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Abstract

Keywords:  Quadrature baseband, QBB, Radio frequency, RF, Beainigprm
Multipath compensation, Doppler shift compensation,tvare-defined radio, SDR,

Matched filter detection.

The continued advancement and improvement of softwaneedefadio technology has
been a key factor in furthering research into the implgation of most signal
processing algorithms at baseband. Traditionally, th&garithms have been carried
out at RF, but with the coming of SDR, there has lme@eed to shift the processing
down to baseband frequencies which are more compatiltke the fast developing
software radio technology.

The study looks at selected demodulation algost and investigates the
possibility and benefits of carrying them out at QBB. Fhaly ventures into the area
of beamforming, multipath compensation, Doppler shift carepgon and matched
filter detection. The analysis is carried out usingtldasimulations at RF and QBB.
The results obtained are compared, not only to evallateaossibility but also the
benefits in terms of the processing load. The res@iiteeostudy showed that indeed,
carrying out the selected demodulation algorithms at QB8 ned only possible, but
also resulted in an improvement in the processing speedliirabout by the reduction

in the processing load.



Opsomming

Kernwoorde:  Kwadratuur basisband, QBB, Radiofrekwensie, RF, Bundeivay
Multi-pad kompensasie, Dopplerskuif kompensasie, Sagtewarefirgamtde radio,

SDR, aangepaste filter deteksie.

Die aangaande vooruitgang en verbetering in sagteware mysetelie radio tegnologie
was ‘n groot faktor om die implementasie van meeste &&iwerkings algoritmes by
basisband verder na te vors. Tradisioneel, was hiatg@itmes by RF gedoen, maar
met die ontwikkeling van SDR was daar 'n behoefte onvelieerking by basisband te
doen wat meer versoenbaar is met vinnige groeiende sagtadareegnologie

Die studie kyk na geselekteerde demodulasie algoriteresondersoek die
moontlikheid en voordele daarvan om dit by QBB uit tervoDie studie kyk verder na
bundelvorming, multi-pad kompensasie, Doppler skuif en gaasje filters deteksie.
Die analise word uitgevoer deur van Matlab implementagésuik te maak by RF en
QBB. Die resultate word vergelyk om nie net die mbkimeid nie, maar ook die
voordele in terme van verwerkingslas te ordersoek. DRieltede van die studie het
gewys dat die demodulasie algoritmes by QBB nie net m&asthie, maar ook’ n die
verbetering in prossesserings-spoed veroorsaak het, deuwvederkingslas te

verminder.
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Chapter 1

Introduction

1.1 Motivation

Modulation shifts a signal up to much higher frequencies iisaariginal span. This
often results in doubling of the bandwidth. However, bard frequencies are much
lower than radio frequencies and therefore, signalgasiog at baseband presents this
key advantage of working at mutdwer frequencie$2]. Processing at the lower QBB
enables more sub-sampling to take place than at RF andnthign results in a
reduction in the number of samples being processed entalingduction in the
processor load and subsequently an improvement in procegsngd. However, one
cannot substantiate the advantages of working at QBBowt firstly carrying out the
study and then producing results that will justify the purmdsbe research.

1.2 Objectives

The primary objective of the study was to investigate ghesibility and benefits in
terms of processor load of carrying out beamforming, ipathh compensation, Doppler
shift compensation, multiple compensation for multipatid @oppler shift, and
matched filter detection at quadrature baseband fortedl@codulation schemes. The
study showed the expected benefits of carrying out thedeniques at quadrature
baseband and the advantages of QBB over RF were semmiparing and discussing
the results from the RF and QBB simulations. Neisgltransmissions and narrowband

signals were assumed.
1.3 Thesis overview

The structure of the thesis is as follows:

Chapter 2: Background theory and literature review

This chapter outlines software defined radio and its demsdop in relation to the

advancement of baseband processing. Quadrature basebgpidiiseexand its

1



CHAPTER 1 - INTRODUCTION

role in the advancement of software radio technolagiatso discussed. A general

general for the beamforming, multipath, Doppler shift, tipld compensation and
matched filter detection is given. The QBB demodufatd the modulation schemes
that were used in the simulations are summarised anektiprocity that exists between
a channel and compensator is discussed. The mode o$iagcée benefits in terms of
processor load and speed of QBB over RF implementatiotheo techniques and

demodulation algorithms under discussion is also given.

Chapter 3: Beamforming

This chapter investigates beamforming for AM DSB-SC, AMB-LC and FM
modulation schemes and simulation results obtainedn fihe RF and QBB
beamforming are given and discussed. Firstly, the posgibilibeamforming at QBB
is proved as well as the benefits and outcome of beanmfgrat QBB. The benefits of
working at QBB in terms of processor load will be seeterms of simulation runtime
and number of calculations done for the simulatiorRFaand QBB. It should be noted
that the analogue and digital ways of generating QBIBb& both considered in the
comparison process. It is shown from the resultaiodtl that the processing load does
increase when beamforming at QBB as compared to RFhéorsimulation case in
which the QBB signals are generated digitally. Howewden considering the real life
case in which the QBB signals are generated using anafogtied, QBB emerged
more superior to RF in terms of processing load which inresulted in a reduction in
the processing time required.

Chapter 4: Multipath compensation

This part of the study investigated multipath compensatidRFaaind QBB for QAM
and FM modulation schemes. Similarly, the simulatiesults from the multipath
compensation analysis for the two modulation schengediacussed and the benefits of
compensating at QBB compared to their RF counterpartd. is $hown that the
compensation process is possible at QBB coupled witkxtpected benefits that come
along with doing so in terms of the processing time aad.|
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Chapter 5: Doppler shift compensation

This chapter investigates Doppler shift compensation atn@FX8B for QAM and FM
modulation schemes. The simulation results fromDRb@pler shift compensation
analysis for the two modulation schemes are given amtdisied. The possibility of
compensating for Doppler shift at QBB is shown and thefitsrof working at QBB in
comparison to RF will be evaluated. Similarly, the satioh runtime and sample
processing results show why QBB is more advantageonsRRamplementation of the

compensation process.

Chapter 6: Multiple signal compensation

The study in this chapter considers a special case wierneave multiple inputs but
with a signal output. This part of the study investigabespossibility and benefits of
compensating for multipath and Doppler shift compensati@)BR® as compared to RF
in the case of multiple signal reception. The simaoitaresults are given, analysed and
discussed. The analysis considers QAM modulated sigrBie chapter shows the
possibility of multiple compensation RF and QBB andndt, the reasons for the
simulation outcome are outlined and discussed. For pth&sible compensation
scenario, the benefits in terms of processing load mne of QBB against RF are

shown and reasons why it is more advantageous to work at QBB

Chapter 7: Matched filter detection

The study moves to the digital processing arena by invéstganatched filter
detection of a chirp signal at RF and QBB. It considm&rses of the direct path,
multipath, Doppler shift and multiple signal input situatiofihe simulation results are
given and discussed as done for the previous chapters.chélpger firstly considers
noiseless transmissions and then considers two césssisy channel transmissions
with the matched filter detection taking place at RE @BB. The processing load and
simulation run times are analysed for the noiselaedsnaisy transmission cases and the

results show that it is more advantageous in terrpsazfessing load to carry out the
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matched filter detection process at QBB as compareding do at RF.

Chapter 8: Conclusion, M-Files

The study is concluded in this chapter and a summary dinth@gs from the study is
given and discussed. It will be interesting to seevélr@tions in results obtained from
the various simulations carried out. The M-Files whiate created are also given.

The study results show that carrying out the sededemodulation algorithms at
guadrature baseband is not only possible but does also mesrit improvement in
processing speed caused by the reduction in processing laad sub-sampling is
carried out. Interesting results are seen for the foganmg case where the processor
load is more at QBB than at RF for the simulated Qi8Bwhen the real life analogue
down-mixed QBB case is considered, there is a much bigdectien in the amount of

computation required at QBB.



Chapter 2

Background theory: Quadrature baseband,
beamforming, compensation and demodulation

algorithms

The chapter gives a background of the main componente gftudy. The concept of
guadrature baseband is explained in detail giving an insighthe reasons for carrying
out the study. The selected demodulation algorithntswhee analysed in the study
are outlined and the general simulation flow structuregaen so as to have a preview
of the actual simulation analysis to be carried outater chapters. The mode of
measuring the simulation runtime and amount of computatioas to see the benefits

of working at quadrature baseband is explained.

2.1 Software defined radio and baseband processing

Software radio technology advancement has been ar facpromoting research into
baseband signal processing. Baseband signal processinglogyy is experiencing a
period of radical change [16, 17]. This has prompted the neiagdstigate more about
baseband processing in order to implement most functioais were traditionally

implemented at RF so as to utilise the benefits thiatecwith working at baseband.

2.2 Quadrature baseband

Quadrature basebandis a term that refers to the generation of in-plzagkquadrature
components of a signal at baseba®asebandis an adjective that describes signals
and systems whose range of frequencies is measuredftora maximum bandwidth
or highest signal frequency [15]. Usually, it is consdieas a synonym to lowpass and
an antonym to passband. The simplest definition isatsgnal’'s baseband bandwidth
is its bandwidth before modulation and multiplexing, or rafiemultiplexing and
demodulation. The figure on the next page illustratesctmparison between radio

frequency and baseband.
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Power &

) .

0 fe fzequency
Signal at baseband

Signal at RF (radio fequency)

Figure 2.1: Comparison of the baseband version and RF version of an AM modulated

signal. The RF signal sits at the carrier frequengcy f

Quadrature baseband modulation/demodulation basicallyegges baseband signals

which is basically a signal having in-phase and quadratusegtanponents [1, 15].

Before undertaking the study in depth, it is necessaryfinedand distinguish clearly

the various components of software defined radio. Taesedefined below [6]:

Baseband modulationrefers to the generation of | and Q signals comgini
modulated information (digital).

Quadrature upmixing refers to the multiplication of the I(t) and Q@ignals
with quadrature shifted carriers which are subtracted &ach other to produce
the RF signal (analogue).

Quadrature modulatian refers to the combination of the baseband modulation
and quadrature upmixing and in its entirety represents theerom from the
modulating to modulated signal.

Baseband demodulationrefers to the DSP method of recovering a modulated
signal from | and Q signals (digital).

Quadrature downmixing refers to the multiplication of the received REm&ll
(analogue) with quadrature shifted carriers resulting inllageband signals I(t)
and Q(t).

Quadrature demodulation refers to the combination of the baseband
demodulation and quadrature downmixing and in its entirety septe the

conversion from the modulated to the demodulated siéhal [
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- Sampling- refers to the conversion of analog signals insrmite impulses or

samples so as to be easily processed using digital tegynol
The conversion of an RF signal to quadrature basebasatnied out by the following
steps:

 The RF signal is multiplied with a complex carriervimat is referred to as
down-mixing.

» The complex down-mixed signal is then lowpass filteredulting in the
quadrature baseband version of the RF signal. The ekpresgiven below
illustrate these steps.

Let wc be the carrier frequency of the modulated RF sigh&llows that the complex
carrier used in the down-mixing process is a complex exqal with the same carrier
frequencywe.

f (t)downmixed: f (t).e_j%t (21)

The low pass filter then eliminates the high frequencynmonent of the spectrum

resulting in the complex baseband signal.

f (t)qbb = [ f (t) downmier LPF (22)

The real part of the lowpass filtered signal corredgoto the inphase quadrature
component of the baseband signal [1]. The figure bellogtiates the process outlined
above. The spectral changes resulting from the ecsiovefrom RF to baseband are
also shown in Figure 2.3 on the next page.

down-mixed signal

RF input LPE L » QBB output

e joot

Figure 2.2: Conversion of an RF carrier to quadrature basehand
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The spectral changes resulting from the conversionBB @e shown and discussed

below.
f(@
- /\ /\ w0
) ] w,
(G
f(@.a LPE
Filtered out /
20— 3 Ok
(b)
A
f(@
2 5 >
Signal at QBB

(©)

Figure 2.3: Spectral change&@) RF signal spectrurtb) Spectrum of down-mixed
signal:-the spectrum shifts down &y (c) Spectrum of QBB signal

Figure 2.3(a) shows the RF carrier spectrum before dowmg. The down-mixing

process shifts down the spectral componentsbps shown in Figure 2.3(b). The
down-mixed signal is then lowpass filtered and this elitemahe higher frequency
component of the spectrum. This resulting spectrum siibev low frequency carrier
component which now sits at zero IF or baseband [15p, For our simulations, the
QBB signal generation was done in the digital domaiwiisbe shown in Chapter 3.
The alternative real life situation involves generating QBB signal in the analogue
domain by carrying out analogue down-mixing and lowpass filteringthis case, the
analysis assumes that the received signals aredwlrah QBB and hence the
comparisons in terms of the amount of computation irsitmellations will overlook the

8
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down-mixing and lowpass filtering stage. Chapter 3 will givese details about this

process.

2.3 Beamforming

Beamforming is a signal processing technique that is widely used toneahsignal
strength. It enables the reuse of the same caregudncy by signals from other
directions. It also enhances antenna sensitivity $o @sprove the signal to noise ratio
especially in the event of receiving weak signals [9].roligh beamforming, smart
antennas offer low co-channel interference and larggnaa gain to the desired signals
which leads to more improved performance than conventiaméénna systems.
Implementing beamforming in DSP enables arrays to hieinen a single steerable
antenna with a narrow gain pattern. SDR enables the foeammg to be performed
using software and hence formation of several beamsssige by simply reusing the
array output. This entails the possible usage of thefteage techniques in MIMO
systems. Smart antennas have brought about significaweffiiseto latest wireless
technologies [16]. The coming of software defined radia ikey advancement in
enabling smart antenna base stations to be realized izyngtibaseband beamforming
[16]. The study carries out beamforming at RF and QB8 eompares the results.
Sections 2.3.1 and 2.3.2 outline beamforming at RF and Q&i&cavely.

The study will be carried out using MatLab analysid #ren, comparisons will be
made between the beam patterns produced by the two beangomethods. It
involves carrying out beamforming upon the reception of 4 igjguals for each of the
modulation methods under investigation. The 4 input ssgisalboth the RF and QBB
case are aligned at an angle thétdo the antenna array. The weighting coefficient of
the antennas was assumed to be unity for simplicity sd@ke. first signal has no input
delay whilst the other three signals have a delsty determined by 6’ and other
parameters. The analysis is to be done by varyfihgom O to 2t. Therefore, the
results of our analysis in MatLab will justify the piskty of carrying out
beamforming at quadrature baseband.
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2.3.1 Beamforming at RF

Simple beamforming at RF involves summing up the 4 input lsigaa RF before

demodulating the summed-up signal. The beam pattern diiged from the output
signal by plotting the amplitude of the output signal asfaitheta. The antenna
weighting coefficients are assumed to be equal to ifoplicity.

2.3.2 Beamforming at QBB

The procedure under QBB involves mixing down the incoming Egiwaquadrature
baseband. The beamforming process now takes place at B8 processing in an
SDR (real life case) assumes the processing of gimalsi already at QBB. Therefore,
comparisons will be made between the simulated QBB fogammg and the simulated
RF beamforming. The real life analogue down-mixed QBBage was considered for
merely showing the benefits of QBB over RF in term@mafcessing load and was thus
not simulated. In the chapters that follow, it vib# interesting to see why working at
QBB is more beneficial in terms of the simulatiemtime and the amount of humerical
processing as compared to RF. The main reason thdienskeen that makes working
at QBB superior to RF in terms of processor load redudsighe fact that working at
QBB facilitates for further downsampling [32] to take plageich inturn reduces the
number of samples being processed. Does this entail iaitelefeduction in the
simulation runtime too? The simulation results giverthie next chapters will answer
this question since comparisons between the runtimes anoenwhcalculations in the
simulation code at RF and QBB will be compared. Waykat RF does have a
limitation in the downsampling process with aliasing mokelyi to occur resulting in
signal distortion. The analogue down-mixing proceshuistiated in the Figure 2.4 on
the next page. In our simulations, the processing wags measured using inbuilt
MatLab commands and the amount of processing was defdgtedtie number of
numerical calculations taking place in the codes thadcuted the processes being
analyzed. It should be emphasised that the simulatiotime and numerical
processing measurements that were carried out in the stady carried out using
relative methods

10
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Received signal

inphase carrier

@ e O N

DSP

/;(\ LPF N

Q)

Quadrature phase carrier

sampling takes
place here

Figure 2.4: Analogue down-mixing and QBB signal generation. In the DSP block,
further processing can take place which represents the real éfeaso.

The figure above shows that the received signal is phelti with an inphase and
quadrature phase carriers after which low pass filteringlose resulting in the
quadrature phase components. The resulting signal canbéheonverted to digital
form and further processing can be done [6]. Therefbeereal life scenario assumes
the reception of the signals baseband in readinedartber processing by a DSP. For
the analysis, we have to simulate the baseband sidpeddse the processing can
commence. Thus the real life case would be void sf step. It will now be relied
upon the simulation results to verify the possibilitydabenefits of beamforming at
guadrature baseband. This will be done for AM DSB-SC, B&B-LC and FM and
the results will be observed and discussed.

11
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2.4 Multipath

Multipath is a form ofinterferenceand therefore it is undesired in radio propagation.
Some of the effects of multipath distortion include debaruption, increased signal
amplitude (constructive interference), reduced signal el (destructive
interference), unwanted frequency response, co-symiafentnce, etc [21]. In order
to mitigate the effects of multipath, a signal procesdechnique calledmultipath
compensationis used. This implies that a receiver should be eadpwith a
compensator that will eliminate the multipath effectd aliow for the processing of the
desired direct-path signal only.

Multipath propagation plays a vital role in determinihg nature of communication
channels. This implies determination of the impulsefr@gquency response of radio
channels [20]. However, this study does not consider otfainel factors in detail but
focuses on the compensation aspect of multipath. Wealsil ignore angular spread
and constriction effects since the main purpose of thdysis to investigate the
possibility and benefits of compensating for multipath BBQ It should also be noted
that we are using narrow band signals and noiselessnels are assumed. It is
required by this study to find out the possibility of comp@ingaat baseband
frequencies as compared to the traditional RF methodsanalyzing the benefits of

compensating at QBB.

2.4.1 Spectral changes due to time-shift in a signal

Time delay in a signal causes a linear phase shifs spectrum. It does not change the
amplitude spectrum [3]. Suppof#) is being synthesized by its fourier components,
which are sinusoids of certain amplitudes and phases seen that the delayed signal
f(t-ty) can be synthesized by the same sinusoidal componextl, delayed by,
seconds [27]. The amplitudes of the components remainanget. Therefore, the
amplitude spectrum oft-t,) is identical to that off(t). The time delay, in each
sinusoid does however change the phase of each conmipohlias therefore, seen that a
time delayt, in a sinusoid frequency manifests as a phase delay«gf. This is a
linear function ofw, which entails that higher-frequency components must goder
proportionately higher phase shifts to achieve the sanedelay. Let us now consider

12
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the unit impulse response for the multipath channel. &gponse is expected to have

the direct path and delayed echo components. The mdibaimexpressions and
graphical plot for a delayed unit impulse are shown below.

f(t—-7) o F(we'™"
H =(1+ke ) (2.1)
Of@M*H=1fO*(A) +kdt-7) = f() +kf(t-2

The plot below illustrates the results above expoessi

f®

Figure 2.5: Channel impulse response

From the expressions above and assuming that the unitsenguiransmitted through a
multipath channel, it is seen that the convolution [@8tlveen the unit impulse and the
channelH results in the direct path signal and an echo whichdslayed and scaled

down version of the direct path signal. In this célse,delayed signal is scaled down
by a factor " Kk'.

2.4.2 RF and QBB Multipath compensation
In this part of the study as was explained for the beamifigy case, the compensation
process is done at RF and then shifts to quadrature Ipalsebaiew of compensating

for multipath at QBB and utilising the benefits that eomlong with it. For the

multipath analysis, noiseless transmissions and wasemd signals were assumed.

13
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2.5 Doppler shift

Doppler shift is another form of interference encountenewireless communications.
Its effects are immense and the final result is thatreceived signal is distorted and
hence the need to compensate for the Doppler shsingrirom motion between the
transmitting and receiving ends [25]. Doppler shift compemsatestores the
frequency spectrum of the received signal by undoing fieetefcaused by the Doppler
shift. The simulations for this case will similabg run at RF and QBB.

Frequency shifting

The frequency shift property of the Fourier transforrmi®the basis for our modeling
of a Doppler signal and its spectrum in MatLab. The duddtween the time and
frequency domains does enable the frequency translationimeadomain signal by a
given value by multiplying the time domain signal withesqponent whose frequency is

equal to the required frequency shift [3]. The above stateidlustrated below:
ft) = F(w) (2.2)

jwgt

Multiplying a time function with thee™" yields the required frequency shity, .
f(t)e' « Flw-w,)

or (2.3)
f()e' « Flw+aw,)

The expressions above thus entail the possibifigimulating the Doppler shift signal

by use of the frequency shifting property.

2.6 Multiple compensation

The study also looks at a scenario where multigleads are received and summed up
together. The signals comprise the direct pathasignultipath signal, Doppler shift
signal and a signal that has been subjected torboliiipath and Doppler shift effects. It
is required to compensate for the multipath andderpshift effects simultaneously.

14
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This need not be confused with a MIMO system which hasigteuihputs and multiple
outputs [36]. For the beamforming case, the presenaeudtiple antennas at the
transmitting and receiving ends creates a MIMO channel hwhigers significant
diversity [34]. The simulation results in Chapter 6l witow whether it is possible to

carry out multiple compensation.

2.7 Matched filtering :- Chirp signal

The study also carries out matched filter detectionfFaaiRd investigates the possibility
of doing so at QBB. A chirp signal will be used in tirawdations. A chirp is a signal
whose frequency either increases or decreases with[3@je A linear chirp is one
whose frequency varies linearly with time as showthéexpression on the next page.

f(t)=f,+kt (2.4)

wherefy represents the starting frequency (at time t=0), and lesepts the rate of
frequency increase. k is thus a frequency interval aveeriod of time. The frequency
interval is referred to as the ‘deviation frequency’ anshown in the equation below.

F(t)=f,+ fd% (2.5)

Now it is well known that the phase is the integfahe instantaneous frequenig).

Therefore, integrating the above equation gives us:

t2

phaség) =27z( § & f—) (2.6)
The sinusoidal chirp signal is thus given as
t

X(t) =sin2mt (f, + f, — 2.7

(1) (fo + 14 2T) (2.7)

Matched filter detection of a chirp signal

A matched filter keeps a copy of the time reversetsion of the expected signal.

Intuition behind matched filtering is that by cotwing the matched filter impulse
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response with the received signal (chirp), you arechbgisliding across your time
reversed h(t) across your received signal doing at poise multiplication and then
integrating over the area of that product [31]. Thus,pbak in the real part of the
output is only going to occur when the chirp in h(t) is éiydmed up with a chirp in
the received signal. In other words, the spike outpuesponds to the point where the
greatest area underneath the curve is produced from thewasentaultiplication. The
location of the spike itself corresponds to the l@sabf where the right most edge of a
chirp is located in the received signal [10]. The blo@dgdam below summarizes the

RF matched filter detection processes. Its QBB countepalso below.

inputchirp Matched filter matched filter output

detector at RF

@

Chirp at QBB Processing begins here

at >
QBB

for the real life case
_ _ \ MELEES i matched filter output
input chirp ( ) IpE \ A detector

e I (b)

Figure 2.6: Matched filter detection flow structui@) Matched detection of a chirp
signal at RHb) Matched filter detection of a chirp signal at QBB.

From the Figure 2.6(b), it is seen that the chirp is mo@dn and lowpass filtered to
quadrature baseband before being fed into the matched filieh \was a time-reversed
copy of the QBB input chirp. The output does have its peakTats in the previous
RF analysis. The simulation results in Chapter 7 gitle a more detailed comparison
of the graphical results obtained from the RF and QBBwkitions. The

simulations/analysis will also consider the case diay transmission channel.
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2.8 AM DSB-SC, AM DSB-LC, FM and QAM

A brief summary of the 4 modulation schemes used enstmulations is given in the
following sub-sections. The focus is on carrying ¢t processing at QBB and hence
the demodulation at QBB for the selected modulationraekds outlined.

2.8.1 AM DSB-SC

An Amplitude Modulated Double Sideband signal with Suppressede€Caan be

represented by the equation shown below.

m(t) = f(t)cosat (2.8)

wheref(t) is the message signal [3,4,12]. The modulated sigtlaérstransmitted and

at the receiving end, the signal has to be demodulated.

QBB demodulation:- DSB-SC

Consider the figure shown below:

Down
mixing

DSB-SC I_ N
Input Signal

r(H Lssss i abs[gbb output]

[
— jagt
eJ

(Local oscillator)

Figure 2.7: QBB demodulation block diagram

The figure above shows that the demodulation of a DEBp&adrature baseband signal
is done by simply taking real part of the QBB signal #md gives the demodulated
signal. The QBB signal output is complex with the imagy part being neglected and
hence taking the real part of this complex signal doesgs the demodulated signal.
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2.8.2 AM DSB-LC

The second modulation method that will be used in thilstions is AM DSB-LC.

The demodulation of a DSB-LC signal is done either caitér or non-coherently. The
non-coherent method being used here is envelope detectiorDSB-LC modulated

signal is given by the following expression [3, 12]:

m(t)=(Ac + mf(t))cowet) (2.9)

wherem= modulation index,
A= carrier amplitude,

Normalizing the carrier amplitude results in the falilog expression:

(= (1 + mi(t))coqwct) (2.10)

AM DSB-LC QBB demodulation

For the QBB demodulation, the coherent and non coherethods are used with the
coherent QBB demodulation method being similar to thB{3& method. For the
analysis, only the coherent QBB method was simulated.

28.3 FM

Unlike AM, FM is a non-linear type of modulation [8]. dmur analysis, we will look at
a single-tone modulated FM signal. Assuming the moahglagignal is a unit amplitude
sinusoid of the fornm(t)=cownt), the FM modulated signal can be expressed as

y(t) = Acosi.t+ m.sinfu, t)) (2.11)

wherem represents the modulation index and is the ratilh@fmaximum frequency
deviation to the particular modulating frequenigys the carrier frequency (Hz), adg

is the initial phase (rads).f(t) is the modulation phase, which changes with the
amplitude of the inputn(t). The expression fdi(t) is given as
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t
o(t) = K, j m(t) dit (2.12)

0
wherekK, is the sensitivity factor, which represents the gaimefihtegrator output [8].
FM demodulation at QBB
On the other hand, FM QBB demodulation is done by unwngpef the phase angle
using a MatLab command ‘unwrap’ followed by differentigt so as to give the
demodulated signal. The equation below illustrates this.

theta=unwfaandimad s4],Realsy])) (2.13)

where g is the QBB FM signal. The unwrapped angle is tiffer@intiated as shown in
the equation on the next page.

s=gliff (thetg (2.14)
2.8.4 QAM (analogue)
The beamforming analysis modulation schemes that willdeel are AM DSB-SC and
AM DSB-LC and FM. However, under multipath and Dopsleift we consider QAM
and FM. Before getting into the study of multipath congaéion for QAM, it is
necessary to have a brief background about this modulat&hod. QAM modulates

an in-phase signai(t) and a quadrature signaly(t) using the expression shown
below:

y(t) = m (9).cosey t+ my (1) sing, t) (2.15)
Alternatively, a QAM signal may also be representedha next page.

y(t) = m(1) cosgu t)y+ m(t)sing, t) (2.16)
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wherem(t) represents a message signal amd) is the Hilbert transform of m(t) It

should be noted that the expression above is for ssmigeband QAM [22].

QAM demodulation at QBB

The QBB demodulation process is summarised by the blagkain below.

_ Inphase
71 Real(yqpb) output

down-mixed signal

QAM input Yabb
LPF /

T QBB output
e—J%t

Imag(yabb) Eguadrgttjttjgitphase

Y

Figure 2.8: QAM demodulation at QBB. After the mixing down process and lowpass
filtering, the real and imaginary parts of the resulting signal are talesulting in the

inphase and quadrature phase outputs corresponding to the original inputs.

2.9 Channel / Compensator reciprocity

The study will carry out compensation for multipatigdpler shift and also considers
multiple compensation. The aim of compensationasidally to retrieve the original
signal from the distorted received signal. A laymaruldosay “the solution to a
problem lies in knowing the cause of the effect”. Agieaer would paraphrase this
statement for the compensation case at hand and isayntf the compensator lies in
knowing characteristics of the channel’. By this isamtethat in order to compensate
for an effect, the transfer function (channel) ttetised the effect must be known. This
leads us to the reciprocity relationship between the chamdecompensator illustrated
in the figure which follows. Thus, the compensator is seetie inverse of the channel
transfer function. The simulations will verify thislationship. Will this relationship
hold for the multiple signal input case too? Chapter geakely analyses and answers
this question. The block diagram on the next page illestithis.
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Direct path signal H Received Compensated output
— »| (recieved signal signal - Hce=1/H signal
generating transfer (Compensator)
function)

Figure 2.9: Channel/Compensator reciprocity structure.

2.10 Benefits of working at Quadrature baseband:- processdoad

The focus of the study as mentioned earlier aims tbyyaossibility and the benefits of
working at QBB as compared to working at RF for selectedodelation algorithms
and compensation methods. The study will accomplish ltgiscomparing two
parameters of the simulations run in MatLab. The manebt of working at QBB
compared to RF is that the operating and sampling frequeneduced. The other
benefit is derived from the sub-sampling carried outtfe QBB case and for the
simulations, it will be assumed that the sub-samplinggofachosen would cause
limitations for the RF brought about by aliasing. Theref relative methods were
employed in order to quantify the sample processing. @h&ptlustrates how this was
done in the study. The processing time was also &sdnusing in-built Matlab
commands which measure the elapsed time between melpaas of the simulation
code. This does not represent the true processing liemevould take place in a DSP.
It is just a relative way of consolidating the procegdoad results as it expected that a
reduction in the processing load should result in a redugtithe processing time.

2.11 Conclusion

The chapter introduced the quadrature baseband theory and begéoverview of the
algorythms under investigation in this study. The modulasidmemes used in the
analysis were also outlined. Flow diagrams were gseeas to have an overview of the
general flow of the analysis that was carried out uddegLab simulations. The
procedure for finding out the benefits of working at Q&88compared working at RF
were also explained and as mentioned, Chapter 3 will givera detailed outline of
this procedure. With this background theory discussed in thisteh the analysis and
discussion of the simulations results takes place | thapters that follow.
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Chapter 3

Beamforming- simulation results

The MatLab simulation results for beamforming at Rt @QBB for the selected
modulation schemes are given and discussed in this chaftbe theoretical analysis
for each method is given and the RF and QBB resultspamed, discussed and a
summary of the results is given. The study does inddexv the possibility of
beamforming at QBB. The chapter concludes by compaimeg RF and QBB
simulations in terms of simulation runtime and numbieprocessing calculations for
the signal samples processed by the simulations. QB&scome out advantageous in
this case? The latter part of the chapter should artigeguestion.

3.1 RF beamforming

In this analysis, four input signals are summed up togetidithe summed up signal is
demodulated and then a beam pattern is produced. Earkghapter 2, the RF and

QBB beamforming processes where outlined.
Theoretical Analysis

A theoretical summary of the RF beamforming proceggvisn below. The reference
signal is the non-delayed sinusoidal inpyt §he reference signal in this case is the
AMDSB-SC/AMDSB-LC or FM input depending on which modulatischeme is
being analyzed. Therefore, takingas the reference signal, we generate 3 other signals
with a fixed delay separation in between each signal.

S =s(t-49
S, = §(t-2A%) (3.1)
;= §(1-3A9

The 4 signals were summed up to give the signalllsis represents a simple

beamforming stage of the analysis.
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450 +S1+S,+S3 (3 2)

The beamformed signal is then demodulated using the deatimsiumethod for each
modulation scheme as outlined in Chapter 2 resulting il¢n@odulated signal which
is denoted ass. The size of the demodulated signal is then detedhsneas to get the
beam pattern. The figure below summarises the thealretnalysis beam forming at
RF.

Incoming delayed
signals

[ /[ /[ /

4 element Antenna array

1313

Beamforming at RF

sampling takes
place here

S,

Demodulation

Ss

Demodulated
output + Beam
pattern

Figure 3.1:RF Beamforming theoretical analysis block diagram.

The block diagram above basically illustrates the @siog of the signal from the input
up to the final stage of forming the beam pattern. Tleydd signals are thus arriving
at the antenna array from a range of angles and th# o#ghe signal size is stored up
to the last value of theta. For the simulationsiedrout, the incoming signals were
sampled before the beamforming stage. The beam patténen produced by taking
the maximum signal size and making a polar plot agaieta.th
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3.2 Quadrature Baseband (QBB) Beamforming

The idea of quadrature baseband beamforming involves camyingeamforming at

guadrature baseband frequencies. The procedure under QBB swukieg down the

four incoming signals to baseband and then lowpassiritdo get their quadrature
baseband equivalents. The beamforming takes place at ywadraseband after which
demodulating the summed signal follows from which thaximum value of the output
signal is taken so as to make a polar plot. For tmeilations carried out, the four
incoming signals are mixed down to baseband using a losm@llabor having an

exponential complex and then lowpass filtered to cdanvar down-mixed signals to
guadrature baseband signals. Sub-sampling is done follow&BBy demodulation

from which the beam pattern was derived.

Theoretical Analysis

A theoretical summary of the QBB beamforming prodssgiven below. The four
signals being fed into the antenna array as shown reerliigure 3.1 are mixed down
by multiplication with a local oscillator LO which & complex exponentiale{’“ ).

Each of the 4 signals is down-mixed as shown by the ssioires below:

St)dm:%[ql‘q

Sldmzﬁ[ql-q (33)
Sam= SHLO '
Ssdm:%[ql‘q

where the subscript ‘dm’ denotes down-mixed a6, ands; are as defined earlier
under the RF process. The next step involves the lowgessg of each of the 4
individual signals so as to convert them into QBB dgin& hese expressions for the 4
QBB signals are given on the next page.
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Soaoo = [ Sand tpp Saoo=L $ah 1pr (3.4)
Soapp =L Sl 1pr Sqpv=L Sabh Ler
At this stage we have four QBB signals and the downsampliocess can take place at
this stage. This is done by taking evefysample of the signal where n represents the
downsampling factor. The downsampled versions@fy is obtained as follows in
MatLab:

Squbds: %qbt(l: n. end! Isqbbds: 1qu§|-1 n enx

(3.5)
%qbbds: %qbt(l: n enq’ §qbbds: §qbg1: n en)
Beamforming can now take place at this stage.
S4=SoqgbbdsS1gbbdstS2gbbdst S3gbbds (3.6)

To get our demodulated output signal, the absolute valagi®taken and this gives us
our quadrature baseband demodulated out put signal.

S = ab$ g (3.7)

The maximum o&s is then taken and a polar plot is done to give us the estjbeam
pattern. The block diagram on the next page summartigegheoretical analysis for
beamforming at QBB. As was mentioned earlier in Chiaptehe QBB signals are
generated by the simulation before the beamforming dem péace. As explained
earlier in Chapter 2, representing the real-life analggaeessing is basically the same
as that for the simulated representation but withdth&n-mixing and lowpass filtering
stages skipped which precede the sampling process. Figuren 32 anext page
summarises the QBB beamforming process.
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Incoming Input
signals

[ [/ /[

4 element Antenna array

sampling takes place

here
So S S S;
X X X
S
O:]F S_L(:rl %;1 %d"ﬂw Local oscillator
(&)
LPF LPF LPF LPF

\ St Sqp Soabb Sy
‘ Downsampling

* A 4 \ 4

Beamforming at QBB

S,

QBB Demodulation

S

Demodulated
Output+ Beam
pattern

Figure 3.2: Quadrature baseband beamforming theoretical analysis block diagram. It
is seen from the diagram that the signal outputs at each stage have been Shoav
figure above represents the beamforming process for the simulatedi@Q&#ss The

real life scenario representation would skip the generation stage andeguroa¢h the
processing of the analogue down-mixed QBB signals. It will be seen whbsiag

the benefits in terms of processor load of how the simulated andfeesténario QBB

method compare with the simulated RF results.
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3.3 Simulation results — AM DSB-SC

This chapter analyses and discusses the actual sinmuletolts of the MatLab analysis
of RF and QBB beamforming. The beam pattern shapedsare@ntrolled by factors
like the antenna spacing and array factor [11, 19]. Foatalysis, parameters like the
antenna weight were normalised for simplicity’s sake.

Simulation results: - RF Beamforming

The graphical results below result from RF beamformsingulations.
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Figure 3.3: Simulation result¢a) Summed signdb) Summed signal multiplied with

carrier (c) Demodulated outpytl) Beam pattern.
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The simulation results obtained for RF beamformingtlf@r signals being received by
the antenna array are now analyzed. In Figure 3.3(egit that there are three cycles
for the 512 samples of the summed up signal. The locallabsr translates the
frequency of the summed signal tig @n the frequency spectrum whégeepresents the
carrier frequency. This is done in order to facilitate fioe demodulation of the
summed signal using the AMDSB-SC demodulation methodnedilearlier in Chapter
2. The resulting demodulated output is shown in Figure 3. Rlotting the maximum

of the demodulated output against theta yields ¢henlpattern shown in Figure 3.3(d)
and consists of the main beam and side lobes.altvsll known fact that side lobes are
undesirable in any beam pattern because they reduce thg entdrg main beam. The
resulting beam pattern has a maximum value of approxiyné@ehnd has 6 sidelobes.
The study is yet to come to its fulflment because, meav have to carry out
beamforming at quadrature baseband and compare the twa.result

3.3 Simulation results - QBB Beamforming

The analysis moves down to quadrature baseband where beamyfavith now take
place. The signals now sit at QBB facilitating BEmamforming at QBB. Sub-sampling
which takes place before the beamforming and in thisqodati simulation, the sub-
sampling factor was 4. Therefore, as can be seentirerdemodulated output, there is
a 4-fold reduction in the number of samples down to 128 smmgd compared to the
initial 512 samples that the input signals had. It enshat this does not affect the
demodulated output as well as the beam the resultingrpattin actual fact, this
presents an advantage of the beamforming at QBB inhbaame results as at RF can
be produced but with fewer samples. The beamformed sigrilen demodulated
using QBB demodulation by taking the real part of the Qighal resulting in the
demodulated output shown in Figure 3.4(a) on the next pagehandotresponding
beam pattern shown in Figure 3.4(b).
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demodulated signal beam pattern

amplitude

samples

(@ (b)

Figure 3.4: Simulation plotga) Demodulated signglb) Beam Pattern

Are there any changes in the results obtained at QBRoaspared to its RF
counterpart? The beam pattern produced should answer gt@queCompared to the
RF demodulated signal output, it is seen that the tgwais are the ‘same’ having the
same amplitude and frequency characteristics and theyref@ expect to have similar
beam patterns. However, the visual similarity can betsubstantiated unless it
accompanied by numerical backing. Therefore, the negtion will verify the
similarity between the RF and QBB beam patterns bytippthe numerical difference
between them.

3.4 Beam pattern comparisons

The beam patterns are now shown together in Figure 3theomext page for easy
analysis and comparison of the patterns. In o@@utnerically prove the similarity
of the two beam patterns, a MatLab program was crdatexrry out the numerical
comparison. The program incorporates the two beamforoodgs (RF and QBB) and
then gets the difference between the normalized bederpais shown in figure 3.6(b)
on the next page.
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beam pattern

beam pattern
90 49

(@ (b)
Figure 3.5:Beam pattern comparisoiig) RF beam patterb) QBB beam pattern

The error/difference plot is given below.
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Figure 3.6: (a) Difference plot flow diagran{b) Difference plot.

It is clearly seen that the difference between e plots is minimal and therefore, it
suffices to say that the two beam patterns are aimaihd that it has been verified that
beamforming at QBB gives a similar beam pattern taRiEscounterpart. Therefore,

suffices to say that beamforming at quadrature baseb@adsible and this comes with
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its main advantage of working &wer sampling frequenciegnlike for the high RF

frequencies.

3.6 MatLab Analysis Simulation Results: —AM DSB-LC

3.6.1 Beamforming: AM DSB-LC

This part of the study analyses RF beamforming for an@the modulation technique
AM DSB-LC. The two methods being considered are the @obenethod and the
Envelope detector (non-coherent). The MatLab analgsslts are also shown and
discussed in this chapter. The modulation method beinlyzadais AM DSB-LC.
There is a difference in the way an AM DSB-SC and BBB-LC signal is represented
which is evidenced by the expressions given in Chapter 2. ddinedulation of a DSB-
LC signal is done either coherently or non-coheyenilhe non-coherent method being

used here is envelope detection.

3.6.2 Coherent and Non-Coherent (Envelope) detection methods

As mentioned already in Chapter 2, two methods will beduto carry out our RF

analysis of the beamforming process for the AMDSB-L@nais so as to see any
changes that take place in the beam pattern shape Wwheatetection process is done
coherently and non-coherently. We have the cohewmuhtthe non-coherent method of
which the latter is also referred to as the envelagieatior. The flow diagram on the
next page is a structural summary of the whole RF arsatlgat was used in the MatLab

simulations.
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Define input parameters

A

S4 Beamforming at RF S4

AM DSB-LC

Y A

Envelope Detection Coherent Detection

S5 S5

A A

Demodul_ated Ot Demodulated Output
Signal
A A
Beam pattern Beam Pattern

Figure 3.7: AM DSB-LC beamforming at RF analysis structure flow diagram. dime s

analysis applies for the QBB case though for the QBB case, only theebbase was

looked at to avoid repetition in the analysis.

3.6.2.1 Coherent detection
The detection process under this method is done by fyuigpthe summed signal with

a local oscillator whose frequency is synchronized to ¢heier frequency. i.e
$=%(LO). The demodulated output is give below as

5$S5] LpF. (3.8)

The amplitude ofwsis the taken and a polar plot of the amplitude agaiesatls done to

give the beam pattern.
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3.6.2.2 Envelope detection

Under this detection method, the summed signal is isttifsing a half-wave rectifier
(HWR) and then the rectifier output is lowpass filtete give the demodulated output

signal [33]. The envelope detector circuit is given eamigChapter 2. The expression

below illustrates the process.

4rS[Sa]Hwr (3.9

The demodulated output is the lowpass filtered versiaw of

59 Sur]LPF (3.10)

This gives us the demodulated output from which our beararpaitill be formed by

taking the maximum value of the output and making a poiddr

3.6.3 Simulation results:- AMDSB-LC Beamforming at RF

The simulation results for beamforming at RF for ttwherent and non-coherent
method are given in the following sections. For thisusation the number of samples

was increased to 2048 and the sampling frequency used was 32000Hz.

3.6.3.1 Coherent detection

This method as already explained earlier does employcal loscillator whose

frequency is equal to the carrier frequency. The block dmagshown below is an
illustration of the MatLab code which is used in thislgsia.

Max of b
. gt eam pattern
Set input Define loop,delays beamform!ng demodulated
> . . » demodulation of » signal and ™
parameters and signal inputs ) f
summed signal formation of beam
pattern

Figure 3.8: MatLab code structure:-Coherent detection.

33



CHAPTER 3 - BEAMFORMING: SIMULATION RESULTS

Figures 3.9(a), (b), (c) and (d) below illustrate the graghiesults of our MatLab
analysis. The beamformed / summed signal in Figure 39(alltiplied with the local
oscillator frequency and this translates the low frequenemmed up signal to Zw. on
the frequency spectrum. The resulting signal is showiigare 3.9(b). The higher
(double) frequency components are then effectively fitevat by a low pass filter
resulting in the spectrum shown in Figure 3.9(c). Theltitegudemodulated signal is
shown in Figure 3.9(d).
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Figure 3.9: Simulation plotga) Summed signgb) Summed signal*Local oscillatgc)
Magnitude Spectrum after LPfd) Demodulated output signal.

A polar plot of the maximum value of the demodulategougives the required beam

pattern entailing the successful beamforming process usingptierent method. The
resulting beam pattern is given in the figure on the page.
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beam pattern

270

Figure 3.10: Beam pattern.

3.6.3.2 Envelope Detection

The beamforming was now carried out for the non-colienegthod which is also
referred to as the envelope detector. It will be gdeng to see the changes that take
place in the resulting beam pattern from this type of akradion. The block diagram
shown below illustrates the MatLab code used for tizdyais.

Define Beamforming,1/2 max of
Set input Loo. delavs and wave rectification demodulated Beam pattern
parameters o sigr’1al in)[/)u - . + “| output +beam
demodulation pattern

Figure 3.11:Matlab code structureEnvelope detector simulation.

The simulation results are given in the figures on thd page. The beamformed
signal remains the same as in the coherent case. sUmened signal was passed
through a simulated half-wave rectifier where it wasrsthat the diode in the rectifier
clips out the negative cycles of the signal leavingpbsitive cycles from which our

envelope will be extracted.
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Figure 3.12: Simulation results(a) Summed signalb) Rectified summed signét)
Magnitude spectrum of LPF sign@) Demodulated output signal.

The magnitude spectrum in Figure 3.12(c) shows a reductioheinmagnitude as
compared to its coherent counterpart and this is altectred in the reduced amplitude
of the demodulated signal output. Thus the beam pastexqually expected to have a
reduced maximum value and this is shown in the figure ondgkepage. Basically, the
results from the envelope detection simulation showedthgabeam pattern obtained
was different for the coherent and non-coherent mofldemodulation. The focus of
the study remains that of investigating the possibilityrymag out selected
demodulation algorithms at QBB coupled with the expectecfibterand therefore,
going into details about analysing the coherent and nbereat difference in beam
patterns obtained diverts our focus from the core ofsthdy. Having said this, only
the coherent detection QBB results were discussed arsgideved for the comparison
purposes in terms of processing load and simulation rurgives later in the chapter.
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beam pattern

Figure 3.13:Beam pattern

3.6.4 Simulation results:- AMDSB-LC Beam forming at QBB

The simulation for the QBB analysis was done for toderent and non-coherent
methods though only the coherent method was discussed da®wo the fact that the
results obtained for the two methods are similar ancegquired by focus of the study,
we basically aim to show that processing carried o&®Fatan equally be carried out at
QBB with the processing load expected to be less at Q&EBhwwill be verified later in
the chapter. The block diagram below illustratedMadl_ab code structure.

Beamforming + Beam
. Define loop delays LPF to get QBB QBB pattern
D:Igf]gggt » and signal inputs » signals+ » demodulation +
P + down-mixing Downsampling beam pattern
formation

Figure 3.14:MatLab code structure.

Figures 3.15(a), (b), (c) and (d) on the next page arerhdation results obtained for
the beamforming process at QBB. The input parametersiusiael simulation were the
same as those used for the two RF methods and henedltiégilitate for the correct
comparison of the beam pattern outputs for the twogoaes (RF and QBB). The
procedure for the beamforming remains the same as eeglaarlier for the AMDSB-
SC process and hence the earlier explanation given sidéee in explaining the
current situation.  Figure 3.15(a) represents the con@pkB beamformed signal and
its magnitude spectrum in Figure 3.15(b). The magnitude spedrplotted in terms of
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samples so as to show the reduction in samples resuttom the downsampling
process. The downsampling factor was 4 and hence the dethidtion in the number
of samples from 2048 to 512. The beamformed signal undergBBsd®modulation
which was illustrated earlier in Chapter 2 and this resmtthe demodulated signal
from which the beam pattern in Figure 3.15¢@s plotted. A first glance at the
resulting beam pattern does show that it is simidahé coherent RF pattern but this has
to be proved numerically and in terms of the beam pagerperties which are given in

the following section of the chapter.
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Figure 3.15: Simulation result$a) Summed QBB signal(b) Summed QBB magnitude
spectrum(c) Demodulated signgld) Beam pattern
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3.6.5 Beam pattern comparisons

As with the previous analysis, the beam patterns reguitom the analysis done are
compared so as numerically verify the similaritylof beam patterns. The figure below

shows the comparison structure and resulting error plot.

( Input parameters )

Coherent method RF Coherent method QBB
beamforming beamforming

Comparison of beam patterns
(numericaldifference)

Differnce/errorplot

@ (b)

x 10 difference/error plot
T T

amplitude

Beam pattern

|

|

T

!
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theta (degrees)

o
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=}
=
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s}
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@
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Figure 3.16: (a) MatLab simulation structure for beam pattern comparig)
Difference/error plot: the error is very minimal and thus the bgatterns are similar.

3.7 MatLab Analysis Simulation Results:— Frequency Modulation

The results of the FM beamforming simulations are woedliin this section and a
numerical comparison is made between the resultinghbestterns and draws up a

conclusion over the possibility of beamforming at QBB

3.7.1 Simulation results:— Beamforming for FM at RF

The analysis results for RF beam forming for FM axerm and discussed below. For
this analysis, the sampling frequency used was 3000Hz, vietida was 100Hz, and
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the number of samples used to represent a signal wasI'sE2Matlab code structure is
the same as that given earlier in the chapter. Hueds that follow are the simulation
results obtained at RF. The summed signal in Figurg&).1@sulted in the magnitude
spectrum in Figure 3.17(b). From the spectrum it is Seanthe signal sits af.® and
has harmonics spreading out on the spectrum. The in4badlemod’ Matlab function
effectively demodulates the beamformed signal and wikigdhown in Figure 3.17(c).
The resulting beam pattern is given in 3.17(d).
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Figure 3.17:Simulation result¢a) Summed signdb) Magnitude spectrum of summed
signal(c) Demodulated output signé) Normalised beam pattern.
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3.7.2 Simulation results:-Beamforming for FM at QBB

The graphical results below show quadrature baseband leeemmd for FM signals.

The demodulation of FM signals at QBB was outlinedieaih Chapter 2. The
conditions and parameters used are the same as he fBFtsimulation. The sampling
frequency being 3000Hz and the number of samples 512. Theesu@BB signal and

its downsampled spectrum are shown in Figures 3.18 (a) ameg¢ctively. The

downsampling factor was 2 and hence the 2-fold reductidheamumber of samples.
The demodulated signal and the resulting beam pattershawn in Figure 3.18(c) and
(d) respectively on the next page.
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Figure 3.18: Simulation result¢a) Summed QBB signéb) Magnitude spectrum of

summed QBB sign&) Demodulated signal outpd) Normalisedbeam pattern
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The RF and QBB beam patterns look similar and it velivalidated by the numerical
proof in the following section where a difference ploit show the actual numerical
difference between the two beam patterns.

3.7.3 Numerical Comparison of beam Patterns
The normalised beam patterns for the RF and QBB lwamifg were compared

numerically using a MatLab program. The figure below shtve difference plot flow

between the two beam patterns produced and the erraedifie plot against theta

(degrees).
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Figure 3.19: (a)Difference plot Matlab structure flowchagb) Difference plot.

From the difference plot between the two beam pattatns seen that the two beam
patterns match perfectly/precisely and so, it sufftcesay that the two beam patterns
are similar and that it has been verified that beamiftg in QBB gives a similar beam
pattern to its RF counterpart. This justification alshaés that beamforming can be
done at quadrature baseband which for reasons alreadyonezh) does have more
advantages than the traditional RF method. The Tabl®r3.the next page further
illustrates the beam pattern properties for the beanerpattplotted under the FM
simulations. It is seen that the two patterns matdbrims of the pattern properties and
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hence substantiating the purpose of this part the studyhaimas to beamform at QBB
and achieve the same results as at RF. The benef#sms bf processing load and
time of QBB versus RF beamforming will be seen inribgt section of the chapter.

3.8 Benefits of beamforming at quadrature baseband

The benefits of beamforming at quadrature baseband caxpbessed in terms of the

sampling frequency. The fast growing telecommunicatiodsistry does strive to

make efficient and effective use of the available resssiof which bandwidth is very

significant. The benefits of processing at QBB wawestigated and a conclusion was
drawn from the results obtained from the simulatiamtimes and theoretical

calculations based on the simulation code.

3.8.1 Sampling frequency and bandwidth

According to nyquist’s criterion [4], the sampling freqogmust be at least twice the
bandwidth.

f>2(f, +g) (3.11)

whereB represents the signal bandwidth. Consider the figwyens below.

“Power

0 fc_E f fo+—
< ? 2 [

B f

Figure 3.20: RF/QBB sampling frequency comparison.
Referring to the figure above, the sampling frequencytHersignal at RF is twice the

sum of the carrier frequency and signal bandwidth. Anddehis entails that the
beamforming at RF is done at a higher frequency too. Hewvéoking at the

43



CHAPTER 3 — BEAMFORMING: SIMULATION RESULTS

QBB case, the required bandwidth is equal to the signadvindth itself and this is
because the carrier frequency is eliminated by the shiftioggn process. The
percentage saving in terms of sampling frequency is signifiin ensuring more
efficient usage of available resources like bandwidfhe mathematical derivation of
the saving is given below. L&}, denote the QBB sampling frequency dgdthe RF
sampling frequency. The ratio Rfpnto fsi is found as follows:

B
fsqbb Zl 2(fc+5) |g:0

5 (3.12)
fsqbb 2 2(5) =B
Similarly
fsrf 2 2(fc +E)
2 (3.13)
f =2fc+B
The required ratio is given below.
f
g -_B 5 (3.14)

f, 2f +B 2f +B

srf

Assumingf. =1000Hz andB=40Hz, then the percentage saving by working at QBB

terms of bandwidth is calculated below:

= == (3.15)
2040 51

The percentage saving is thus equal to

(2040- 40),
2040

100= 98%

Therefore, the above ratio shows a very signifieaving being achieved by operating
at QBB in terms of the sampling frequency [2].

When f.=0.5B
This worst case scenario assumestf&t.5B. Therefore, considering Equation 3.B4,
is neglected and the ratio reduces to ¥2. Thisigaghat the minimum saving in terms

of sampling frequency reduction that can be acliesy®0%.
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When f. >>B
This scenario presents another extreme case. Fromi&igGal4, it is seen that for this

particular case, the ratfgyus fsir approaches 1f2

3.8.2 Sample processing and simulation time

This aspect of showing the savings achieved from workingB& Qoks at theaumber
of calculations in the simulation coamrried out RF and QBB in terms of ‘N’ which
represents the number of samples. Therefore, thedWdatode for the RF and QBB
simulations was redefined in terms of N. The filtenprgcess involves taking the FFT
and then killing off the unwanted part of the spectrum lojtiplication with the filter
response and then taking the IFFT to get back to thedan&in. It is already known
that carrying out an FFT involves NLg¢ multiplications when N is a power of 2 [7].
The same is assumed for the IFFT. As mentionedeeahie processing load was
measured using a relative method. The simulation runtrage measured using the
inbuilt Matlab [5] commands ‘tic’ and ‘toc’. Thereforémers were introduced into the
simulations so as to measure the elapsed time forssachation. It should be noted
that the time and numerical calculation measuremstats from the received signal
models down to the demodulation as this is forms thasf@é the analysis with other
defined parameters not shown. The sample processing meesus for the
simulations that were run, is given in the CD in Appen@ixillustrates how the
simulation time and number of processing calculatioas measured. The table on the
next page summarises the sample processing for AMDSBea@forming at RF and
QBB.
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Simulation Stages Radio Frequency | Quadrature baseband (simulate
Mixing down + QBB 4N + 4ANLey + 8KN+4kNLogkN

Beamforming 3N 3kN

Demodulation N+2NLogN+N L

Total ‘N’ operations 5N + 2NLogN AN+ 11kN+ 4kNLogkN+4NLogN
Total : N=512 and k=1/4 11776 25472

Table 3.1: Number of calculations at RF and QBB

For the simulation carried out for AMDSB-SC beamforgn N had a value of 512 and
the downsampling factor was 4 (i.e. k=1/4). Substituting the expressions given in
the table above facilitates the evaluation of the wrhoof numerical processing
calculations for the simulations run at RF and QBB.

Let Nir andNgpp represent the sample processing at RF and QBB resggctiven the
ratio of the RF to QBB sample processing is given as:

==21"2-0.463 (3.16)

Therefore, it was seen that the amount of processkiggtalace at QBB was more than
that taking place at RF. Therefore, it suffices ag that for the simulated case, the
beamforming at RF was more efficient than at QBB mmteof the amount of sample
processing required. What is meant by this statemématishe sample reduction due to
the downsampling process does not directly translateremaction in the amount of

processing and hence the simulation time will verify #@ssit is expected that beam
forming at RF should take less time than beam forming BB.Q The ratio of the

number of calculations at RF to those at QBB in thauktion code was verified by

correlating against the simulation processing time ratkor the real life case, as was
mentioned in chapter 2, the processing commences fremQBB signal components
and thus the QBB generation stage in the Table 3.1 iseskipphis reduces the number
of calculations reduces to ‘3kN’ which has a numericdleyaqual to 384. Thus we

notice a big reduction in the number of calculations BBQ
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The ratio of the number of calculations for the lgalQBB processing to the number

of calculations at RF is given below as

(3.19)

The result above should translate into a much reducedlaion runtime too.
Therefore, it is seen that despite the simulatiobheafmforming at QBB falling short of
being advantageous as compared to the RF case, it dpeficantly become more
advantageous for the real life case which processé3BBesignals. Therefore, we see
that working at QBB did indeed maintain its superiorityténms of processing and
runtime over working at RF. The table on the next pagesarises the results obtained
for the simulations at RF and simulated QBB in termssiofulation runtime and
number of calculations for the simulation codes.shtiuld be noted that the number of
calculations for the coherent AMDSB-LC simulatiorthe same as at for the AMDSB-
SC simulation. However, the FM theoretical predictibd have limitations in that the
representation for some of the commands used in thedidation process could not be
theoretically quantified or rather is too complicated¢aone up with. Therefore, in such

cases, the simulation runtime had to be solely reipsmh.

RF (t) | QBB(tgbb) | triftany Nt Ngbb Nri/Nabb
BEAMFORMING Time in seconds Ratio Number of calculations Ratio
1. AM DSB-SC 0.36318 0.74992 0.48 11776 25472 0.446
2 AM DSB-LC 0.35836 0.77418 0.46 11776 25472 0.446

Table 3.2: Simulation time and sample processing comparison table:- the results show

a close match between the theoretical prediction from the sample giragestio and

the actual simulation time ratio with a maximum discrepancy ¢fo4fributed to the

variation in the computer processing time variance.
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3.9 Conclusion

The chapter discussed the simulation results for thenfeming process for AMDSB-
SC, AMDSB-LC and FM at RF and QBB. The results stbwhat Beamforming
could take place at QBB with the key advantage beingotherlfrequency of operation.
The beam pattern comparisons did justify the simildré@iween the RF and QBB beam
patterns obtained. The latter part of the chapter loakélde benefits and outcomes of
the simulation analysis carried out where it wasi12bat despite the saving in terms of
sampling frequency due to the sub-sampling that took plaQBBt the beamforming
process for the simulated RF case was less tedious wdmpared to the simulated
QBB case for the simulations carried out. This was$som the theoretical prediction
and simulation results obtained which showed less psogebeing done at RF and the
simulation time equally followed suit. The ideal QBRBse which represents the
processing in an actual DSP does however become supegorR¥F in terms of

processing load and simulation runtime.
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Chapter 4

Multipath compensation-simulation results

This chapter looks at multipath compensation at RF anB.QBEimulations were run
and the results are given and discussed. Difference pititbe given by comparing
the compensated output to the original input and this watl @ the proof of
compensation entailing a successful compensation procdss.was done under
beamforming, the results obtained at RF and QBB wilcbmpared in terms of the
simulation runtime and number of calculations in timeusations. Later in the chapter it
will be seen that compensating at QBB does prove moranéalyeous than at RF in

terms of simulation runtime and processing load.

4.1 Multipath Compensation

In Chapter 2 a brief background of multipath and its congters process was given.
In this part of the study, the simulated multipath digndl be modelled and the
compensation process is analyzed graphically and theaheti@he figure below
illustrates a simple multipath signal reception scenari

Reflecting surface

multipath signal

direct path

Receiver
Radio tower

Figure 4.1: Multipath signal reception model
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In Figure 4.1 on the previous page, it is seen that tlenaatat the destination receives
two signals namely the direct-path and delayed sigkal. analysis purposes, we will
restrict the number of multipath signals to one. oBetcarrying out the analysis, there is
need to model the multipath signal and correct compensdtoh will eliminate the

multipath effects and resulting in the required dire¢tgagnal output.

Multipath signal modelling

The multipath channelH comprises a component of the direct path signal aed th
delayed multipath signal. The multipath signal is unddsand hence the need for us to
compensate for its presence and thus eliminate its gffddte goal of the compensation
is to recreate the characteristics of the origimgthad just as it was before the delayed
signal was introduced. This requires us to have knowlefljee characteristics of the
channel (i.e. frequency or impulse response) in order terrdgte the correct
compensator denoted B&. It is well known that convolving in the time domam i
equivalent to multiplication in the frequency domain aree-versa [3]. This means
that we can equally have a model for the multipathadidpy convolving in the time
domain. However, using the time domain method, thers@ree important limitations
in that we are restricted to discrete sample delays’‘afd thus the compensation
process is limited by the fact that we cannot carrydmwnsampling beyond a point
where the echo does not lie on a sample instant anyamor¢his has much to do with
the echo positioning. The multipath channel modelling was donthe frequency
domain and hence the signal compensation equally tock piahe frequency domain.
The famous time delay Fourier transform [3, 5] does ifatal for operating in the

frequency domain. This is given below.

ft€r J F a(e)* (4.1)

Therefore, the received signal as already mentioneGhapter 2 has the direct and
multipath components in it and so the multipath charttelill be given as

H= 178 (4.2)
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It should be noted that in this caseis not restricted to nTs. The modelling of the
multipath signal is thus done in the frequency domain amténit is required that an
equivalent domain is used in the compensation process. AM/FKY modulated
signal direct path signal izero paddedand its FFT [5] is taken. This facilitates the
circular convolution in the frequency domain whose equitatehnear convolution in
the time domain [24].

Similarly, the channel response is zero padded alogdvéd by the FFT so as to have
its frequency domain equivalent in readiness for the @rcebnvolution. After
carrying out the circular convolution, the resultingnsigis transformed back to the
time domain by taking its IFFT. The signal at hand i& r@oreal multipath signal in
readiness for analysis. The analysis then maoethe receiving end where the
compensation takes place. Here, the received signaltnaasformed back to the
frequency domain by taking the FFT and this was done so asmpensate in the

frequency domain.

4.2 Multipath Compensation:—Radio Frequency

RF multipath compensation represents a traditional rdetbib compensating for
unwanted multipath signal effects. In this study, weiaesl noiseless channels since,
we are basically showing the possibility of compemsgfor multipath at RF and QBB
with the latter being the new method and showing thpeeted benefits of

compensating at quadrature baseband.

Theoretical Analysis

The theoretical analysis for the multipath compensaioRF is given below. In this
part of the study, QAM and FM modulation were analyzed.

The direct path signal is represented,as The received multipath signal being the sum

of the direct path and its delayed echo is thus given as

Xop = Xg + KX, (t=7) 4.3)
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The compensator should thus eliminate the delayed signgarzent in the received
multipath signal. The block diagram below is a repreed@m of the Matlab analysis
simulation structure showing the expected outputs auwspoints of the simulation.

CIrctlllz:r multipath Compensated
convolution signal Signal
(t-domain)
direct path o Ifft + Real
signal + zero 1+ Rea
padding KX Ifft + Real part fft
1/H.
Hl
Deconvolving
Zero SR /removal of
padding zeros
_ P To QAM/FM
H _(1+e Jay ) demodulator

Received
signal
generation

Multipath
compensation

Figure 4.2: RF multipath compensation theoretical analysis structure flow diagram.

In order to test the accuracy of the compensation pspegsarallel path was created in
the simulation where the direct path alone was undalysie giving us a basis for
comparing the compensated demodulated outputs with the ghie¢ict demodulated
outputs. The results will be shown in a latter staigée chapter.

The mathematical expressions below are a sumpfatiye step-by-step processing
carried out by the simulation. Firstly, the FFT loé direct path is given as

X, = fft(x,) (4.4)

The signal is zero padded to facilitate for circulanvadution to take place. It should
be noted that the zero padding length is pre-determined potitBtions necessary for
a successful circular convolution [7] to occur. Thus, phaeding length_ is given

below as

L>P+N-1 TN
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whereP is the length of the direct path signal and N timgtle of the channel impulse
response [24]. Therefore, the frequency domain multgigtialXmp which now has a

length twice that o%q is given as

X =X,H (4.6)

Taking the real part of the IFFT ofnp gets rid of the small imaginary part due to
limited numerical accuracy resulting in the receivedtimath signal expressed below

as

Xomp = RE[Tt (X )] (4.7)

where xmp represents the received multipath signal. As mentioratiee the
compensation will take place in the frequency domain andehttiecneed to convert the
received signakmp to the frequency domain before compensation can take.pldow
H=H™ andH beinga frequency domain vector means the compensator is the in
frequency domain and thus the compensation can now protaedg achieved the

same domain of operation for the received signal angeasator.

X =X _H (4.8)

where X represents the compensated received signal in the frggqaemsain. The

time domain equivalent of the compensated signal is giviemvlees

X, = Relfft (X, )] (4.9)

The original size of the compensated signal is achievagrpving the padded zeros.
The original modulated signal is thus retrieved anddién@modulated outputs achieved
by carrying out QAM/FM demodulation resulting in the compembsatemodulated
outputXicq -
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4.3 Multipath compensation:- Quadrature baseband

The analysis moves down to quadrature baseband whemomgensation will now
take place. This in itself presents a major advantagperating at lower sampling
frequencies added on to the fact that operating at aadeblso facilitates for
downsampling which further reduces the operating frequencthefcompensation

process.
Theoretical analysis:-QBB

The input parameters used for this analysis are the saméhoge of their RF
counterparts. This implies that we have the same Isjganameters like amplitude,
angular velocity etc. Similarly we have the samBahsampling ratef() and the local
oscillator frequency used in the complex down-mixing predescoherent with the
carrier frequency.

Upon analysis of the results, a decisive conclusias to be reached about the
possibility of compensating at QBB accompanied by theouarbenefits that come with
working at QBB frequencies. Some of the advantages arking at baseband
frequencies are attributed to the ease of handlingsetizand digital signals by software
defined radios and hence resulting in the immense bewéfB®OR technology being
utilized [16]. The expressions for the direct path andtipath signals have already
modelled under the RF theoretical analysis. And thusattadysis moves on to the
receiver where it is required that we compensate &.QBhe received signakmp IS

down-mixed and lowpass filtered so as to generate its it/alent.
erqub = [erpe_JWCt] LPF (410)

wherexXmpqob represents the QBB version of the received muhigggnal. The block
diagram on the next page is a representation offditéab analysis simulation structure
showing the expected outputs at various pointe@stmulation. The figure on the next

page summarises the theoretical analysis.
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Received signal . .
modelling Multipath compensation

Received QBB signal

circular convolution multipath signal

Direct path signal! | FFT + zero m

LPF \ FFT ift
eI —\X Ifft + Real part —@—\> > »@—»
Hl o WW{

mixed-down
signal Deconvolution

Zero LPF +FFT Iremoval of

padding Zeros

a |
€ r@ To QAM/IFM QBB

demodulator

He (L+€1)

. He=1/H1
Downsampling

takes place here

Compensator

Figure 4.3: QBB multipath compensation theoretical analysis flow structure.

The compensation is thus done at QBB as required byutg. sThe simulation results
will verify the compensation process illustrated tletioally by the figure above. Upon
generating the QBB equivalent of the multipath signalyr sampling is also carried
out. The quadrature baseband signal is downsampled bgtaa fa° whose value is
restricted to the point where there is no aliasinghengpectrum. What this statement
implies is that one can only downsample up to a cepaint and that point is where
aliasing begins to take place. It is a well knowrtda¢hat aliasing is an undesirable
situation and thus it has to be avoided at all costee downsampled signal is given in
Matlab as

Xqbbas = Xrgbbl: n: end (4.11)

where Xqbbas represents the downsampled QBB signal. At this stHwe,analysis

focuses on the compensation process where it was edqtor compensate for the
multipath effects. Now, in order to compensate fortipath at this stage, it is required
to shift the compensation down to baseband because tred sgw sits at baseband.
This in itself is an added advantage of compensating at lggi8Buse this takes place at
much lower frequencies unlike for the RF situation. Tévamensator should equally be
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downsampled before the compensation can take place. QB® downsampled
compensator is denoted lds;s The compensation can now take place and this is done
by multiplying Hegs With the FFT ofpnas denoted aXigonas This is shown below as

X = xrqbbds H cds (4 12)

rc

whereX;. denotes the compensated signal in the frequency domaisevitime domain
equivalent is given in Equation 4.13 below. The padded zémsddsbe eliminated at
this stage. There is need to take into consideratierfatt that the signal length has
reduced by a factor ‘n’ and hence this should not be overloakes removing the
padded zeros. The IFFT Bf; is given below as

X, = ifft(X,) 4.13)

The signak. is then demodulated and is denoted:as In the simulations that follow,
a parallel analysis is run for the direct path sigmaich is demodulated and compared
with the compensated output so as to test the accofattye compensation process.
The demodulated output from the parallel analysis is @éelnadx.q. The next section of

the chapter gives the RF simulation results.
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4.4 Simulation Results:—QAM RF compensation

The figures below are the results obtained from theipath compensation simulation

at RF. The sampling frequenéyused was 4000Hz and ®and % shown in Figure

4.4(a) are the unmodulated inputs of the QAM direct patifasghown in Figure 4.4(b).

As mentioned under the RF theoretical analysis, the gadding during the multipath

signal generation doubles the signal length and thisvideleced in Figure 4.4(c).

Compensating for multipath as outlined in the theoretinalysis results in the output

It can be seen here that thiel Qignal has been retrieved and

shown in Figure 4.4(d).

The demodulatgputs and difference plot

the multipath effects compensated for.

should further consolidate the accuracy of the compemsati

unmodulated inputs

apnyjduwe

samples

(b)
received compensated QAM modulated signal

samples

@

padded zeros

spnydwe

1600 1800 2000

1400

samples
(d)

samples
©

Figure 4.4 Simulation result§a) Unmodulated inputs:- these represent the inphase

and quadrature phase inputs of the QAM signgb) QAM modulated signa(c)

Received signal:-the last 1020 samples consist of padded(d¢i@empensated signal
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The figures below show the demodulated outputs and differplot.

demodulated outputs demodulated outputs from direct path signal only
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Figure 4.5: Simulation results (a) Demodulated output after compensati@mn)
Demodulated output from direct pafle) Difference plot between direct path and

multipath compensated demodulated outputs

The difference plot clearly shows a very small andgmécant error. This proves that
the compensation was accurate and successful. A ldb& apectral changes in the
following section of the chapter further consolidatesproof of a successful

compensation.
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Spectral Analysis of results

The figures below represent the magnitude spectra oighals resulting from the RF
multipath compensation simulation. The spectral chatigat took place are analyzed

in order to have proof of the compensation from the splgatint of view.

magnitude spectrum of modulated signal magnitude spectrum received signal
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Figure 4.6: Magnitude spectrum ¢&) Modulated input signalb) Received signal

The Figure 4.6 (a) above illustrates the magnitude speatfutine QAM modulated
signal before multipath and Figure 4.6(b) represents thgnitogle spectrum of the
received signal. The multipath component increasedntagnitude of the spectral
content of the signal as can be seen. Figure 4.7 b&tows that the compensation
process restored the original spectrum of the signal.
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Figure 4.7:Magnitude spectrum of compensated signal.
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The plots below illustrate the multipath channel respoasd it was seen from the
graphical plots that the impulse response of the multipatinnel was perfect and a
‘zoomed in’ plot shows and reveals the 4 sample delalya multipath signal as well as
an echo factor of 0.8.

impulse response of multipath channel impulse response of multipath channel
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Figure 4.8 (a) Channel impulse responflg) Channel impulse response enlargdte
4 sample delay is now visible from the zoomed in plot .

4.5 Simulation Results:—QAM QBB compensation

The results of the MatLab simulations are now gi@ad analyzed in this section of the
chapter. It should be noted that the generation ofdbeived signal remains the same
as was done under RF and so the graphical results todbgzed will be from the
receiving end down to the compensation and demodulatione figlwres on the next
page show the plots resulting from the simulation ofQB&8 multipath compensation.
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received QAM modulated down-mixed signal received QAM QBB signal
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Figure 4.9: Simulation result$a) Down-mixed received signé) QBB received signal

before compensation..

The figures below show the QBB signal after compeosatind the demodulated
output. It is seen that the original inputs were sucubgsttrieved from the multipath
signal.

compensated QBB signal compensated received QBB demodulated signal

1

T T
demodulated output y1 }»

0.8 demodulated output y2
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Figure 4.10: (a)QBB signal after compensatidbp) Demodulated compensated output.

The compensated signal had the padded zeros, that werd@uced in the generation
stage, removed, and the original signal length was tlstisrezl. The signal length was
reduced by the downsampling factor ‘n’ and in this particulaecshe demodulated
signal outputs have a length of 256 samples the due tiotlmesampling factor being
equal to 4. The figures on the next page show the denmtedwatputs from the direct
path signal demodulation for comparison purposes.
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A difference plot is also given to further verifyetbtompensation accuracy.

demodulated signal from direct path signal only x 10 Difference/Error plot
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Figure 4.11: (a)Direct path demodulated output:-forms the basis for comparison so as
to determine the preciseness of the compensation prqb@sBifference/error plot:-
indicates that the compensation was successful despite the error bghtty sligher

than for the previous analyses.

4.5.1 Spectral Analysis
The spectral changes and results of the QBB compensataxess are shown in the

figures on the next page. The spectral changes do delabnoae on the compensation
process and also show that the compensation process &mekaplquadrature baseband.
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Figure 4.12: Magnitude spectra plot&) Received signal(b) Down-mixed signa(c)
QBB downsampled signgd) QBB downsampled compensated signal.

The conversion process from RF to QBB has been outlmeghilier chapters. The
down conversion of the sample rate is an importart giadigital signal processing.
The compensated signal spectrum is shown at quadrateealpasin Figure 4.12(d).

4.6 Simulation results:— FM RF compensation

This section continues the multipath compensationyaisabut looks at FM modulated
signals. The simulation results are given and disclsdt should be noted that the
spectral analysis done in the previous QAM study does sufficexplaining the

changes that will take place in under the FM analysis l®ence referring back does

suffice in explaining the current analysis so as tachkepetition. The principles of the
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compensation process carried out under QAM compensationrémeasame under FM

and therefore, it suffices to go straight to theuaksimulation results. The figures

below illustrate the simulation results obtaineddompensation at RF. The sampling

frequency used was 4000Hz and the number of samples was 1@24onA in the

previous simulations, the parameter conditions usech®RF simulations are the same

as those used for the QBB simulations so as to haaie @oimparison between the two.
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Figure 4.13: Simulation results(a) modulating signa(b) FM modulated input signal

(c) Received signal:-comprises the actual signal with padded Zel)o)Sompensated

signal: the original signal is restored.

From Figure 4.13(c) it is seen that the signal has 2048 samphhich the last 1020

are zeros and this is due to the zero padding that was \@ban carrying out the

The delay in the FM analysis wlasamples too and so the

circular convolution.

received signhal had non-zero values up to 1028 samples. ohimgensation process

effectively compensated for the multipath effects aedatore, the compensated signal
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had non-zero values up to 1024 and the remaining zeros Weneaged to retain the

original input signal length. The figures on the next pdgevsthe demodulated output
resulting from the compensated signal and the directgigial only and the difference
plot between the demodulated compensated output and #wt gath demodulated

output
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Figure 4.14: (a)Compensated signal demodulated outploeé compensated modulated
output was demodulated and gives this signal output. The effectiveraassuacy of
the compensation process remains to be tested by demodulating the alinesigpal
with the same filter characteristics and compare the res(ifs.Direct path signal
demodulated output: this signal output facilitates for measuring of the accuofabyg
compensation process by plotting its difference from the compensatedulated out
put. (c) Difference/error plot: shows a successful compensation was done.
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4.7 Simulation results:— FM QBB compensation

Here, we are again carrying out multipath compensatiorcepso but at QBB
frequencies. The multipath compensation is also @nauch lower sampling rates
after carrying downsampling of the QBB received signal aeband. The first four
figures below represent the received signal, down-mixedaki@BB signal before
compensation and after compensation. The FM modulagedlsiemains as given in
Figure 4.13(b) and is therefore not shown. Referring backhe QAM QBB
description of the above mentioned signals does sufficescribing the signals below
taking note however, that the modulation being consitiisréM.
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Figure 4.15: Simulation result¢a) QBB signalbefore compensatiafin) Compensated
QBB signal.(c) Compensated demodulated out()tDirect path demodulated output.
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It is seen from Figure 4.15(c) and (d) that the diredh paimodulated signal is similar

to the demodulated output from the compensated signal.

x 10~ Difference/error plot

T
1.5 —f-—-—- -4 ey

amplitude

samples

Figure 4.16: Difference/error plot: shows that the compensation process wasssfal

with insignificant mismatches expected at some points of the plot.

The difference plot above does justify the accurawy efficiency of the compensation.
The spectral changes are as seen under the QAM cdstnexefore the explanation
given earlier does suffice in explaining the expectedtsgechanges throughout the
FM QBB multipath compensation process. Thereforayffices to fairly conclude that
the multipath compensation has been successful andrdreptat in itself serves as the

proof of compensation.

4.8 Benefits of compensating for multipath at QBB

Having run the simulations and analyzed the results, ritecessary to consolidate the
results by comparing the sample processing and samplirgs i was done under
beamforming. The table on the next page summarisesthgle processing at RF and
QBB for the multipath compensation simulation carriet for QAM modulation. The
sample processing was derived from the simulation codeeisame way as was done
in the previous Chapter 3 for the AMDSB-SC RF/QBB simaite under beamforming
and is given in Appendix C which contains the simulahbfiles too.
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For the simulated QBB case, the number of samplascesdafter the downsampling
stage determined by the factor k.

Simulation Stages Radio Frequency | Quadrature baseband(simulatgd
Mixing down + QBB 2N+2NLogN
+ Down sampling 2N+2kN
_ 2N+ 2NLog2N 2kN+2kNLog2kN

Compensation

2N+ 2Nlog2N 2kN+2kNLog2kN
process

2N+ N+ N kN

2N + 2NLogN+ N
Demodulation

2NLogpN + N
Total sample 10N+4NLog2N+ | 2N+6kN+2NLog2N+
processing ANLogpN 4kNLog2kN
Total sample
processing for 98304 37632
N=1024 and k=1/4

Table 4.1: Number of calculations at RF and QBB

The value of N was 1024 representing the number of samtlegshe downsampling
factor used for the simulation QBB case being equal toed4 K=1/4). The sample
processing result shows that more processing was doR& d@han QBB. The sub-
sampling done at QBB is the main reason for the redufiothe reduction in sample
processing at QBB. The runtime time for each sintatvas measured as illustrated
earlier under beamforming. The simulation runtime compas given in the Table
below show that the processing at RF equally took longer tine processing at QBB
and this is due to the obvious reason that less samg@es veing processed for the
QBB simulation. Therefore, the sample processirgulite serve as the theoretical
verification of the actual simulation results. Thele on the next page summarises the

simulation runtime and sample processing for the RFBBE simulations carried out.
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RF (tr) | QBB(tgon) |  trltgon Nt Nabo | Nri/Ngbo
. . . : Number of 3
Multipath compensation Time in seconds Ratio calculations Ratio
QAM 0.02715 0.01025 2.65 98304 37632 2.6

Table 4.2: Simulation runtime and number of calculations:/@BB ratio comparison.

It is seen from the table that the discrepancy betvileersimulation and theoretical
results is small (about 1.5%) and hence it sufficesajothat the analysis carried out by
the simulations was correctly done. The analoguelifed) BB method should result in
even further reduced calculations due to the fact thatedife situation assumes the
processing of the signals at QBB already. Thus frorhleT&.1, the number of
calculations for the case at hand reduces to 10496 rgsintthe ratio of the number of

calculations at RF to those at QBB being equal to

205 - 9.37 (4.14)

Thus we see a bigger reduction in the number of calonafor the analogue QBB case
with the simulation processing time expected to follow. sihe limitation faced for the
FM case is also encountered here for reasons explaamker @nder the beamforming
simulation result analysis. From the results ofgdiit is seen that compensating for
multipath at QBB reduced the amount of processing chaig as compared to the RF
case and consequently the simulation runtime was ledtddatter which entails that

processing at QBB was thus faster.
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4.9 Conclusion

The chapter illustrated that multipath compensation isiptesat baseband frequencies
and there are benefits that come with operating atbaasl which have been stressed
already. The study analysis did bring to light anothdded advantage: the
downsampling possibilities when operating at basebandereldre, latest baseband
technologies will begaining on costs and reduced operation complexity by
implementing quadrature baseband multipath compensatiowasltobserved that the
analysis started with a much higher sampling rate armhsg¢band, the sampling rate
was reduced by a quarter and it should be noted that fudtaction is possible and
the furthest point the downsampling can go is at the polrevaliasing begins to
occur. However, it does suffice to say that QBB comgims surpasses RF
compensation in terms of operational advantages. patitidoes haveemediesand
the traditional means of compensating for its effeetgeehworked well over the years.
However, increasingechnological awareneslas given room for further research of
which Software defined radio technology stands out asntbst prominent driving
factor. The study was able to carry out simulationyamaland it has been verified that
compensation at quadrature baseband can take place and ihdeethels with
significant processing advantages which would make itemareferable to radio
frequency compensation. Therefore, the study was whilér and relevant so as to
verify the possibility and effectiveness of quadraturgeband multipath compensation
for which we saw that we are able to downsample ogmasiduring the analysis
facilitating for much lower sampling frequencies and leereducing the complexity
[35] of the overall compensation process. The benafésexpected to pour down to
SDR technologies which currently make use of basebarmm#dgsmg.
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Chapter 5

Doppler Shift compensation-Simulation results

This chapter briefly outlines the Doppler shift theoremThe Doppler shift
compensation process is also analyzed in general andasion results from the
compensation process for the QAM and FM modulation sebeare given and
discussed. The proof of compensation is illustrated byifference plot and this was
done for each simulation. The simulation runtimad aumber of calculations show
how much more advantageous compensating for Doppler shiBBRttkan at RF is. A
much bigger gain in terms of simulation runtime and numbealgulations is expected

for the real life QBB scenario as will be shownnfrthe benefits of working at QBB.
5.1 Doppler Shift

The Doppler effect refers to the change in frequency anelemgth of a signal as seen
by a receiver moving relative to the transmission so{@8¢ The overall Doppler
effect may therefore result from either motion loé¢ source or motion of the receiver.
Each of these effects is analyzed separately. Faalsigequiring a medium, such as
light or gravity in specific relativity, only the rela& difference in velocity between the
observer and the source is worth considering. The figel@nbillustrates the Doppler
effect.

Doppler shifted signal

Y

TRX RX

(a) Approaching Targets

Doppler shifted signal

\

TRX RX

(b) receeding targets

Figure 5.1: Doppler Shift Mode(a) Approaching Targetsresult in a positive Doppler

shift frequency(b) Receding targetsesults in a negative Doppler shift.
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In Figure 5.1(a) on the previous page the transmitter andettever approach each
other resulting in a positive Doppler shift due to compoessif the signal waveforms
resulting in a higher received frequency. This is alserredl to as a positive Doppler
shift. In part Figure 5.1(b), the targets are recedimgnfreach other resulting in
expansion of the received signal waveforms which resuit a lower received
frequency. This is referred to as a negative Doppldt. siippendix B derives the
Doppler shift frequency for a slowly fluctuating target. or Rnalysis purposes, the
Doppler shift used in the simulations was large enough do && able to see and
analyze the spectral changes taking place. This assumgptan exaggeration of the
real life situation in terms of the Doppler shift freqag size merely for analytical
purposes. The assumption entails frequency shifting anfileaptency scaling for the

modeling of the Doppler signal.
5.2 Doppler shift model signal modeling

A Doppler signal can be modeled using frequency translaanalysis in the time
domain. Therefore, in order to successfully model pdb signal in MatLab, we need
to fully understand the frequency translation or frequeshifting theorem [3].
Therefore, the next part of this section illustreates frequency translation theorem in
detail. The Doppler signal in our case is assumed\e haiigher frequency than the
original direct path signal and hence the transmtiet receiver are assumed to be
approaching each other. This part of the study aims t@eonsate for Doppler shift at
RF and compare and at QBB so as to show that it islgqadsible to compensate for
Doppler shift at quadrature baseband as it is done at RE.RFhand QBB theoretical
analysis are given in the following sections of thaptbr.

5.3 Theoretical analysis:- Doppler shift compensation &RF

Let x4 represent the direct path signal. The Doppler shifegsion of the signal thus is

given as
Xgp = )(dei("dt (5.1)
It must be noted that the received signal must bear@hlhence, the resulting complex

signal from the multiplication above is transformedtreal signal. The Doppler
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shifted signal is given below as

Xsor = Re{[ %] piLred (5.2)

At the receiving end, it is required that the frequertaft saused by the Doppler effect
is compensated for by restoring the frequency spectrumstoriginal form. The
Doppler shift compensation analysis structure was illtesirdoy means of a flow
diagram in Chapter 2. Having modeled the Doppler shifted signaithus required to
compensate for the Doppler shift using an appropriate compens@onsidering the
generation of the doppler signal model, it is seenrthdtiplication with e'“* shifts the
direct path signal spectrum up lay and so the compensator must be able to shift back
the frequency spectrum of the received sighal by the sanaeint so as to return the
original frequency characteristics of the transmittgphad before the doppler effect
occurred.

Let h = €' represent the Doppler shift channel amdthe compensator transfer
function both being in the time domain. It will be sékat in order to compensate for
the Doppler shift, the compensator has to undo the eféédtee Doppler shift channel
on the direct path signal and therefore, the compengatt out to be the inverse of the

Doppler shift channel. Thus we have:

X = REX D] (5.3)

Let x4prc  represent the Doppler shift compensated received sigdddl srelated td

by the following expression;

h=h™=1/h (5.4)
Or

h =el! (5.5)
Having formulated the compensator, we have our Doppler shifipensated signal

given as

Xspre = Xapr e (5.6)
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Therefore, the compensated signal is the output of thkiphrcation between the
received Doppler shifted signal and the compensatoand it is seen that the
compensation takes place in the time domain. At thgestiae resulting signal is still
complex and hence the need to convert it to a reabkigy filtering the higher
frequency component and taking the real part as was idotlee generation of the

doppler shift signal. This is given below as

X = Re{[ Xyl firedt 5.7

At this stage, the compensated signal is ready for delaton so as to retrieve the
message signal. QAM/FM demodulation is then carried msdulting in the
compensated demodulated output. The figure below summaitieegheoretical

analysis discussed above.

Xdprc

Direct path signal H o
| (29, 3 G » Filter + ifft+ real part Xdpl’ »| Compensator ‘he >

glat Ve

Filter+ ifft+ Real Part

Xdp XI’C

A
To demodulator

Figure 5.2: Theoretical analysis general structure

The generation of the Doppler shift signal model rem#iessame as in the previous
chapter with the difference being the compensation procdd$se aim of the study
entails compensating at quadrature baseband and hencdlwestify its possibility
and compare the results with those from the RF psosesas to show the accuracy of

the compensation process.
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5.4 Theoretical analysis:- Doppler shift compensation &)BB

The received signatqpr is mixed down at the receiver giving us the received down-

mixed signal given as
— N2
Xdprdm - Xdpre (58)

wherexgoramdenotes the Doppler received down-mixed signal. The dowaehsignal
is then lowpass filtered resulting in the QBB sigk@lypb

Xdprqbb = [Xdprdn] LPF (59)

The Doppler QBB Doppler compensation process does allowldavnsampling to be
incorporated and in this case it is implemented at this stage downsampling is
implemented as done in previous analysis. This should lggbal done for the

compensator.

Xiprqobas = XaprgudL - N2 €N and h =h(1: n: end (5.10)

whereXqprgobastepresents the quadrature baseband Doppler shifted dowredasigpial
andhcgs the downsampled compensator. The compensation then prasegiaswn in

below:

ch = )%prqbbdshcd: (511)

It will be interesting to note that the same compensased at RF is used at QBB.
However, QBB provides even further advantages in thaetls no need to carry out
any further filtering unlike in the RF process so asaeehour real demodulated output
signals. This will be seen from the simulation HessuThis is in itself a big advantage
of the QBB Doppler shift compensation process becausentimber of processing
stages will reduce which in turn reflects in reduced castscomplexity of equipment.

Demodulation then follows resulting in the demodulateighats.
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The figure below summarizes the theoretical analys®wving the expected signals at
different points of the analysis.

Direct path signal X
P 94> Doppler Channel 'H' > LPF+ifft+Real Xdpr X dprdm

g ( %Q
clat

e LPF+ifft+

Xdp downsampling
Xdprqbbds
ch X
To QBB demodulator

hcds

Downsampling of
compensator

i

Compensator

He'
e! Wyt

Figure 5.3: Theoretical analysis block diagram for compensation at QBB. The signal

outputs at various points of the analysis are given.
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5.5 Simulation Results:- QAM RF compensation

The figures below show the simulation results obthifer the RF Doppler shift

compensation. The sampling frequency used was 4000Hz andriemaf samples

was 1024.

eived doppler shift

Rec

signal
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100

0

samples

(b)

compensated demodulated signal

demodulated output xrcdl

¥

demodulated output xrcd2
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300
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samples
(d)
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(©

Figure 5.4. (a) QAM direct path signal (b) QAM doppler shifted signa(c)

Compensated output sign@) Demodulated compensated output signal.

From the plots given above, it is seen in figure 5.4ika} the Doppler shift caused a

The compensatiocess retrieved the

change in the received signal amplitude.

original direct path signal from the Doppler shiftednaigas shown in figure 5.4(c).

The demodulation then followed resulting in the demodulatégutsl denoted agcq1

andX.cq2 in Figure 5.4(d). The proof of an accurate compensaticzepsovas given by

the difference plot which according to Figure 5.5 (b)lmnriext page shows a
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successful and accurate compensation process.
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Figure 5.5: (a) Direct path demodulated output:- the inphase and quadrature phase

demodulated outputs are denoted as xd1 and xd2 respeciielRpifference plot:-

shows that the compensation was with minimal error.

Spectral analysis:- RF

The spectral analysis of the frequency spectral chatgjesg place in the whole

compensation process is given and discussed in this e ohapter. Figures 5.6 (a),

and (b) below represent the spectral changes from thé S}gnal down to the Doppler

shifted signal model.
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Figure 5.6: (a) QAM direct path signal spectru(h) Frequency shifted QAM signal
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The direct path signal was multiplied wigd“* which shifted the spectrum up ly
which represents the Doppler shift. However, it is gbanthis is not a true model of a
typical Doppler spectrum because the spectrum is reffiecti a complex signal and
therefore, we have to transform this spectrum inteah Doppler shift signal spectrum.
This is done by filtering out the spectral component sitatat 3100Hz and then taking
the real part of the remaining component so that thveyteally sit at 1100Hz and
2900Hz so as to have a real Doppler shifted signal spectriire Doppler shift
frequency has been exaggerated for analytical purposes $0 be able to see the
spectral changes clearly. In reality, this shift is mamaller but significant enough to
cause reasonable signal distortions. Figure 5.7(a) belostrdtes the filtered part of
our signal spectrum which leaves the component at 1100Hza&imd) the real part
results in the symmetrical spectrum shown in Figureb® sibich is reflective of a true
Doppler shifted signal model.

filtered magnitude spectrum of filtered for doppler shift signal magnitude spectrum of doppler shift signal
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Figure 5.7: Spectral plotga) Filtered signal spectrum:- this is done to create a spectral
representation of a real doppler shifted sigr{). Doppler shift signal spectruaithe
Doppler shifted signal spectrum is even and hence it is now represeraét real
Doppler shifted signal.

Having seen the Doppler shifted signal spectrum the apaliguses on the
compensation and aims to verify whether the origimaled spectrum is retained by the
compensation process. The theoretical analysis diciexfile compensation process

and the graphical simulation results do verify the teBcal expectations. In Figure
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5.8(a) below, it is seen that that the compensator neanagsuccessfully shift down the
lower frequency component of the Doppler shifted signatspm to 1000Hz with the
higher frequency component moving down to 2800Hz. At this stagehave a
complex signal output. Therefore, the filtering psscthat occurred earlier is repeated
as this stage so as to have a real compensated sigimit on readiness for the
demodulation process. Thus the 2800Hz component was filteteekshown in Figure
5.8(b) and taking the real part results in the Doppldt sbmpensated signal spectrum
in Figure 5.8(c). This is a real signal spectrum due teyilsmetrical properties. A
comparison between the compensated signal spectrum agidabrsignal spectrum
shows that the original spectrum was restored. Thisdunterifies the accuracy of the
compensation process carried out and the analysis in theseetion looks at the
guadrature baseband way of compensating for Doppler shfsignal.
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Figure 5.8 Magnitude spectra plot®) Compensated complex signal spectruip)
Filtered compensated signal spectr@ghReal compensated signal spectruinis seen

that the original spectrum has been restored
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5.6 Simulation Results:- QAM QBB compensation

The simulation analysis results are given and discussknlv. The same parameters
used for the RF simulation were used for the QBB sitimurdoo.

received QAM modulated QBB signal compensated QBB signal
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Figure 5.9: Simulation plots(a) QBB received signgb) Compensated QBB sign@)
compensatedemodulated outpu{d) Direct path demodulated output

Figure 5.9(a) represents the quadrature baseband versiba céaeived signal. The
signal was then downsampled by a factor of ‘2’ resglima 2-fold sample reduction
from 1024 to 512. The compensator is downsampled to soaaetuately compensate
for the Doppler shift in the downsampled QBB receivegnai Thus, sample
processing is reduced for the QBB case and this could translaa much faster
operating speed or less operating time as will be shavthe concluding part of the

chapter. The compensation then followed resultingerctimpensated QBB signal in
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Figure 5.9(b) on the previous page. At this stage, it ésasting to note that there is no
need for any filtering so as to come up with a real dopgidt compensated signal
spectrum as was done under the RF Doppler compensatilysianscause the signal
sits at QBB and QBB demodulation is able to retrieve dhiginal input from the
complex QBB signal spectrum. This further entails ceduprocessing under this the
QBB and hence presents a significant advantage of ieshod of Doppler
compensation. Below is shown the difference plotultegy from a numerical
comparison between the compensated demodulated outpugure .9 (c) and the
direct path demodulated output. It is seen that ag@nzampensation was a success.

Difference/error plot
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Figure 5.10: Difference plot: shows the numerical difference between thet-dpath

demodulated signal and the compensated demodulated output.

Spectral analysis:- QBB

Figure 5.11 on the next page illustrates the spectral chaakjeg place for under the
QBB analysis process. Figure 5.11(a) represents the Dogipfeed signal spectrum.
Figure 5.11(b) shows the spectral components shifted down taedown-mixing
process and converted to QBB by lowpass filtering regultinthe spectrum shown in
Figure 5.11(c). It is seen that the number of samplesedlased by a factor of 2 due to
the reduction in the sampling rate by a similar factdfigure 5.11(d) shows the
compensated signal spectrum plotted in terms of the samplas to show the sample
reduction that took place. It is also seen from the éidhat the Doppler shift has been
eliminated hence restoring the original spectrum whialois at quadrature baseband

which provides evidence of a successful compensationgsoce
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magnitude spectrum of QAM recieved down-mixed signal

magnitude spectrum of doppler shift signal
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Figure 5.11: Magnitude spectrum dB) Doppler shifted signalb) Down-mixed signal

(c) QBB downsampled signal: the downsampled signal results in an equal reduction i

the number of samples to 5@ Compensated signal at QBB.

The Doppler shift compensation analysis continuesenfollowing section but in this

The Doppler

case, the modulation scheme being analyzed is Frequeodylation.

shift compensation will be analyzed for the RF andBQ@Bses.
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5.7 Simulation results:-FM Doppler shift compensation aRF

The simulation results are given and discussed beldve. sampling frequency was
4000Hz and the number of samples was 1024.
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Figure 5.12: (a)Direct path demodulated FM signd) Compensated output signal
the successful compensation process does manage to eliminate the Dofiéfiests
and restores the original modulated sign@l\. Difference/error plot.

The simulation results given above show that thepsorsation was successful since the
original direct path signal was retrieved. The figuredle next page show the direct-
path demodulated output and difference plot to further pittvee accuracy of the

compensation process.
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Therefore, it can be concluded from the differencet phat the compensation was

successful with the error being minimal.

5.8 Simulation results:-FM Doppler shift compensation QBB

The figure below illustrates the graphical simulatiesuits of the Doppler shift
compensation analysis. The simulation input paramegenain the same as those used
in the RF simulation. The compensation process at @88already outlined under the
QAM QBB case and therefore, referring back does suffiteexplaining the
compensation process under the current FM QBB analysis.
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Figure 5.14: Simulation plotga) QBB received doppler shifted signd) Compensated
QBB signal(c) Compensated demodulated out@)tDirect-path demodulated output
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It can be seen that there is a clear contrast leetwiee QBB Doppler shifted received
signal in Figure 5.14(a) and the compensated QBB signal ineFigdd(b) and this
shows the severe effects of the Doppler shift. As dom#ger the QAM analysis,
downsampling was carried out and the compensated demodalatedlirect path
demodulated outputs both show a 2-fold reduction in the nuofbgmples (i.e from
1024 to 512). The figure below shows the difference plowden the two outputs
given in Figure 5.14(c) and (d) on the previous page. keas shat the compensation
process at quadrature baseband has been a success andtivates the purpose of the
study in that it has been seen that compensation atiQB&ried out successfully with
less sample processing and this will be shown in thelgsion of the chapter.
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Figure 5.15: Difference/error plot.

The following section of the chapter summarises theefits observed from the
simulations carried out at RF and QBB.

5.9 Benefits of compensating for Doppler shift at QBB

The core advantage of compensating at QBB remainsagsged earlier and therefore
as was done under multipath and beamforming, the simulgtiocessing time and

amount of processing, ratio at RF and QBB are compared $o see the discrepancy
between the theoretical prediction and actual sinaratesults. The table on the next

page summarize amount of sample processing at RF and@Bie QAM simulation.
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It should be noted that the FM simulation sample pingsevaluation did face the

same constraints faced under the beamforming and mulapatysis.

Simulation Stages Radio Frequency | Quadrature baseband
Mixing down + QBB + N+NLogN
Down sampling N+ NLogN+kN
_ N kN
Compensation process
N+ 2NLogN kN
_ 2N+NLogpN+N
Demodulation
NLog:N+N
Total sample processing 6N+4NLbOY 2N+3kN+2NLogN
Total sample processing
47104 24064
for N=1024 and k=1/2

Table 5.1: Sample processing for QAM at RF and QBB. This was derived froepa st
by-step representation of the processing done at RF and QBB by the MatLab

simulations in terms oN andk.

From the table above it is seen that there wasples=ssing at QBB than at RF which
is expected to verify the simulation runtime measumedMiatLab by appropriate
commands. The real life QBB method in this particdase reduces the number of
calculations to 3kN which has a numerical value of 1536e ratio of the number of

calculations at RF to those at QBB is thus given as:

N
o _47104_, 13
Ny 1536

Here we see a much bigger increase in the ratio whichuabeskthat operating at QBB
does indeed result in a reduction in the number of opesativhich implies reduced
amount of processing and reduced processing time. It shoethjppeasised again that
this is just but a small picture of the real world siaatwhere millions of samples are
processed in much bigger and complex systems but like evleey study, we aim to
show that indeed, the model simulations do give anhhango
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the actual real life situation. The table below swamses the results obtained in terms
of simulation time and sample processing. As was eftecaethin the previous analysis,
the simulation runtime ratio and number of calculatior@s done for the QAM case
only whose results are given in the table below. RerRM case, despite the limitation

faced, it was still seen from the simulation runtimat the QBB processing was faster.

RF (tr) |QBB(tgob)| tr/tqup Nt Ngbo | Nri/Ngbo

Doppler shift Number of
compensation calculations

1. QAM 0.00119 | 0.00067 1.92 47104 24064 1.9

Time in seconds Ratio Ratio

Oy

2 EM 0.005664 | 0.005056 1.12 - - -

Table 5.2: Simulation processing time and sample processing ratio summary

The results show that there was a small discrepdabput 2.1%) between the
simulation runtime ratio and the sample processing rasiused by the computer
processing time which had a small variance each timesithelations were run. The
programs are almost instant in terms of the simulationtime and hence the

significantly small value of the runtime values giverthe table.

5.10 Conclusion

The chapter introduced the compensation process and eetibabanalysis of the
compensation process was given. It was seen thétténmg process was needed both
during the generation stage of the doppler shift signaledsas at the compensation
stage so as to compensate for the errors introduced dtheiggeneration and
compensation stages. It thus suffices to say thatampensation was successful as can
be seen from the difference plots.  The simulaggocessing time and sample
processing also showed that it is more beneficial topemsate for Doppler shift at
QBB as compared to the traditional RF method. The teduen the amount of
processing is much more for the real life quadratureldaagbcase and this translates to
reduced processing time too. Therefore, it can be sedelgluded that the QBB way of
compensating results in less processor load and hengadeessing time elapses.
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Chapter 6

Multiple compensation- simulation results

This chapter now considers a scenario where the esteignal comprises multiple
input signals. This is a case where we have a simgénaa with multiple inputs but
with a single output. The compensation is expected etocdrried out at the
simultaneously for both multipath and Doppler shift d@nel obtained results will be
discussed and analyzed. Is it possible to compensateuttipath and Doppler shift at
the same time? The chapter should answer this quedtiomill be interesting to see
how the simulation runtimes and amount of processitigrdor the RF and QBB cases.

6.1 Signal modelling

The received signal for the case at hand comprisesliibe/ing signals:

(i) Direct path

(ii) Multipath

(iif) Doppler shift

(iv) Multipath + Doppler shifted signal

The received signal is thus the sum of these 4 sigidis. figure below shows a model

for the analysis under discussion in this chapter.

multipath signal

direct path

doppler shifted
signal ——————

multipath
+doppler shifted
signal

TTTTT

Figure 6.1: Multiple Signal reception model
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In this part of the study, it is required to compensateife multipath and Doppler shift
at the same time. This presents a very interestingcantplex scenario. However,
simulating the received signal does not present any wltffic The compensation
process is required to undo the changes brought about byuitipatth and Doppler
shifts. Taking the direct path received sigralas the reference, the multipath and
Doppler shift signals should be easily simulated as was @do the previous analysis.
In order to generate a signal that has both multipath Doppler shift effect, we can
generate the delayed signal first and then introducepplBoshift to the signal or vice-
versa. The question arises as to what is the cowagtof simulating the combined
multipath and Doppler shifted signal. The correct proced@isimulating the required
multipath and Doppler shifted signal is to generate thayddl signal first followed by
subjecting it to a Doppler shift [26]. Coming to the caskamd, a theoretical analysis
of the problem is given which will form the basis for glating the compensation
process in MatLab. Whereas in the multipath and Doppldr ahalysis, we had the
compensator being the inverse of the channel transferdanete will find out whether
reciprocity exists between the channel and the comperfeatihis case. It is required
that the whole analysis be theoretically and matheally verified so as to see the
processing taking place in terms of theoretical and emadgitical models. Therefore, the
theory will derive expressions for the four input signadéfore going into the actual
analysis process. The multipath and Doppler shifted lsigma generated as outlined in
the previous chapters. The received signal in the timeanhogiven as

The equation above written in the frequency domain isrgbelow as

We intend to compensate for the multipath and Dopplercesfso as to retrieve the
direct path signal from the received signal. Theaddigath is related to the received
signal by the following expression:

X, =X, H, =X (6.3)

whereX; denotes the compensated signal which is the direct gl gself.
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The figure below illustrates the received signal germnatiructure model.

Hmp

direct path signal

1 multipath signal

g %Cj ifft+Real part 3 ™

- ][41
direct path (e ‘ )
signal

Xr
(received signal)

: doppler shifted signal

(X)) fisFier it | -

T +Real part

multipath signal

— it Hmp

multipath+doppler shifted
signal

Hdp

Figure 6.2: Received signal generation structure.

For the analysis, it was seen that the receivedasiyd turn out to be complicated and
not linear because and the direct path signal couldbaoéxtracted from the final
equation hence providing the main hindrance to compensating ftifpatin and
Doppler shift at the same time. The reason for thitat the received signal spectrum
does not allow for isolation of the multipath and Doppt®mponents from the
spectrum due to the Doppler shift frequency being less tlesignal bandwidth. It is
seen that the received signal does show propertiesnoffirear time-invariancy [18, 28]

as illustrated mathematically below.

Neither
Xy =X *
nor (6.4)
Xy = X, .Hy

Thus a mathematical analysis did fail to isolxtethrough the use of an effective

compensator transfer function denotedHhs“. It is however possible to compensate
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using simulation provided the bandwidth is less than the dopghift which is

considered in the following section under what will benga the ‘special case’.

6.2 Special Case

A special case that will be discussed is that of congigngswhen the Doppler shift is
much larger than the signal bandwidth. This means tle&etis a clear frequency
separation between the direct path, multipath and cowchbimgltipath and Doppler
shifted signal. Consider the figure below showing loaié of the spectra for the special
case being discussed.

\

i Compensate for multipath
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Figure 6.3: Spectra of input signals for special case

From the figure above, it is seen that in a case wither®oppler shift is large enough,
it is possible to carry out compensation for the rpidtinput signal case through the
use of filtering. This entails that the filter elimiratthe Doppler signals and the
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combined multipath and Doppler shifted signals leaving thitipath and direct path
signal from which the direct path signal can be retdebecause the simulation now
reduces to a multipath compensation case which wasduhatteady under multipath
compensation. The main condition applied to the edbeee is that the signal band
width ought to be less than the Doppler shift ¢&> B). The filter leaves us with the
direct and multipath signal and therefore, the requiieett path signal can eventually
be extracted using multipath compensation. The samaabpase scenario would
apply when the Doppler shift is much lower than the baditwof the signal.
Therefore, it suffices to say that philosophical waysarfying out compensation can
be deduced but with specific conditions applied in each case

6.3 Simulation Results

Figure 6.4 below shows the combined multipath and Dopplealswith its spectrum.
This signal is a time and Doppler shifted version ofdhect path signal. The signal
was delayed in time first and then Doppler shifted. Tigead brought about the
complexity of the compensation process and thus itneagossible to come up with a
combined transfer function from whicty would be extracted from the received signal.
The signal and its magnitude spectrum are shown ingheefibelow.

multipath+doppler signal magnitude spectrum of multipath + doppler signal
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Figure 6.4: (a)Multipath and Doppler shifted signgb) Magnitude spectrum of signal.
For the above results, the sampling frequency £@30Hzand the carrier frequency of
1000Hz The Doppler shift used wad®Hz (large merely for analysis purpoges
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The magnitude spectrum of the signal shows that theistsea Doppler shift and
multipath component in the signal. One of the chglsnat the compensation stage
was in getting the correct domain in which the compensatiost take place. Under
multipath, the compensation took place in the frequency domhilst for Doppler
shift, we compensated in the time domain. Now this pasgents a situation where we
had both present and hence this in itself presented a prajolem in trying to carry out
the compensation process. The received signal argpetstrum are shown in the
figure below. As was mentioned earlier, if the Dopplaft were much larger than the
bandwidth, a possibility for compensation would exist #nsl is considered under the
‘special case’ later in the chapter.

received signal magnitude spectrum of received signal
T T T T T
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magnitude

bk —— ==+ — —
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Figure 6.5: (a)Received signgb) Magnitude spectrum of received signal.

At this point, the limitation facing the compensation @ comes in. From the
simulation results, it was seen that the Doppler comapts aliased with the multipath
components and hence a successful compensation wasssdil@. The mathematical
analysis stalemate faced does halt the compensatioagsrat this stage. However, as
was discussed under the special case, the compensapmssible for the simulation
despite the barrier faced from the theoretical amalgsd this is on condition that the
bandwidth-doppler shift ratio is small or less than 1.
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6.4 Special Case:— Simulation results for Radio frequency

Figure 6.6(a) below shows the received signal having alfatwe input signals added

together and the resulting spectrum shown in (b). Haseciear to see the separation
between the multipath, direct path, Doppler and muhipahd Doppler spectral

components. The Doppler shift used was exaggerated to 500Hz wiwsclarge enough

for analytical purposes so as to clearly see the diparna the spectral components.
Therefore, it is intended to eliminate the Doppler andtipath components of the

spectrum and hence the need to filter out the unwanted part.

magnitude spectrum of received signal

,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,

——————————————————————————————————

——————————————————————————————————

Figure 6.6: (a)Received signdlb) Magnitude spectrum of received signal.

The figures on the next page show the filtered spectruhtr@ncompensated spectrum
resulting from the compensation process. Figure 6sh@pys the filtered spectrum of

the received signal. It is seen that the Doppleresurdf the spectrum has been filtered
out together with the combined multipath and Doppler shdtgdal components. This

leaves the multipath and direct path components fronciwthie multipath component

was eliminated by the carrying out multipath compensasonas done in Chapter 4.
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magnitude spectrum of received signal after filtering magnitude spectrum of compensated signal
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Figure 6.7: Spectral plotof :(a) Filtered received signalb) Compensated signal

The figures on the next page show the resulting compehdataeodulated outpubé.q:
andx.cq2 and the difference plot which is a plot of the nuc@rdifference between the
compensated demodulated output and the direct-path demodulfpeitsry; andxXgs.
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Figure 6.8: (a) Compensated received sign@) Compensated demodulated outputs

(c) Direct-path demodulated outputd) Difference plot.

signal.

The error/difference plot show shows a small ermod @& evident of a successful

compensation process carried out under the special caséheréfore suffices to

conclude that it is possible to compensate simultanedaslynultipath and Doppler

shift provided the Doppler shift is greater than the sigpaaldwidth. The analysis now

moves to quadrature baseband so as to see whether ¢lz# spge is applicable at QBB

too.

6.5 Special Case — Simulation results for Quadrature baseta

The figures on the next page show the plots resulting thensimulation carried out at

QBB.
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Figure 6.9: Simulation results(a) Down-mixed received signéb) Down-mixed signal

spectrum(c) QBB received signgld) QBB received signal spectruf@) Compensated

QBB signal(f) Compensated downsampled QBB signal spectrum. The sub-sampling

factor used was 2.
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The plots in the figures on the previous page show thelaion results for the QBB
compensation analysis. As mentioned earlier, downsamphsgcarried out and hence
the sample reduction from 1024 to 512 due to the downsampliray Hcp'.

The spectral changes are also shown and it s the¢ the uncompensated QBB
spectrum has the Doppler components filtered out andstsgan that the same filter
used in achieving QBB was used to filter out the Doppler coemts of the spectrum.
The signal now sits at QBB and compensation wasethout at this stage. The real
and imaginary parts were then taken to give the demodudaiput signaly; andy;

shown below.
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Figure 6.10: (a)Compensated demodulated outgh).Difference plot.

The difference plot above whereh and xd, are the direct-path demodulated outputs
shows that the compensation was successful withrtbe leaving a maximum value of

approximately 3%.

6.6 Benefits of Multiple compensation at QBB

The sample processing and simulation runtime reswdta@rv compared for the RF and
QBB QAM simulation for the multiple input signal caseAs mentioned earlier, the
comparison starts from the received signal stage thrtheggbompensation and down to
the demodulation. The tables on the next page sumnthezeample processing and

simulation runtime at RF and QBB.
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Simulation Stages Radio Frequency | Quadrature baseband
Mixing down + QBB + N + NLogN
Down sampling 2KkN + KNLogkN
NLog:N kN + 2kNLogkN+2kN
_ N+ NLogN kN + 2kNLogkN
Compensation process
N kN + 2kNLogkN +
kN +2 kNLogkN
2NLogpN+2N
Demodulation
2NLogpN
| 4N+ 6NLogN N+8kN+NLogN+
Total sample processing
9kNLog:kN
Total sample processing
67584 56832
for N=1024 and k=1/2
Table 6.1:Sample processing at RF and QBB.
RF (t) |QBB(tgon)| triftgon Nt Ngob | Nr/Ngon
MIMO . : Number of :
compensation Time in seconds Ratio e Ratio
QAM 0.00122 | 0.00099  1.23 67584 56832 1.19

Table 6.2: Simulation runtime and sample processing ratio summa@he discrepancy
between the sample processing ratio and simulation runtime is 3.25% which

reasonable enough given the variance in the computer processing time.

The results interms of the simulation runtime andnber of calculations, we see a
significant reduction in the ratios for the multiplengpensation case. From the Table
6.1 it can be seen that despite the downsampling prodéss, number of
calculation/operation taking place at QBB is a Inotl @s such the expected advantage
interms of reduced number of calculations and reduced aimlruntime is not as
large as in the previous analysis. The analogue QBB oadeas a ratio output equal
to:
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DIO9%_ 1 48 (6.5)

It was seen that the analogue QBB case still provghdtslimore advantageous than the
digital QBB case. However, we still saw a reductionterms of the ratio for the
analogue case as compared to the values obtained ipréh@®us analysis. The

simulation runtime should follow a similar trend.

6.7 Conclusion

The study carried out showed that compensating for padltti and Doppler shift

simultaneously a complicated and tedious task for cakese the Doppler shift is less
than the signal bandwidth. The compensation was henvepossible for a smaller
bandwidth- doppler shift ratio and its is true to say thatdmaller the ratio, the better
the compensation due to the easier filtering out of th@p2r components. This
presents a case where the simulation results had telied upon despite the stalled
mathematical analysis. The study considered QAM orlyabse the same limitations
faced under QAM would be encountered under FM. It tbeeefsuffices to say that
compensating for multipath, Doppler shift simultaneousindeeflective of a MIMO

system where we have multiple signals inputs anaiglesputput is possible but under
certain conditions. An area of application is in liate digital signal processing
techniques which improves the flexibility of software defi radio [23]. The benefits
for working at QBB here were seen to be less pronoufuretihis case as compared to
the previous analysis carried out but still, QBB does hhgeupper hand. Thus it is
seen that indeed the processing load at QBB was leshignequally translated to a

reduction in the processing time.
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Chapter 7

Matched Filter Detection

This part of the overall study ventures into the digstghal arena by analyzing a simple
chirp signal where a positive chirp represents a digitahhd its absence represents a
digital ‘0’. The analysis carried out involved carryiogt matched filter detection of
the chirp signal at RF and QBB for different cases wimchude multipath, Doppler
shift and a combination of the two as was done in theique study which involved
compensating for these effects. The study firstly mesunoiseless channels and
considers one case involving matched filter detection moigy channel. The core
purpose of the study remains investigating carrying variousalsigmocessing
techniques at QBB with the main advantage of workingBB Qeing the low operating

frequencies involved.

7.1 Matched Filter Detection

Before going down to the analysis results, it is neogst® get a brief background of
matched filter detection so as to understand the regultitputs from the simulations
carried out. Matched filtering is a process known tahme optimum linear filter for
detecting a known signal in random noise [29]. The D&SPansible for the processing
of signals has a copy of the signal it should detdticthen time reverses the signal for
detection and cross-correlates it with the received 5j§8& A detailed derivation of
the matched detector is given in Appendix B.

The study looked at matched filter detection forseless transmissions before
looking at the real life situation where noise isetdr that affects the detection process.
The study looked at the direct path signal with no matt or Doppler shift effects and
then subsequent simulations were carried out where rathtgnd Doppler shift were
introduced. As mentioned earlier the signal used inithalations was a chirp signal

whose generation is discussed in the next section.
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7.2 Matched filter detection:- noiseless channels

The analysis was firstly carried out at RF and thioived analyzing the direct path,
multipath, Doppler shift and the combined multipath and Dopgieft cases. The
results will then be compared with there correspondesglts achieved at QBB so as to
come up with a conclusion about investigating the resbligined at QBB coupled with
the already mentioned benefits of working at QBB.

7.2.1 Theoretical analysis:- RF

Consider the block diagram below which illustrates thelysis process carried out at
RF.

a Matched filter
Emm—— detector I A
h

Figure 7.1: RF chirp signal matched filter detection

The input chirp signal is fed into a matched filter whogtput is a convolution between
the received signal and its time reversed version. hestchirp input beg .  Matlab
uses an inbuilt command to execute the time reversheathirp input Xy .

h= flipr(x,) (7.1)

The matched filter then convolves the chirp inputwith h given as

y=con( x, h (7.2)

The matched filter output has its peak value=dt. The theoretical analysis for the
QBB simulations is given in the next section and theusation results which follow in
subsequent sections of the chapter will compare the sexuthhined at RF and QBB for

the multipath, Doppler shift and the combined multipath aogdler shift cases.
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7.2.2 Theoretical analysis QBB

The sole purpose of the study is to investigate the plitgsibf carrying out certain
signal processing techniques at quadrature baseband and héncequired to outline
the theory used to carryout the simulations at QBB.

Consider the figure below

Xd Matched filter'h’
X4 gbb detector y
LPF 1 at -
QBB

I downsampling takes place

; here
e—Ja&t

Figure 7.2: QBB chirp signal matched filter detection.

From the figure above, it is seen that the chirp is dhikewn and lowpass filtered to
guadrature baseband before being fed into the matched filieh Was a time-reversed
copy of the QBB input chirp. The output does have its pe&kTags in the previous
RF analysis. The simulation results will give a maletailed comparison of the

graphical results obtained from the RF and QBB simulation
O Xy =| X €4 | (7.3)

The matched filter output should show a perfect matclurscwhen the QBB chirp
input and its time-reversed copy make a complete ovatlgpl resulting in the large
spike at that point. A piece of Matlab code usedntplement the matched filter

detection at QBB is given below:

h=conj (fliplr((xgbb))); % mat ched filter at (BB
y=real (conv(xqgbb, h)); % t akes place at (BB
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7.3 MatLab Simulation Results RF and QBB

This paragraph gives the simulation results for theyamatarried out at RF and QBB
for the direct path, multipath, Doppler shift and combinmadtipath and Doppler shift
cases. The results at RF and QBB are then compadetisoussed.

7.3.1 RF:—Direct path

The figure below shows the simulation results obtaioedhe direct path analysis at
RF.
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Figure 7.3: (@) Input chirp (b) Chirp signal magnitude spectrufe) Matched filter

output.

From the figure as explained under the theoretical aigaly is seen that the peak of the
matched filter output appearsta which in the current case due to the discrete
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domain being used, the poiftcorresponds to the sample point number n= 1024. The
matched filter output has a peak value of 5.12e4 at thig paoththis value was verified
mathematically. Ley(n) represent the matched filter output in the discdet®ain. As
mentioned earlier the convolution is a point-wise rplitation and integration which

in the discrete domain is represented by the followingatios.
N
y(m=> X K" (7.4)
n=1

Now for the current simulation, the input chkpvas sinusoidal having a peak value of
10 and the sampling frequenigybeing 1000Hz. Replacing the expressionfoy and
h(n) with the discrete domain versionsxgf) andh(t) and ignoring other parameters of
the chirp expect for the amplitude and signal fore(sine or cosine)

We have;

ym=3 XKD (7.5)

n=1

or

N=1024

y(n) = z (20sin[...]))(A0sin][...])* (7.6)

n=1

Note that the *' denotes the conjugate of tirae-reversedversion of the chirp. It is
seen that a product of the two inputs of Equatidghstimmed from n= 1 to N results in
a trigonometric expression given below which uppplgng a trigonometric identity
reduces to the Equation 7.8 below.

1024

y(n) = > 100sirf [....] (7.7)
or
1024 1 1 ]
y(n) = 2100(E ~~ cos 2[....] (7.8)

The absolute value of the matched filter outpus tteduces to:
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| y(n) F% (1024x 100 5.18 X (7.9)

Therefore, the output of the matched filter was airas has been verified numerically.
7.3.2 QBB:- Direct path

The analysis then moves down to quadrature basebancde wher matched filter
detection is now being implemented at QBB. The figushewn below are the
simulation results obtained from the QBB simulatidihe parameters of the input chirp

are the same as those used for the RF simulation.

magnitude spectrum of down-mixed chirp magnitude spectrum of QBB chirp
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Figure 7.4: Simulation plotga) Magnitude spectrum after down-mixin@) After
lowpass filtering and downsamplirig) QBB chirp (d) Matched filter output.
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The figures on the previous page show the conversion othiip to quadrature
baseband and the final matched filter detected outputrsiowigure 7.4(d). It is seen
that downsampling is done at QBB and this reduced thelsarop a factor of 4. Thus
the point-wise multiplication done by the matched fili@kes place on fewer samples
and hence the sample processing is expected to be leds shoigld translate to less
processing time. The maximum value of the matched fillgits to the 258 sample
point after the downsampling. This presents an advawotacgrying out matched filter
detection at QBB compared to doing so at RF.

7.4 RF:- Multipath

The study then looked at a scenario where it was nowrsstthat the transmission is
subjected to multipath effects. This part of the studglsvant in that when applied or
related to digital transmissions, we are looking at se a@here we have a bit stream
transmitted followed by its delayed version. Now in ttése, we are considering
matched filter detection and seeing how the matched biteéput can influence the
making of a correct decision during the detection proc&silarly, it is assumed for
analytical purposes that we have a noiseless tranemis3ihe parameters of the input
chirp used in this simulation remains the same as usetddrF direct path case and
this is for purposes of comparing the changes that are lirabght by the fact that we
now taking into consideration the multipath signal todh@ matched filter detection.
The figure below shows the block diagram for the muihipenalysis simulation. The
echo factor ‘k’ in the multipath signal is assumed teefeal to 1 for simplicity’s sake
in the analysis process.

direct path + multipath

signal
Chirp m x MF detector output
bt —
Z Matched filter detector

delayed chirp

Chpl kAt

Figure 7.5: Multipath RF simulation flow.
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The generation of the delayed version of the origofadp is done in the same way as
the delayed signals were generated under the previous studymuiipath
compensation. The figures below show the resultsddarom the multipath analysis
simulation.
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Figure 7.6: (a) Received multipath chirb) Magnitude spectrunfc) Matched filter

output

From Figure 7.6 (a) it is seen that the amplitude ofe¢lseived signal has increased and
the signal amplitude decreases as the frequency apprdd@d@dz. This is due to the
phase changes whose effects at higher frequenciesirethdtdecreased amplitude due
to the out-of-phase summations of the direct path anel dielayed signals taking place
as the frequency increases. A look at the magnituderspeatso shows a considerable
increase brought about by the multipath and hence itpisoted that the matched filter
output will follow suit and indeed it does so as showrrigure 7.6(c). This result
entails that there is increased signal strength adutut of the matched filter and this
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energy can be made use of in the detection process.

7.5 QBB:- multipath

The block diagram below illustrates the simulation fiftow the analysis carried out at
guadrature baseband. The input parameters remain the saoseddor the RF

simulation.

downsampling takes place
direct path + multipath here
signal

Chirp »| Matched filter detector | MF detector output

at QBB

LPF

-

Chir
_p» QBB signal

KAt

delayed chirp I

e—J@
Figure 7.7: QBB Matlab simulation flow.

The figure above shows that the received signal is doweemand then lowpass
filtered down to quadrature baseband before being fed iatm#tched filter which sits
at QBB enabling the detection process to take place &. QBe simulations results
resulting from this simulation are shown in the Figure (a)8 (b), (c) and (d) on the
next page. The downsampling reduced the sample pointanbyla factor of 4. The
peak value of the output remains the same as for thea&¥Feamntailing that it is equally
possible to carry out the matched filter detection at QB® wimilar results being

obtained. The advantages of this in terms of sampleepsing and simulation runtime
have been discussed earlier.

The spectral changes are notable as was seen undeF thealysis where it was
observed that there was an increase in the magnitutthe ofiagnitude spectrum which
eventually resulted in increased signal strength at theubof the matched filter and
the advantages brought about by this in terms of the dwmteptiocess in digitals
transmissions has been explained. Therefore, its@an from the results that we can
equally carry out matched filter detection at QBB frequesngist as it is done at RF.
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magnitude spectrum of down-mixed chirp magnitude spectrum of QBB chirp
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Figure 7.8: Simulation plots(a) Received signal magnitude spectr(lsh After down-

mixing and downsamplingc) After lowpass filteringdd) Matched filter output.

From Figure 7.8(d) it is seen that due to the downsamphegmiaximum output of the
matched filter now occurs at the Z56ample point. The peak value of the matched
filter output for the QBB case is the same as thaained at RF despite the sample
reduction brought about by the downsampling. Overall, itbtaconcluded for both the
RF and QBB cases that the multipath effects acteahance the signal detection of the
matched filter by increasing the signal strength and hessdting in increased signal
strength for the matched filter. Going by the ainthef study, it is seen that indeed we
were able to carry out the matched filter detectiomaket QBB frequencies and at the
same time at lower sampling rates brought about byutbeir sub-sampling that was

carried out.
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7.6 RF:-Doppler shift

The simulation moved on to look at the Doppler shift atenso as to analyze the
changes that take place in the matched filter output @tieetdoppler shifting effects.
The block diagram below illustrates the simulation flow

doppler shifted signal

Chir, l MF detector output
_p» Af ™ Matched filter detector —>p

Figure 7.9:RF simulation flow

The generation of the Doppler shifted version of thepckignal is done in the same
way as was done for the Doppler shift compensatiorysisalThe figures below show

the simulation results.

received Doppler shifted chimp signal magnitude spectrum of doppler shifted chirp
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Figure 7.10: Simulation plotga) Doppler shifted chirgb) Magnitude spectrum of MF

input signal(c) MF output
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The Doppler shifted chirp shown in Figure 7.10(a) shows slighations in amplitude
from the original chirp but with significant changes ie frequency which is seen to be
higher due to the positive Doppler shift introduced. Thimifeats itself in the
magnitude spectrum where it seen that there is an upward ishihe frequency
components. Looking at the matched filter output, sesn that the peak output of the
MF detector is only slightly affected, having a peak valuiapprox 5.12e4 which was
obtained for the direct path RF analysis. As dortbarprevious simulations, we move
down to quadrature baseband and find out if the scenanmebat QBB.

7.7 QBB:-Doppler shift

Consider the block diagram below showing the simulaimm &t QBB.

downsampling takes place
here

doppler shifted signal

Chi
P IAf J—»@—» LPE

Matched filter detector | MF detector output
at QBB

rye

QBB signal
Figure 7.11: QBB simulation flow diagram
By now, we are familiar with the conversion from RFQBB and hence the earlier
explanations given about the spectral changes in previcatedednalysis do suffice in

explaining the current situation. The figures on the mede show the simulation
results obtained at QBB.
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down-mixed doppler shifted signal spectrum before filtering
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Figure 7.12: Simulation plotga) Magnitude spectrum of down-mixed Doppler shifted
chirp (b) Magnitude spectrum of QBB chifp) QBB chirp(d) QBB Doppler shifted

signal.

From Figure 7.12(d) it is seen that the Doppler shift etbecthe maximum value of the
matched output is minimal. Therefore, it has been shoere that the matched filter
detection can take place at QBB and with the furthbrssumpling that takes place, it is
seen that the processing load reduced which should furtresldated to a reduction in

SIMULATION RBILTS

QBB doppler shifted signal spectrum
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the simulation processing time. This will be showa iater part of the chapter.
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7.8 Multiple signal reception:- Radio frequency

The block diagram below summarises the simulation ftawthe case at hand.

direct path
signal

A 4
[N

multipath + doppler shifted
signal

kAt > Af
Chirp /
—»

multipath signal
\ Received signal

Matched filter detector
(matched to received
signal)

matched filter output
>

A 4

A 4

kAt

A 4

Af

doppler shifted
signal

Figure 7.13: RF simulation flow It should be noted that the matched filter is matched

to the complex received signal comprising the four input signals summdgetoge

The analysis now considers a case of multiple sigeegption and investigates the
changes observed at the matched filter output dueetontlitiple signal input to the
matched filter. The same mode of generation of théipath and Doppler shifted

signal used for under the compensation analysis is ushd current analysis.
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magnitude spectrum of received signal
T T

received chirmp signal
T T

frequency(Hz)

@

x 10° matched filter output
T T T

R I L L L L I I I L L
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©
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Figure 7.14: Simulation result$éa) Received signal magnitude spectr{im Received
Multipath and Doppler shifted signgk) Matched filter output

The magnitude spectrum in Figure 7.14(a) shows the multipathDeppler shifted
components of the received signal. A glance at thetspe shows that it is a

combination of the two spectrums for the separate aralgsried out for multipath and

the Doppler shift. The matched filter output is thus etgx to have a larger output

peak signal strength due to the presence of more sigiise energies are utilised

which when added up gave a much stronger signal and thisady seen in Figure

7.14(c).
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7.9 Multiple signal reception:- Quadrature baseband

The figure below summarizes the simulation flow fog QBB analysis.

direct path
signal
> 1
Received QBB signal
multipath + doppler shifted | Received signal
signal
Matched filter detector
at QBB matched filter output
| : —»
» kAt Af LPF A (matched to received
i QBB signal)
Chirp
multipath signal downsarhpling is done
here
- kAt g
doppler shifted

signal

Figure 7.15: QBB simulation flow:- the figure above clearly shows the 4 input signal
paths up to the point of summation. The mixing down follows and lowpassnfaving
the process down to QBB and after downsampling the matched filtetioeteéakes

place.
As seen above, the procedure remains the same as pretvieus analysis with the

same signal parameters being used for the sake of caoiran effective comparison.
The figure on the next page show the simulation retultde QBB analysis.

117



CHAPTER 7 — MATCHED FILTER DETECTION: SIMULATION RBE3LTS
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Figure 7.16: Simulation resultga) Magnitude spectrum of down-mixed chily) QBB
magnitude spectrurft) MF detector output.

The magnitude spectrum in Figure 7.16(a) shows the directspattipath and Doppler
shift components of the received signal. The downsamgdicigr in this case was 2.
A further increase in the factor resulted in aliasing laewlce the need to limit the factor
to ‘2. The matched filter detection which takes plac®BB gives the output shown in
Figure 7.16 (d). From the resulting output, it is seen thgdub signal strength is more
than that for the individual direct-path, multipath @&wjppler shift cases and thus hence
the detection process is more enhanced for the muitipil¢ signal case. Indeed, it has
been shown that the matched filter detection could pd&kee at QBB at much lower
sampling rates. The comparison in terms of the amduptozessing for the RF and
QBB cases is given in a later part of the chapter.
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7.10 Matched filter detection:-Noisy channel

One common problem in signal processing is that of detgtite presence of a known
signal against a background of noise. The main applicabonmatched filtering
techniques is in the detection of known deterministicagyim a background of random
noise disturbances [4].

7.10.1 Matched Filter Detection- RF

The flow diagram below illustrates the analysis usedHe matched filter detection in a

noisy channel. It should be noted that the chirp géinereemains the same as for the

Chirp signal input

-
-4

noiseless cases.

y

Add White increase
Gaussian Noise noise level
in dBs

Matched Filter
Detection

Repeat Loop for
n times

y

4
Threshold
detector/decision
process

Y

< Store decision/result <

y

Simulation & Theoretical
probability of error
plotting

Figure 7.17:RF simulation flow diagram
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The Figure on the previous page represents a model useduiateira matched filter
detector in a noisy channel. The Gaussian noise [14s adjded to the input chirp and
fed to the matched filter detector which has a copyhefdriginal transmitted chirp.
The Gaussian noise generated has a normal distribuiibrawnean = 0 and a standard
deviation = 1. This is made possible by use of the Matbatntand randn.

This part of the study considered a noisy channel amdsitrequired to investigate the
matched filter output for detection in a Gaussian disted noise channel at RF and
QBB. Appendix B gives more detail about matched filter c&te in a noisy channel.
The study basically aims to investigate the possibditycarrying out matched filter
detection in a noisy channel at QBB and therefore,ggoito details of the matched
filter detection does not serve the main purpose of tindys The results from the
simulations carried out at RF and QBB are discussed ifatbe chapter. In this case,
the signal-to-noise ratio factor comes into play amdefore, the simulation needs to be
run several times in order to eventually come up withohadsility of error plot. In this
particular analysis, a positive chirp was generated arimitted in a noisy channel
before the matched filter receives the signal emavolvesit with a copy of the time
reversed original signal. A threshold detector at thiput of the matched filter carries
out the decision making processf the MF output is greater than zero, the decision is
‘1’ and if the output is less than zero, the decision is ‘Ol.he mathematical derivation
for the theoretical probability of error is given irppendix A. The loop was run 1e6
times in order to achieve the results shown in the gtapplots. It should therefore be
noted that the larger the number of runs, the bettemttehing between the simulation
probability of error and the theoretical one. Appendlialso gives the values for the
simulation and theoretical probability of error ob&infor the direct path case. The
noise level in the signal is increased and the loop rwrmigh again and hence the
matched filter detection process equally takes place tegiga MatLab however only
shows the last value of the loop. An extract of parthe MatLab code executing the

RF simulation flow illustrated in the previous figure igen on the next page.
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nch=1e7/sqrt (10.~(dB/ 10)); % 0i se power defined with respect
to varying dBs
I I I
for i=1:1:n
noi se=randn(1, N) *nch;
Xr=X + noi se; % recei ved signal
y=conv(xr, h);
p=y(1024);
if p>0,
deci sion(i)=1; %chirp is detected
el se
deci si on(i) =0; %chirp is not detected
end; end;

Proberr (dB)=1- (nnz(decision)/n); % cal cul ates the sinulated
probability of error.
Me5. 12e4;
Si gma=nch*sqrt (5. 12e4)
Theor =0.5*qrfc(m/(sqrt(2)*sigm)) % cal cul ates the theoreti cal
probability of error.

The decision is made at the point where y=1024 becausarti@isg frequency used is
1024 and hence N=1024. The complete MatLab script is cacdassed from the M-

Files on the CD in Appendix C. The code therefore shimasfor a noise power that
has its dB level changing and the simulation runs thrdwagh n=1 to n=1e6 and makes
a decision ntimes. This enables and error probabilitgdch dB level to be calculated
resulting in a probability of error plot. The in bulltatLab function ‘nnz’ gives the

number of non-zero values in a vector and hence is tasgi’e the number of ones
from the decision vector which when subtracted from gires the actual number of
zeros (errors). The next section of the chapter glvesimulation results.

7.10.2 Simulation results:- Radio Frequency.

The figures on the next page illustrate the results mdadlaform the simulation at RF.
The first figure shows the received signal for the \adtie of n which in our case was
1le6 implying that the loop was run 1e6 times. The matchedonvolves the original
signal with the received noisy signal and decision isneadly made based on the
matched filter output at N=1024. The matched filter ousatwn in Figure 7.18 (b) on
the next page represents the last value of the matahed dnd Figure 7.18(c)
represents the probability of error plots for both tieotetical and simulation analysis.
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received signal X 10 matched filter output

amplitude

i: BT R
|‘NI\M‘IH!‘<WJMIW H»JHI fffff
B 1'” I W! “ fffff

probahility of error
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Figure 7.18: Simulation results(a) Received noisy signal:- the last plot of the received
signal showshe signal engulfed in nois@) Final plot of matched filter output:-shows
that the last value of the matched filter output at t=T is less thamxpected value and
this due to noise which corresponds to the last plot of the recaiyeal svhich has a
high level of noise(c) Probability of error plots: the plots show that the simulation
probability of error does match with the calculated theoretical value

The simulation moves down to quadrature baseband whesedcnoisy signal now
sits at QBB and hence the matched filter detecti@xpected to take place at QBB too.
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7.10.3 Matched Filter Detection- QBB

The simulation flow diagram given below summarizes@BB analysis.

Chirp signal input

-t
-t

Y

increase
noise level in
dBs

Add White
Gaussian Noise

Down-mixing +lowpass
filtering

T R Downsampling
takes place here

A

Matched Filter
Detection at QBB

Repeat Loop for
n times

A

Threshold
detector/decision
process

A 4

< Store decision/result <

-t
-t

A

Simulation & Theoretical
probability of error
plotting

Figure 7.19:QBB simulation flow diagram.

The QBB simulation follows a similar looping processhe RF simulation except that
after the addition of the Gaussian noise, the signdérgoes conversion to quadrature
baseband facilitating for the matched filter detecpoocess to take place at QBB. This
is the sole purpose of the study and hence the simulatguits should verify the

possibility of working at quadrature baseband.
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7.10.4 Simulation results:- Quadrature baseband

QBB received chirp x 10° matched filter output
1B — 2 e N
I I I I I I I I I I
I I I I I I I I I I
Y e e e e e T et e el el
100k - -+ __ I I I I | I I I I I
I I I I [ I I I I I
] | O Ay A
| | | | | | I I | |
I I I I | I I I I I
50 - - - - | N | | | | | |
" 05F—+r—-rfH- T T it it | e Attt T | el it [
= I I I I I i I
g K o | | | | I | |
B j%]
2 o1 __ b 2 | 1 _ 1 I | | |
c S ] N | | | |
=) “ > | | | \ I I I ” I ,'
£ I I I | I I I I
= OS5 —=rl-=r -7/t~ il B ik Bl il
S0 -—--- | | | | | | | | | |
I I I I I I I I I I
T T T [ | N A B T
| I I I \ I I I | I
,,,,, I I I I I I I I I I
-100 I I I I I I I I I I
E ] e i A et Bt e i et el el
I I I I I I I I I I
I I I I I I I I I I
-150 2 I I b I b b I b I I
-150 ) 0 50 100 150 200 250 300 350 400 450 500
real axis time (sample point number)
a,
(@ (b)

prabability of erar

*  simulation pe ]

Thearetical pe

40 a0 B0 il il a0 1an

Figure 7.20: (a)QBB received chirp:-it is seen here that the signal is coxpdeing a
real and imaginary par{b) Matched filter output:- the last value of the matched filter
shows that its maximum value at the ®56ample point is above zero which amounts to
a decision ‘1’. However, the intermediate values are presentniitia simulation(c)
Probability of error plot:-the plots show that the simulated probabilityewwbr does
correspond with the theoretical probability of error entailing the corrgoeration of
the simulation. An increase in the number of runs would make the matthmaue

perfect.
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The two curves in Figure 7.20(c) on the previous page showrtimbility of error
plots for the simulation and the theoretical probgbdalculated. It can be concluded
that the Matched filter detection at QBB was succéssfd that further adjustments in
the parameters used can result in better results. sdleepurpose of this part of the
study has thus been achieved which is to carryout matched detection at QBB
accompanied with the excepted core benefit of working aitha lower sampling
frequency. Having considered the fact that working at GB& great benefit in terms
of sampling frequency and ultimately bandwidth requiremehts next section of the
chapter will consider the case of matched filter detedor multiple reception at QBB
whose results will be compared to the RF results thrauglomparison in terms of
probability of error ratios, simulation processing tiened sample processing will be
made between the RF and QBB multiple signal receptiaalations. Having thus far
seen the benefits of operating at QBB interms of $amycessing reduction, the study
concludes by looking at the multiple signal recepticsedar matched filter detection at
RF and QBB.

7.11 Matched filter detection:- Multiple input signal atRF and QBB

The analysis finally looked at the reception of mudtipignals. In this case the received
signal consists of the direct path chirp, a delayed versiomultipath chirp and a
Doppler shifted version of the chirp. Noise is then addedlaen the signal is received
by the matched filter where detection takes place. hénQBB case, the signal gets
mixed down to quadrature baseband where the matched filtetidetkes place. The
matched filter is matched to (a) direct path signalttib)direct path and multipath and
(c) a combination of the three signals, and the outpobserved and three probability
of error plots are generated for each of the matcHessfiin both the RF and QBB
cases and then compared to the calculated theoretichialplity of error plot.
Therefore, the generation of the input signals remairggvas in an earlier part of the
chapter. The figures on the next page summarize theetiwd analysis for the radio
frequency and quadrature baseband simulations for théeabatiiter detection multiple
signal reception case. The focus is now on QBB havieg g#s benefits interms of
reduced sample processing.
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In the figures that followxxy represents the direct-path signah, represents the

multipath signal andy, represents the Doppler shifted signal.

Xd

X X received signal y1 -
kAt 5 > + > Matched filter > Decision 1 > Pel

at RF
(matched to xd)

Af Xdp
Gaussian noise Matched filter
(normally distributed) at RF y2 Decision 2
> > — Pe2
(matched to
Xa+Xmp)

Matched filter

at RF y3 Decisi
> > ecision 3 —
(matched to PeS
Xa+Xmp+Xap)

Figure 7.21: Multiple signal input to matched filter detection at RF:- the 3 imadc

filters result in 3 different outputs with different strengths.

The figure below summarises the theoretical anaBtsi®BB. The three match filters
are at QBB and matched to the different componentseaftiitiple input signal.

e—Jﬁé

QBB signal (xmabb)

Xd

y1 oef
LPF ™ Matched filter > Decision 1 » P

el
at QBB
(matched to xq)

kAt

Af Xdp !
downsampling
Gaussian noise takes place here Matched filter
(normally distributed) at QBB y2 Decision 2 P
(matched to ez
Xa+Ximp)

Matched filter

at QBB ¥,]  Decision3 | —»
(matched to PE3

Xa+Xmp+Xap)

Figure 7.22: Theoretical flow QBBthe expected signals at each point are shown in
this figure:- the decision is part of the simulation and details carsdsn from the

simulation code.
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The figure below shows the simulation flow for the ohatd filter detection analysis at
QBB. The RF flow diagram is similar to the QBB dné with the down-mixing, LPF

and downsampling stages omitted. The simulation loopslaee shown. Each block

represents a piece of the overall MatLab code.

Generate Xs, Xm and Xs and sum

them up

Increase noise
level in dBs

.y

A

Add Normally
distributed Gaussian
noise

.y

.y

Repeat loop for n
cycles

»

A

Downmixing and LPF

Downsampling done

(QBB signal) here
v V ¥
MF1 MF2 MF3

(Matched filter at QBB
matched to Xd)

(Matched filter at QBB
matched to Xa+Xmp)

A

A

(Matched filter at QBB
matched to Xa+Xmp+Xdp)

Decision process based
on matched filter output

Decision process based
on matched filter output

A

Decision process based
on matched filter output

Figure 7.23: Simulation flow summarizes the flow of the simulation and each block
represent a part of the main MatLab code used for the whole protesdirst loop
shows that the noise is increased in line with the dB range givas $o eventually

A

A

< Store decision/result < <Store decision/result<

A

< Store deci
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Simulation probability of

error generation and
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Simulation probability of
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plotting

Simulation probability of
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come up with the probability of error over that dB range for a given nuofemns.
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7.11.1 Simulation results:- Matched filter detection at R

The simulation results are given in the figures beldtwshould be noted that MatLab

only shows the last values of a simulation loop andetbee intermediate values do

exist. The resulting probability of error plots arewhamn the next page.
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b

time (sample point number)

(©)

time (sample point number)

(d

Figure 7.24: (a)Received summed input signal:- the input to the chirp consists of the
three signals which are summed up togetft®rMatched filter output when matched to

Xq4. (€) Matched filter output when matched t@-X Xmp (d) Matched filter output when
matched to x+ Xmp + Xdp :- the last value of the matched filter output which was
matched to the direct path signal xIt is seen that the maximum value of the matched
filter output is the largest for this output due to more signal strebgibhght about by

the three input signals.
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The figure below shows the probability of error plots tloe different matched filter
outputs. It is seen from the plots that the restutther verify the matched filter
outputs as it can be seen that the probability of eyets smaller as the we move from
the £ matched filter output to the"®and 3" matched filter outputs due to increased
signal strength caused by the matched filter locking aall tine available energy in the

received signal.

probability of error plots
1M e — R — —— e 3

simulation pel 3

simulation pez []
simulation pe3 |

Theoretical pe 4

proberr

30 40 an G0 in ao 30 100

Figure 7.25:Probability of error plots for multiple input signal matched filtetetion
at RF.

7.11.2 Simulation results:- Matched filter detection at @B

The figures on the next page show the matched filtegpuvsitfior the MIMO case at
QBB. The parameters used for the RF simulationteesame ones used in the QBB
simulation. For the QBB case, the downsampling coiés play and it thus
contributes to the reduced sample processing and hensintedation runtime. In this
case, the downsampling factor used was equal to 4. Thaetison point was made
at the 256 sample point of the matched filter output.
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QBB received chirp signal x 10 matched filter output (matched to xd)
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Figure 7.26: (a)QBB received signgb) Matched filter output when matchedxgp(c)
Matched filter output when matchedxp+ xmp (d) Matched filter output when matched
to X4+ Xmp+tXdp. The sample reduction in the matched filter outputs can be seen from the

figures above.

From the figures above, it is seen that there imarease in the matched filter outputs
from the one matched tq to the one matched tq + xmpand the largest output being
that of the matched filter that was matched @ B Xmg+ Xq¢p. It Sshould be emphasised
again that MatLab plots only the last value of the lodjhe figure on the next page
shows the probability of error plots for the QBB muk&igignal input simulation. The
error plots should verify the statement made fromnta¢ched filter outputs shown in

Figure 7.26 above.
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probakility of errar plots

simulation pel
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Figure 7.27: Probability of error plot for multiple signal reception and detection at
QBB:- the first plot represents the theoretical probability aberfor the direct path
case reception and detection whilst the three other plots are fonstemces where the
matched filter was matched firstly to the direct path and then tditaet path + multi
path and finally to the direct path + multipath + doppler shift signal

The plots above show the probability of error for theee different matched filter
detection conditions and compared with the ideal theatatase at QBB. Considering
Figure 7.27, it can be seen there is a reduction in the ptbpalbierror as one move
from the direct path matched filter, to the direct patd multipath matched filter and
eventually to the direct path, multipath and Doppleft shatched filter. Therefore, the
probability of error plots have verified the conclusiondmdrom the matched filter
output results. It was thus showing that carrying outhed filter detection in a noisy
channel is possible at QBB and with benefits in termhefprocessing load expected.
The next chapter gives the benefits of working at QBB coedpdo RF for the

simulations carried out under matched filter detection.

131



CHAPTER 7 — MATCHED FILTER DETECTION: SIMULATION RBILTS

7.12 Benefits of carrying out matched filter detection at @B

By now, from the previous chapters it has been shown the processing load and
runtime for the simulations was measured. It was besv the ratio of the amount of
processing correlated with the runtime ratios with gaably small discrepancies
caused by the variance in the computer processing timewad also seen that the
benefits were more for the real life case where precessing starts from baseband
itself. Therefore, for matched filtering case, theaswements for the runtimes and
calculations for the QBB case considered the realslfenario. In determining the

sample processing for the simulatiomms)ly the actual matched filtering stage was
considered with the signal generation procedures ignanednot being part of the

comparison process. The simulation runtime determmdttowed suit. The table

below summarises the outcome of the comparisons.

RF (tir) | QBB(tgbb) | tri/tqup Nt Ngbb N:t/Ngop
MF detection:-noiseless . . . Number of .
channel Time in seconds Ratio . Ratio
1. Direct path 0.01563 0.00372 4.20 2048 512 4.0(
2. Multipath 0.01748 0.00461 3.79 2048 512 4.0(
3. Doppler shift 0.01735 0.00444 3.91 2048 512 4.0(
4. Multiple input 0.02925 0.00651 3.78 2048 512 4.0(
MF detection :- noisy
channel
1. Direct path 0.01568 0.00410 3.82 2048 512 4.0(
2. Multiple input 0.04546 0.01203 4.11 6144 1536 4.0(

Table 7.1: Simulation runtime and sample processing ratio comparisons. The highest

discrepancy between the ratios was ab81#% which is reasonable given the slight
variance in the computer processing time. The amount of processimgns dé N for
the multiple signal input case for the noisy transmissions is thress tmore than that
for the direct path because of the 3 different matched filters usedhéorthree

differently matched signals. The ratio however remains unaffected.
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From the results obtained and shown in the table @pitévious page, it does suffice to
conclude that matched filter detection at QBB is fasted less bulky in terms of
processor load than at RF. There were some limitgiio defining some operations in
terms of N and therefore relevant assumptions werdens® as to best show the
comparison between the processing at RF and that at @B&s 40 correlate the
resulting ratio with that obtained for the simulatimmtime. Again it should be noted
that the determination of the benefits interms ofusation runtime and sample
processing interms of N was just for analysis purposédssa as to see that indeed,

working at QBB is more advantageous.

7.13 Conclusion

The chapter looked at matched filter detection for varregsived signal scenarios and
considered noiseless and noisy transmissions. Théeahfiter output was larger for
multiple signal reception due to the matched filterkkiog on to the energies of the
individual input signals. For the detection in a noisy chirthe probability of error
plots showed a good correlation between the simulatetharttieoretical probability of
error. The results obtained showed that working at @B&B not only possible but also
reduced the amount of sample processing due to the downsacguiiiegl out. This in
turn reduced the simulation runtime. The discrepancéwden the calculated and
simulated results were within reasonable limits and fbereit does suffice to make a
firm conclusion that the benefits of working at QBBrevéendeed more than at RF in

terms of processing time and processing load.
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Chapter 8

Conclusions

This chapter concludes the study and gives an overvieve aiimple processing and

simulation runtime results for the whole study.

8.1 Conclusion

The objectives of the study were achieved and it wadiegrthat beamforming,
multipath compensation, Doppler shift compensation andntbiiple compensation
special case and matched filter detection of a chirpaki¢m could take place at
guadrature baseband and (b) processing at quadrature baselsambneanumerically
efficient which translated to less simulation runtime§he various algorithms were
carried out at both RF and QBB and the results compargdwas seen under
beamforming that the results at QBB matched thairesponding RF counterparts and
so was the case for the multipath and Doppler shigscagor the multiple input signal
case, there were some limitations in the compensgtiooess but it was shown that
compensation was possible under certain conditions wivete referred to as the
special case. Compensating for multipath and Dopplerahigiadrature baseband did
show that working at QBB facilitates sub-sampling whietiuces the samples but does
not alter the information and hence the compensationepsostill proved a success.
The difference plots given after each of the compe@rsatimulations did further
consolidate the effectiveness of the compensation maas thus acting as proof of
successful compensation. As already emphasised, warkiguadrature baseband does
come with the main advantage of lower sampling freqesnehich in-turn leads to less
complicated equipment and hence reducing operating cdsis. study paves way for
further research into other signal processing techniqueshenpossibility of carrying
them out at QBB and hence this study is beneficial ih thaould facilitate for the
enabling of most current signal processing techniques tated out at quadrature

baseband which comes with dsre advantag®ef lower operating frequencies.
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8.2 Summary of overall results

The overall results of the simulations carried outvbpole study are summarised in the
table below. It was seen that operating at QBB didltr@s an overall improvement in

processing speed resulting from the reduction in samplésebyownsampling process.
This was however not the case for the beamforming \&as seen that the amount of
processing required in the QBB case was more. Theegsocy range between the
sample processing and the simulation time ratios was f1.5% to 5.8% and as
mentioned earlier, this was due to the variance indnhgpater processing runtime.

RF (tr) |QBB(tqob) | ti/tgbn Nt Ngbb N:t/Ngop
Beamforming Time in seconds Ratio Ch{aLlj(;?J?ae'[{O(:]fS Ratio
AM DSB-SC 0.36318 | 0.74992 0.48 11776 25472 0.46
AM DSB-LC 0.35836 | 0.77418 0.46 11776 25472 0.46
Multipath Compensation
QAM 0.02715| 0.01025 2.65 98304 37632 2.61
Doppler Shift Compensation
QAM 0.00119 | 0.00062 1.92 47104 24064 1.96
Multiple input:-Special case
QAM 0.00122 | 0.00099 1.23 67584 56832 1.19
Matched Filter(MF) Detection
Direct path 0.01563 | 0.00372 4.20 2048 512 4.0(
Multipath 0.01748 | 0.00461 3.79 2048 512 4.0(
Doppler shift 0.01735| 0.00444 3.91 2048 512 4.0(
Multiple input 0.02925 | 0.00651 3.78 2048 512 4.0(
MF detection :-Noisy channel
Direct path 0.01568 | 0.00410 3.82 2048 512 4.00
Multiple input 0.04546 | 0.01203 4.11 6144 1536 4.0(

Table 8.1: Summary of overall simulation results:- RF and QBB
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Finally, from the results, it was seen that workindoater QBB frequencies coupled

with its sub-sampling capabilities did indeed reduce theuaimof processing required

which in turn led to a reduction in the simulation runBme

For the beamforming case, the benefits of working aBQ&re not felt in
terms number of calculations for the simulated QBBwug¢n the real life case
of processing at baseband was considered the benefitseares the ratio of
the amount of processing at RF to that at QBB incceasasiderably by about
31 fold and thus entailing beamforming at QBB being much mdicesit.

For the multipath simulations, the amount of processedgced by over 2-fold
for the simulated case and further reduced by about 9-folthdoreal life case
showing the immense benefits of processing at QBB apa@u to RF.

For the Doppler shift case, the amount of processing rddugcdess almost by
2-fold but upon taking up the processing from baseband fteethe real life
case as seen in chapter 5 there was approximately a 3fethidtion which
showed that indeed, QBB does stand out in terms of @ingekenefits against
RF.

The multiple compensation special case resulted inréglkection in processing
by operating at QBB but it still suffices to concludettharking at QBB was
more efficient.

The matched filter detection showed a 4-fold reductiopraotessing load for
the real life QBB case which entails that carrying thet detection process at
QBB would result in less processing and hence when agplieghl life digital
transmissions, it would entail much faster data rattes,

8.3 Future work

The continued advancement in software defined radibntdogy entails the never

ending thirst for processing technologies that are cobipatiith the SDR equipment

and that enable more efficient use of available teleconication resources such as

bandwidth. Therefore, this study focused on just a fragmethe many processing

techniques that would be required to be done at quadratureabdseonsidering the

benefits that come with it. Therefore, more reseactan be carried out into the

possibility of carrying out other processing techniques at QBB
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M-FILES

The following M-Files were created.

1. time.m:- This file outlines the MatLab code for carrying out idé@ming at RF
frequencies.

2. timegbb.m:- This file outlines the Matlab code for carrying out fé@ming in
QBB.

3. timebeamcomp.m- This file compares the RF and QBB beam patternsgares a
numerical average value of the difference betweerno normalized beam patterns.
4. time2.m:- carries out RF beamforming using the non-coherezthod ( envelope
detection).

5. time2b.m:- Carries out RF beamforming using the coherent deteatethod.

6. timeqbb2.m:- Carries out QBB beamforming using a coherent method.

7. timebeamcomp2m :-Carries out a numerical comparison of the thiesem patterns.
8. time3.m :- carries out FM RF beamforming .

9. timeqgbb3m :- Carries out QBB beamforming .

10. timebeamcomp3n :-Carries out a numerical comparison of the twani@atterns.
11. mpgamrf.m :- Carries out the multipath compensation analysiRFatfor a QAM
signal

12. mpgamgbb.m-Carries out the multipath compensation analysiseB @r a QAM
signal

13. mpfmrf.m :- Carries out the multipath compensation analgsRF for a FM signal
14. mpfmgbb :- Carries out the multipath compensation analys@BB for a FM
signal

15. dpgamrf:- simulated the QAM doppler shift compensation at RF.

16. dpgamgbh-simulated the QAM doppler shift compensation at QBB.

17. dpfmrf:- simulated the FM doppler shift compensation at RF.

18. dpfmgbh:- simulated the FM doppler shift compensation at QBB.
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M-FILES
19. mpdpgamrf.m:-Simulates the RF compensation process for the nanatpase.
20. mpdpgamrf2.m:-Simulates the RF compensation process for the spm=al

21. mpdpgamgbb.m:-Simulates the QBB compensation for the special case

22. chrf.m :- simulates the MF detection for the direct patimaigit RF.

23. chgbb.m:- simulates the MF detection for the direct patjimal at QBB.

24. chmprf.m :- simulates the MF detection for the multi-pathsigat RF.

25. chmpgbb.m:- simulates the MF detection for the multi-pathnsigat QBB.

26. chdprf.m :- simulates the MF detection for the doppler-shdnai at RF.
27. chdpgbb.m:- simulates the MF detection for the doppler-shdnai at QBB.
28. chmpdprf.m :- simulates the MF detection for the multiple sigredeption at RF.

29. chmpdpgbb.m:- simulates the MF detection for the multiple sipreception at
QBB.

30. noiserf.m:- simulates the MF detection for the direct patmaigt RF for a noisy
channel.

31. noisegbb.m:- simulates the MF detection for the direct patinal at QBB for a
noisy channel.

32. mimonoiserf.m- simulates the MF detection for the MIMO RF cased noisy
channel.

33. mimonoiseqbb.m simulates the MF detection for the MIMO QBB cdee a
noisy channel.

The M-files listed above were also re-run for thewdation time calculations too and
the processor load calculations for the simulatiagesirecluded on the CD in Appendix
C.
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Appendix A

Theoretical derivation of probability of error

The derivation for the theoretical probability of err@r given below. From the
mathematical analysis, the expected value of y(b)li2e4 as shown in Chapter 7. We
now look at the noise power. In the simulation, nbése was multiplied by a variable
nch. Therefore we have:

No=g,’nch= E{ >€} (A1)

The probability density function for a Gaussian distidouis given as

—(x-m)?
1 2002

f(x) = e

(A2)
25 ?

The expected value ‘m’ is the average of the value ahatndom variable takes in a
large number of experiments. The noise for the sinamas generated randomly using
‘randn’ and has a standard deviation of 1 because ofdireah distribution [14, 18].

The noise power out numerical value is found using thewalg equations.

0
Proise,, = j N nch| H( f)} df (A3)

which in the discrete domain is given as

N=1024

pnois%m = z NonChl H( r)|2 (A4)

n=1

Inserting the limits of the integration leads ughe following expression in the discrete

domain:

N=1024

pnois%m = No z nChl H( r) |2 = No nCI('5-12 @: (AS)

n=1
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The numerical value is substituted fét(1)|* because the absolute value of y(n) and
H(n) are the same. Referring back to equation A2, wedeaime the expression for
the theoretical probability of error as follows:

0 1 ~(x-m)?
Pe= j e 27 (A6)
o210 2
Let =t then—-dx = o~/2dt (A7)
[f Uj

The limits are equally changed due to the subsiitigas shown below.

m
X—»O,t—>—

V2o (A8)

X - —oo, t - +oo

Equation B6 then reduces to:

m

N
1 1
Pe=- ¢ dt=—
i N

& d (A9)
m

S‘B'—:é’

Now MatLab does have an inbuilt command ‘erfc’ whexecutes the integral part of
equation B9 with the limits being positive.

erfo(X) = %Te‘“ dt (A10)

The outcome of the execution of this error functetiould give the same value as the
outcome of the same equation if it had its limhamged to negative values.

Therefore, the equation [37] can be re-written as:

1 +o0 "
Pe= | e dt (A11)
NTT £

Voo
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) ) . m
Written in terms of the MatLab error function, &&t——— we have:

V2o
1
:Pg erfc(d (A12)
The values o ands are given below:
m=>5.12e4
thus (A13)

o=nch| {n[°= nclg5.12 &)

The theoreticaPe plot against the noise level in dBs was given earh Chapter 7 and
compared with the simulation plots The actual values of the probability of error
theoretical and simulation plots obtained for at &#l QBB for the matched filter
detection in a noisy channel for the direct patbecand multiple signal input case are
given in the Appendix C.
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Appendix B

Model of a slowly fluctuating target

A slowly fluctuating target model for a radar/slowly fluating system is developed as
follows;

Assume the sonar/radar system transmits a cosine gzatinuously [26]. Thus;

5(0)=2R cos@.t)=v 2 Re[[ Pd* Jroo< t> 00 (B1)

Now we assume a zero velocity target located atesamge ‘R’ from the transmitter,
va Tree& assumes that the target has a physical struchat includes several
reflecting surfaces. Thus the returned signal beawritten as;

5()=V2Re{/RY. gexpliw (-7)+4 1} (82)

The attenuatiomy; includes the effects of the transmitting antennia.g@&ssuming that
the reflection process is frequency-independens thwe transmit;

5() =v2Rel/P exp(jw t+ jat )] B
We receive:
s () =2 Rel/Pbexp[(j @ +w)t-7 )], (B4)

Assume a linear reflection process and considexitayget with constant radial velocity
v and transmitted enerdy. Further mathematical analysis leads us to tHeviarig

final expression below.
s, (t) =2 Re[ EtbF (t- r+% ) expl (t+%" O1l. (B5)

It is seen here that the target velocity has tviece$ which are;

1. A compression or stretching of the time scalthefcomplex envelope.
2. A shift of the carrier frequency.
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In most cases we can ignore this first effect. Timalestrate this, consider the error in
plotting f(t) instead off (t—(2v/c)t). The maximum difference in the arguments

occurs at the end of the pulse (3ayand equals\2l/c  The resulting error in amplitude
is a function of the signal bandwidth. If the sigbandwidth isW, the signal does not
change appreciably in a time equal¥d [26]. Therefore,

— <= (B6)
Or equivalently,

WT <<, (B7)
v

Ignoring the time-scale change, the shift in the cafireguency is called thiBoppler
shift

W 2 wc(%) (88)

It should be noted that there some sonar problems in idgjahtion C8 is not satisfied.
In reality, we know that the speed of propagation oftedetagnetic waves is very high
(3 x10%) and therefore, the ratio given above will alwaystioe in that the left hand
side will always be much greater than the RHS[26]. H@awethat is not the case for
acoustics propagation and therefore, tiiepart of our equation will have to be
considered.
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Appendix C

Included CD

The CD included with this thesis contains the following
* The MatLab simulations and source code used to get thisrasthe thesis.

e The source code used in the simulation runtime and samqueessing

calculations.

147



	Declaration
	Abstract
	Opsomming
	Acknowledgements
	Contents
	Chapter 1Introduction
	Chapter 2Background theory: Quadrature baseband,beamforming, compensation and demodulationalgorithms
	Chapter 3Beamforming- simulation results
	Chapter 5Doppler Shift compensation-Simulation results
	Chapter 6Multiple compensation- simulation results
	Chapter 7Matched Filter Detection
	Chapter 8Conclusions
	Appendix A
	Appendix B
	Appendix C



