in capacity as the angles of atief any interfering users move
through the sidelobes, the maximum sidelobe levedt he as low as possibl&
relationship between number of interferers and sittde level of the beamformer is
derived which can be used by antenna designer agiaeline for choosing side lobe
level. It is established that any array processing dalgoriwhich can decrease the
maximum side lobe level equivalent to ChebysheV ddfinitely improve the capacity

of CDMA based wireless communication system, when@ber of interferes are quite
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large.A new method of synthesizing Chebyshev-like lowediobe beam patterns with
adjustable beamwidth and steering invariance is@jsroposedThe proposed matrix
based algorithm called MBC (Multi Beam Constrainty computationally efficient
and is applicable where DOA of interferers could nbe identified due to antenna
array resolution [P16].The MBC converges remarkably fast with in few iierss and
provides a low side lobe level to all interferemnsciase they are uniformly distributed in
the side lobe region.fIthe interferers are concentrated over a broadearthe
algorithm places a low side level in the directajrthese interferedt is known that in
case of large angular spread of interference a phaull can not provide efficient
interference suppression. But the MBC can form @abirlow side lobe towards the
direction of this largely spread interferendeis also established through Monte Carlo
simulations, that the array processing architectnesed on proposed algorithm
outperforms the other two, Chebyshev and adapta@miformers in an interfering
environment where a large number of interferersosund the arraylt is proposed from
this study that the MBC algorithm which can deceséise maximum side lobe level
equivalent to Chebyshev will definitely improve gherformance of CDMA based
wireless communication system, where the numbeéntefferes is quite largelt is
shown that for number of interferers equal to 68, proposed algorithm provides 2dB
more array gain as compared to SMI algorithig, P15, P21, P22, P36

Another important aspect of beamforming algoritamd environment has been
studied from a signal processing perspecfies interdisciplinary character is a major
theme of this target that has resulted in the agweént of advanced array processing
algorithm in non stationary mobile and wirelessimmments. Thus the key result is
the derivation of the optimum FrFT based beamforifioer multipath signals over
AWGN channels. The proposed FrFT based optimum fiwamng algorithm is
developed with many important advantages; main @mthiem is improved MSE
performance relative to the time and frequency dorbaamforming algorithmsThe
performance of FrFT beamformer is evaluated bage8NR of input signal and MSE.
The proposed algorithm is shown to be capable wdlrag moving (producing Doppler
shift in mobile wireless) and accelerating sourgesducing chirped signal in wireless
communication) effectively as compared to othegdiency or time domain algorithms.
In order to analyze the proposed new array sigmatgssing algorithm statistical
models for fading channels based on the charaatenz of different fading properties

are consideredhe optimum FrFT beamformer is also evaluated iorocellular and
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macro-cellular environments using GBSBE and GBSB&noel modelsSimulation
results have established that FrFT based beamforrperforms better than the time
domain or frequency domain beamformer under all amzel impairments. It is
concluded that there exists a domain in which theSH is less as compared to any
other frequency or time domain even for multipattading signals over AWGN
channel [P1-P2, P4, P6, P14Performance analysis results of the FrFT beamformer
showed improved performance especially for low SNR-P2 P4]. It is demonstrated
that the proposed method yields improved resuéisdhne smaller MSE at all SNR, in a
moving source scenario, which is common in mobileeMss communication. The
percentage reduction in MSE for a moving sourcé-iRT domain as compared to
frequency and time domain in various fading chasmisekhown in table 7.1. As shown
in table 7.2 the proposed optimum FrFT domain beamér can be used for yielding
small errors in case of accelerating source problerhich is common in wireless
communication.

Table-7.1: Comparison of reduction in MSE of FrFT domain beamformer
with frequency and time domain beamformer for a moving source

S.No Type of Channel FrFT beamformer FrFT beamformer
Vs. Time domain Vs. Frequency
beamformer domain beamformer

Min Max Min Max

1 AWGN 39.5% 46.4% 86.8% 89.0%

2. Rayleigh 36.6% 46.2% 84.8% 87.5%

3. Ricean 39.0% 47.1% 89.4% 91.7%

4. Nakagami 40.8% 46.6% 86.1% 87.9%

5. GBSBE 38.4% 46.5% 87.0% 88.9%

6. GBSBC 38.1% 45.4% 86.6% 89.3%

Table-7.2: Comparison of reduction in MSE of FrFT domain beamformer
with frequency and time domain beamforming for an accelerating source

S.No Type of Channel FrFT beamformer FrFT beamformer
Vs. Time domain Vs. Frequency
beamformer domain beamformer

Min Max Min Max

1 AWGN 37.2% 47.7% 86.6% 88.6%

2. Rayleigh 40.0% 45.9% 85.7% 87.7%

3. Ricean 39.2% 47.0% 89.4% 91.7%

4. Nakagami 40.5% 46.6% 86.3% 88.79

5. GBSBE 41.2% 46.4% 87.6% 89.6%

6. GBSBC 40.9% 45.9% 87.1% 88.8%
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Simulation results for different fading channelsnnstrate the merits of the
algorithm. The existing beamforming algorithms aag very effective in rapidly time-
varying channels, while the FrFT based algorithmintains superiority over the
existing algorithms in time varying channels immerof MSE. In this entire work it is
assumed that velocity and acceleration of the goigrknown at the array processor.

The FrFT beamformer also provides increased ouf§MR and array gain as
compared to frequency domain and time domain beengioin AWGN environment
[P17. The BER performance of FrFT beamformer is also sied in an interfering
environment for one transmitting and large numberf oeceiving antennas as in
SIMO system. The BER of FrFT beamformer is found b@ less than time domain or
frequency domain beamformer in case of Rayleigh aNdkagami faded channels.
The improvement obtained by optimum FrFT beamfornoser other optimal
beamformers is demonstrated through Monte Carlalsitions. It is shown that FrFT
beamformer requires 1.3 dB less input power as epatpto time domain beamformer
for a BER of 1F with 3 receive diversity branches. In case of fdiversity branches
and for a BER of 16 optimum FrFT Beamformer requires 4 dB and 9 dB leput
power as compared to time and frequency domain foeamar. The improvement is 5
dB and 10 dB in optimum FrFT domain as compareihte and frequency domain for
five receiving antennas. The same results are mddafor Nakagami faded channel
also. It is shown that FrFT beamformer requires less inppower as compared to
time and frequency domain beamformeBased on simulation results obtained it is
concluded that FrFT beamformer shall become an igtal part of next generation
mobile and wireless communication systems as it aatrease BER further as
compared to time or frequency domain beamformer[P25

A brief overview of MIMO systems is given with lpeof simulations. STD is
considered to be an efficient signaling strategy MAMO systems without channel
state information at transmitteP23. With STD a large diversity gain and a high
transmission rate can be achieved but it requisréept CSIR. The performance of
STD falls by 3 dB as compared to MRC due to imperthannel estimatiorA new
FrFT based channel estimation technique using PSAMproposedThe FrFT based
channel estimation provides a gain of 1.2 dB ovené domain estimation and about
5.3 dB over frequency domain estimation. The estifoa error to signal ratio can be

decreased effectively by use of FrFT based estiorafP24].
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A new FrFT based receive beamformer is proposed spatial multiplexed and
rate one Orthogonal Space Time Block Coded MIMO teyss.The proposed optimal
FrFT based receive beamformer can be put at the &éod of the MIMO receiver in
these systems. Eaokceiving antenna has an OFMRB at its front encchvigives the
optimum output with weightsv calculated in FrFT domain. The performance of the
receive beamformer is studied forx22 and 4x 4 spatial multiplexed systems. The
proposed OFMRB outperforms the simple MMSE receingerms of BER and BLER.
The performance improvement in terms of BER is samwed in table 7.3. Similarly

the performance improvement in terms of BLER isgiin table 7.4.

Table.7.3: Improvement achieved by proposed beamformer in terms of BER

Type of MIMO system Gain of OFMRB over ( Target BER10?)
Time Domain RX beamformer Freq. Domain RX beamformer
2x2 SM system 2.9dB 1.7dB
4x4 SM system 2.7dB 2.3dB
Table.7.4: Improvement achieved by proposed beamformer in terms of BLER
Type of MIMO system Gain of OFMRB over ( Target BLER 10%)
Time Domain RX beamformen  Freq. Domain RX beamformer
2x2 SM system 2.6dB 2.9dB
4x4 SM system 4.1dB 3.4dB

It is proposed that OFMRB shall replace the time éfrequency domain MMSE
receive beamformer in spatial multiplexed systensstgprovides less BER and BLER
as compared to both MMSE based time and frequenoyndin receive beamformers
[P26].

The Alamouti’'s scheme with MMSE receiver is progak It is shown through
simulation that the performance of OSTBC system r@nms same, whether we use
ML receiver or MMSE receiver. The performance ofteaone OSTBC system is also
studied with OFMRB. It is again shown that OFMRB @performs both time and
frequency domain beamformers in terms of BLER. TRH-MRB offers a gain of 1
dB and 1.5 dB over time domain beamformer for baotite one 21 and 22 OSTBC
systems.

A novel concept of reducing RF hazards using adaptiantenna at handset is
proposedThe basic idea is that through the use of adapganforming techniques, a
handheld radio with an antenna array can receiwesred signal while rejecting
interfering signal, which is considered as refl@atirom head. It is shown that at all
frequencies the head reflects back approximateBt 5 the incident power. This

reflected signal can be considered as the interéeret the same frequency. Using a
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planar multilayer model for human head and withnrmalty incident plane wave it is
observed that about 48% of the incident power isodded by human head at all
frequencies. The 13% & 8% of the incident poweches brain at 900 MHz and 1850
MHz respectively, where as 0.04% of the incident@oreaches brain at 6 GHt.is
shown that higher frequency band is suitable fobeocommunications from point of
view of reducing RF hazardh.is established that by use of adaptive antenm@dghe
handset the power absorbed by various tissues eaddxrreased.

The thermal profiles of the head tissues have Heend for steady state
condition using bio-heat transfer equation. Theperature rise of the various tissues
due to incident power density has been found takibg account the effect of blood
flow and surface coolinglt is found that higher frequencies produce peak
temperatures nearer to the surface and produce higinface heating. The lower
frequencies produce lower peak temperatures but l@ated deep inside the tissues.
As incident microwave power density is increased feak temperature increases and
move towards surfaceShaping the radiation pattern such that less powerdirected
towards head can decrease the magnitude of peakptmatures and its location. It is
established that the flow of blood does have sigaift effect on temperature profiles.
Therefore, irradiation of actual muscles and of ditial models with same
characteristics results in different thermal proék of two.

With the use of adaptive antennas at handset tweepabsorbed by brain
reduces to 3.2% of the incident power at 900 MHz@a®pared to 13% in case of
omni-directional antenna. The adaptive antenna hedeces the power incident on
head to one- fourth of the power radiated by oni@ational antenndt is established
that by using an adaptive antenna at handset wattuced incident power density the
temperature rise can be effectively controll@the peak temperature attained by the
brain tissues are given below in table 7.5. Itgtablished that future mobile handset
employing adaptive antenna could also reduce thed&&rdsP7, P9, P10, P11, P]2

Table- 7.5: Peak temperature attained by brain tissue with conventional and
adaptive antenna

Peak brain tissue temperature by use of
Freq. Omni Antenna | Adaptive Antenna| Adaptive Antenna| Adaptive Antenna
of with incident with incident with incident with incident
operation power density power density power density power density
100mw/crd 75mw/cni 50mw/cni 100mw/cri

900MHz 37.8C 37.7C 37.4C 37.1%C
1850MHz 37.5c 37.4C 37.26C 37.10C

6GHz 37.05C 37.028C 37.025C 37.004C
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7.2 FUTURE SCOPE OF WORK

Although this thesis has answered several questigiated to the development
of algorithms & signal processing techniques foragrprocessing architecture of
mobile wireless systems, several topics that caexipdored in future are listed below:

The validation of various low side-lobe designhi@ques suggested is the next
logical step. The array processing architecturé lerid itself well to this segment of
research. Using the array, the data can be callexntd the proposed technique can be
validated. The simulated results of the performamedrics about the array processing
architectures can be compared to the actual measats.

The optimum FrFT based beamformer for multipathpnais over AWGN
channels is based on the parameter ‘a’. The proposthod of obtaining optimum 'a’
is based upon frame by frame basis on the basialofilating the MSE for sufficiently
closely spaced discrete values of ‘a’ (for examplestep size of 0.1). In practice the
optimum 'a’ that gives minimum MSE requires ancéffit on-line procedure for its
efficient computation which can be taken up asseaech problem for further study.

All analyses in this thesis are primarily based outdoor propagation
environments. Future research may apply the tedesigleveloped in this thesis to
different environments in order to further testsithgechniques. The BER of BPSK in
SIMO system using FrFT based beamformer is fourglaw flat faded channel but the
technique can be extended for BPSK and other modaldechniques in frequency
selective channels also to find SER. The practiogdlementation of FrFT based
optimal beamformer can be taken up as a reseaotihepn.

In this thesis FrFT based receive beamformer épgsed. The joint optimal
FrFT based transmit receive processing can be tagesms a research issue by which
one can design optimal precoder in FrFT domain.nBeeming gain domain in a
MIMO system using maximum singular value of chanmebptimum FrFT can be
explored further.

In this thesis the head has been modeled as ptamiétayer model. For more
accurate results the head can be modeled as sphgngower reaching various tissues
and thermal profiles can be found. The thermal if@®fpresented in this study
correspond to steady state condition; the transiralysis of these thermal profiles can

be taken up as further research issue.

305



Appendix-A

Noise Corruption Leads to Partial Correlation of Sgnals
Assume gt) and s (t) are correlated signals with varianagsand o,. The

normalized correlation coefficient of(§ and g (t) is given by

Elst)st)] (A1)

re. (t,t,) =
SS; V1172 /a.la.z

Now assume noise is added to these signals. Nigisassumed to be

uncorrelated with the signals. So we have now
yi() =s, () +ny(t), and y,(t) =s,(t) +ny(t). (A.2)
Let noise a and n is zero mean and with variances and o, respectively.
The cross correlation of, (t)and y,(t) is given by
Ry, (t1,t2) =Ely1(0)y, (0],
= E[s: (1), ()] + E[s, (On, (0] + E[s, (Ony ()] + E[n, (On, (1],
Rylyyz (t,,t,) = RSlsz (t,.t,)+ RSlnz (t,,t,) + RSznl (t,, 1)+ Rnlnz (t,.t,). (A.3)
In equation second and third term are zero sinigpak and noise are

uncorrelated. Fourth term is also zero, since nofsene sensor is assumed to be

uncorrelated to noise of other sensor. Therefore
Rylryz (tl’tZ) :Rslsz (tlvtz)' (A4)
Now variance of, (t)

Ely? (0] = Els,®) + n, 0] = E[s2 )]+ E[n2 (1)) + 2€]s, (t)n, (1],
o, =0,+0, . (A.5)

yl
Similarly for y, () o, =Elyi()=0,+0, . (A.6)
Therefore, normalized cross correlation is given by

Ryl,y2 (tl’ t2)

[y, (G t) = (A.7)
Y VGV1OYZ
R t,,t
Using equation (A.4) in (A.7) .y, (o t,) = s (o 1o) (A.8)

Jo,+0,)0,+0,)
Comparing (A.1) and (A.8) we can see that numenaorains same but denominator

in (A.8) is larger as compared to (A.1). Hence elation is reduced.
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Appendix-B

Choice of K in a wideband beamformer:
Consider a N tap causal FIR filter with x(n) asuhpnd y(n) as output. The transfer

function of FIR causal filter having N taps is givey
H@) =Y h(n)z™, (B.1)
n=0

where, h(n) is the impulse response of filter.

The output of filter is given by

y(iT) =S h(n)x(iT =nT). (B.2)
n=0
(B.1) can be written as
H @) = ”z: h(n)e " . (B.3)

M (w) =|H €"")| = |He T |B(w) = ~B(~w) .

6(w)

Phase delay =, =-——, Group delay =t = —m.
W

dw

Group delay is the delayed response of the fdgea function oto to a signal.

(B.4)

Filters for whicht, andt, are constant, are called constant time delayneati phase

filters. Therefore for phase to linear

O(w) = -t - w(m, (B.5)
where,t = constant phase delay of samples. From (B.3)
HE®) =S h(ne™ = 1|H " Je™. (B.6)
n=0
Nz_lh(n)sinmnT
8(w) = -Tw=tan™ = - =2 : (B.7)
> h(n)coswnT
n=0
Nz_lh(n)(coszoonTsinwr —sinwnTcoswr) =0. (B.8)
n=0
Finally we get Nz_lh(n)sin(wr -wnT) =0. (B.9)
n=0
Solution of (B.9) is given byt = % (B.10)
and h(n) = h(N-1-n) forO<n<N-1. (B.11)
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Thus the number of taps is equal to the lengtthefchannel divided by the
symbol rate. The tapped delay allows each eleneeimave a phase response that varies
with frequency, compensating for the fact that Iofvequency signal components have
less phase shift for a given propagation distanberg as higher frequency signal
components have greater phase shift as they ttagetame length. This makes the
response of array the same across different frexggn
For a linearly constrained wideband beamformekilie defined as follows:

A processor having/l sensors an& taps per sensor has MK weights and requites
constraints to determine its look direction frequenesponse. The remaining MK-
degrees of freedom in choosing the weights mayskeed to minimize the total power in
the array output. Since the look-direction frequemesponse is fixed by th&
constraints, minimization of the total output povirequivalent tom minimizing the
non look- direction noise power, so long as thedesignal voltages at the taps is
uncorrelated with the set of noise voltages ateheps.

[Otis Lamont Frost, “An Algorithm for Linearly Constrained Adaptive Agra
Processing”, Proceedings of the IEEE, Vol. 60, 8lcAugust 1972]
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Appendix-C
The MVDR Beamformer minimizes total output power
P:EDWHX(n)‘Z}:WHRXW, (C.1)
subject to constraint w"v(8,) =1.

~ __ RV(O,)

TVRIRNE) 2

In case the estimate Bf;, is available then the optimum weight vector isegivoy

RAv(0,)
= th s . C.3
"V (B)RILV(E,) (©3)
Theoretically both weight vectors are identical w, =w,. (C.49)
Proof:
Let the received signal be given by X(t) = s(D(t) +i(t), (C.5)

where, s(t), n(t) and i(t) are desired, noise merference signals respectively. Then

received correlation matrix is given by

R, =ss" +02l +R, =ss" +R,,, (C.6)
where,s is received signal vector amtl, is noise plus interference correlation matrix.
The proof of the statememt, =w, is given using matrix inversion lemma.

Matrix Inversion Lemma:
Lemma: Let A be an N x N invertible matrix and etandy be two N x 1 vectors s.t
(A +xy™) is invertible then

g . Alxy"AT
(A+Xy)l=Al—m. (C?)
Proof: A+xy" = A0 + A xy").
A+xy") =0 +Atxy") AT (C.8)

If matrix (I + A) is invertible then(l + A)™ =1 —A+ A2 -A%+......... ,
Therefore, (1 + A xy™)™ =1 - A xy"™ + (A72xy")2 = (A 2xy" )3+ ,
Since(l + A™xy") is invertible. Therefore, substituting in (C.2)

(A+xy")T=AT - AxyP AT+ A (YT AT YA - ,
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= AT - Alxy" A—lll_ yrA X + (y"'A_lx)2 e J )

4 Axy"AT

= : C.9
1+ y"A™x (€9
Since the scalay" A™x 21, due to invertibility ofl + A™xy"). Therefore,
4 (Axy"A™)
A+xyt)=at (AXVAT) Proved
(A+xy") T+ y A X ( )
From (C.6),R, =ss" + R,,,using Matrix Inversion LemmaVNe have
RsS'R:
R!=R} ——#n=—" _n C.10
X i+n 1+SH Ri_+1ns ( )
~ ~ HR._l 2
St RXlS:SH Ri+1ns_ (s H|+n:°'l) ’
1+s"R;,s
Hp-1
Hop-le— S RinS
s"Rs=———n— c.11
7 1+s"R1s (C.11)
Similarly
; 4 RLss'R
Ris= R s RS R
+s"'Ri,s
-1 H/p-1 | Z Hip1l o2 -1 ) (C.12)
_Rists (RS —s " (R;,9) __ Rs
1+s"R}s 1+s"Rls
R's Rls
Therefore X — =10 (C.13)

s"Ri's s"R7s

1+n

Hence optimal weights by two methods are equivalent

310



APPENDIX-D

Derivation of the Orthogonal System
As pointed out in (4.166), the polynomidis, x*,...,x" —1 in the Hilbert Spacp, ,

with inner product and norm given by (4.174) andL74), respectively, are linearly
independent. Therefore, we can apply the Gram-Sithpriocedure to obtain the

orthogonal systems as follows. First, polynomigivies the function as follows:

1- ¢(x06)=1. (D.1)
The polynomial produces the second function by
) 19
X~ @(x,6) = X-w%(x,ﬁ)- (D.2)
|,

In general, the polynomiat" for n=0,...,N_. -1 for transforms into

1 (X, ¢ (x,6))

X" - @(x,60)=x"=>

@ (X,0) . (D.3)
= al,

Now, adopting the following notation for polynonsal
(pn (X! e) = (pn,O (e) + (pn,l(e)x Tt (pn,n (e)xn : (D4)

The norm square af, (x,6) can be expressed as

al2 =33 02O @)X X"). ©5)

1=0 m=0

Using the inner product (D.2) wittix,8) = ¢/(x,6), ||¢g1||2 , becomes

2 =3 8,0, (0)G,.. (6). 06)
where
G, (6)2 jo XN 670 (%, @) dX (D.7)

A closed-form expression forg®) can be derived starting from the integrals

J': x‘e™ %dx: k!—b{(—l)"'l(a+b)k xe* Ei(-a-b) +Zk:(m—l)!(—a—b)k'm} , (D.8)

m=1
where E (.) is the exponential integral function. Using.g§pin (D.7) and the relations

between the exponential integral function and tiwomplete Gamma functior(a, z) ,

we finally have

311



Gt (8) =C(O) OO+ K) X T (-1-k,(8) + 0%, (-k,¢®),  (D.9)
where, ¢(6) :CMPSK(-—lze) . The coefficientsg, ,(6) can be calculated iteratively
sin ‘

using the following formula, which we derive asldoVs. Substituting (D.4) into (D.3)

gives

a08)=x -3 <x",i¢ (e>x> > 40",

k=0

ol
¢St S

Once again, using the inner product (4.164) wveitk, 8) = Y(x,6), we have

N n-1{ n-1 1
@(x,6) =x —Z{ " ”24%(6’) Zqok(é’)Gmk(Q)} (D.10)
m=0| j=m ¢
Comparing (D.4) and (D.10), we obtain th& poefficient of the nth polynomial as
1
A= —>9 m(0)2¢ «(0)G,.(6) for m=0,---,n-1, (D.11)
- mH¢H
with ¢, (6) =1.
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Appendix-E

Analysis of the Error Probability Function

In this appendix, the proof that the BER functiowl ¢he corresponding Chernoff upper
bound are convex decreasing functions of the SINGR@nvex increasing functions of
the MSE (for sufficiently small values of the MSE)given.

The symbol error probability can be analyticallpessed as a function of the SINR as

P, =aQ(yB(SINR) . (E.1)
As an example, for M-ary PAM, M-ary QAM,and M-arySR constellations this

relation is specifically given by

1 3
PP 020--—)Q 4|——
° ( M)Q[ M2 -1

o 1 3
PV 401 N)Q(W/M_lslNRj and (E.3)

pPsK DZQ[\/ 2sin2(%)S|NRJ for M24. (E.4)

SINRJ, (E.2)

Note thato > 1 andp < 1. See Table.E for specific values of the pararadtecall that
M is the constellation size and k = ddjthe number of bits per symbol).

BER as a function of the SINR

To prove that the BER function is convex decreggmthe SINR, it suffices to
show that the first and second derivatives @f,/3x)are negative and positive,

respectively (A positive scaling factor preservemotonicity and convexity):

aQ(\/&) \/; BxI2y U2 0 Q<X <o00. (E.5)
TT

0X
0°Q(/BX) _ \F iz 2 -
e 2\en ( +B)>0 O0<x<ow. (E.6)

The same can be done for the Chernoff upper betifid:

-x /2
de __Ee—px/z <0

= 0<Xx<oo, (E.7)
0X 2
2 —Bx/2 2
aae - :%e‘ﬁx’2>0 0<X<oo, (E.8)
X
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BER as a function of the MSE

To prove that the BER function is convex increasimghe MSE (assuming a MMSE

receiver), it suffices to show that the first am¢end derivatives oQ(y/B(x " —1) are

both positive.

0<x<1. (E.9)

aQ(\/B(X_l 1) \/7 DI2(y3 _ 412 5
8m

d Q(\/B(X_l \/7 —B(x™ —1/2(X —x )—1/2(£_3_4X
ox? ~2\an x2

)20 0<xsXx,

X —x?
X, sx=<1
(E.10)
where the zeros are, = - B*+3)-yB _1CB+ andx, = B9 [;—10{3+ (it

has been tacitly assumed tjfat 1). It is remarkable that fgt = 1 both zeros coincide,
which means that the BER function is convex foriele range of MSE value3o

be more specific, BPSK and QPSK constellations sfatihis condition and,
consequently, their corresponding BER function I&ags convex in the MSE.

Consider now the Chernoff upper boued® " 2’2

—B(x1-1)/2 .
aea—:%e’p’(X D2y250 0<x<om. (E.11)
X
2,-B(xt-1)/2 .
aea—z:%e—w ‘1)’2x‘4(%—x)20 O<x<%. (E.12)
X

The Chernoff upper bound is then convex increasinthe MSE for MSE< /4 (see
Table for specific values). Concluding, as a rulie¢homb, both the exact BER function
and the Chernoff upper bound are convex incredsimctions of the MSE for a BER

2 x 10°2 (see Table E). The MSE vs. BER for various modeschemes is shown in
Figure-E.
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Table E- Parameters and convexity region of the BER for welknown
constellations [74].

Constellation | M | k| o | (=) | =z (=) | Convexity region of BER(MSE)

BPSK 2 |1 1 0.5 BER < 1.587 x 10~

A PAM 4 2] 15| 02 |[6834x10-2 BER < 3.701 x 10-2
16-PAM 16 | 4 | 1.875 | 0.0118 | 3.927 = 10-3 BER < 1.971 x 10-2
QPSK 4 2] 2 1 0.5 BER < 1.587 » 10~
16-QAM 64| 3 0.2 | 6.834 x 10-2 BER < 3.701 x 10-2
64QAM |64 | 6| 3.5 | 0.0476 | 1506 > 10-2 BER < 2.526 x 10-2

8 PSK 8 (3| 2 [o02020 1015 10-2 BER < 3.576 x 10-2

16 PSK 164 2 |o0.0761 | 2.559 x 10-2 BER < 2.218 x 10-2

32 PSK 32 5| 2 |[o0.0102]6.414 5 10-2 BER < 1.602 x 10-2

0.016

0.014

0.012

BER
o
o
=

0.008

0.006

0.004

0.002

Figure E: Plot showing variation BER with MSE for various modulation
techniques
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Appendix-F

Expressionsfor Various Taper Functions:

S. No Taper Function

Expression of the taper functin

1. Uniform

w(n)=1, & OnCx N/2

w(n)=0, otherwise

2. Taylor Kaiser

| [7B:/1- (2n/ N)?] O< [l

o[ 78]
0<B<10

w(n)=

lo(X) is zero-order modified Bessgl

function of first kind.

B is ripple control parameter.

N/2

3. Dolph Chebyshev

cos|N cos™{ B cos@rn/N)}]

W)= (D = ShINCos (3]

O< Onk N-1,
where, 8 = cosh]l/ N cosh* 107)],

a is main lobe to side lobe ratio.

(Inverse DFT is required to compute data

window)

4, Binomial

w(nye— (N D)

“n(N-1-n)’ n=N-1
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Appendix-G

Expressions for Discrete version of FrFET (DFrFT) [3]

The samples of fractional Fourier transforguf of a function can be computed in
terms of the samples of f(u). For a function f(glu&tion (3.65) can be written as

. 2 . . 12
fa(U) — Ademcota u Ie—JZthsca uu [ejncotu u f(u"]du' . (G.1)

It is assumed that the representatigu,f of the signal f in all fractional Fourier
domains are confined to the interval(#2, Au/2]. As per the reference [59], the

samples (k= -N to N-1) offu) are obtained by following equation

(ZA%U) — S‘AGUI_Z |T[[cotd(k/2Au)2—chca kI/(2Au)2+cot0((I/2Au) ]f( ) (G.2)

Direct computation of (G.2) requir€®N?) operations. A fasO(N log N) algorithm
can be obtained by putting (G.2) in the form

(_) - m(cotcx csco) (k / 2Au) %
2Au 2Au o3
N-1 imesca((k-1)/2au)2 jim(cota—csca) /(1 28u)2 ¢ , | (G-3)
> e e f(—).
I =-N 2Au

The finite summation in (G.2) is recognized as adation in (G.3). The convolution
can be computed i®(N log N) time by using fast Fourier transform(FFThe final
samples are obtained by a final chirp modulation.

The above algorithm of DFrFT is limited to the gan0.5< [alkk 1.5. Using
index addititvity property of the fractional Fourieansform this range can be extended
to all values of a easily. For example for the mA@5< a< 0.5, we observe that

P= = PR (G.4)
Equations (G.2) and (G.3) represent the discretsormes of FriT.
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