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ABSTRACT

This thesis describes the operation and performance of an acousto-optic demodulator
system consisting of a laser source, an acousto-optic cell and a bi-cell detector. The bi-cell
detector is made up of two photodiodes positioned side by side, separated by a small gap.
Theory is developed to predict the following; the linear operating range for different gap
sizes, absolute frequency sensitivity, system output in response to discrete phase changes,
optimum gap size for phase demodulation, absolute descrete phase change sensitivity, the
performance of the system in the presence of carrier noise and the effect of clipping the
carrier signal on both frequency and phase modulated signals. A detailed model of the
system has been written, using the software package Mathcad, which incorporates all the
parameters that affect the performance of the physical system. The model has been used to
study how the performance of the system changes as these parameters are varied. It is
shown that the AO demodulator can be used in a number of ways; as a frequency
demodulator, a phase demodulator and to demodulate digitally modulated signals, and that
the optimum values of some parameters are different for each application. The model is
also used to investigate the response of the system to a number of the most common forms
of digital modulation. It is shown that it is possible, without any a priori knowledge of the
signal, to identify each of these forms of modulation, and ultimately decode messages
contained on the signals. The system can also be used to measure the frequency shift on
pulse doppler radar. It is shown that the rms frequency error on a pulse using the AQ
demodulator is 150% better than that of existing systems. Experimental results are
presented that are in good agreement with the results gained from both the theoretical and
modelled analysis of the system. Finally suggestions are made for areas of further work on
the signal processing of the output signals and possible uses of the demodulator in the

future.




ACKNOWLEDGEMENTS

The author would like to express his appreciation to the following people for their help and

advice throughout this period of research and in the preparation of this thesis.

To Dr Kit Reeve of the University of Plymouth for his tremendous support and guidance in

his role as supervisor.

To Warren Houghton for his guidance in modelling the system.

To Juliet Dunn-Rogers and Keith Youern at the Defence Research Agency, Funtington for

the Research contract.

To Dan Spong and Michael Gildea for their friendship and distraction.

Finally to my parents, without whose support and encouragement I would not have been

able to embark on this PhD.

i



TABLE OF CONTENTS

Abstract i
Acknowledgements 1
Table of contents ii
Lists of diagrams and graphs 1X
Authors declaration Xii
1. INTRODUCTION 1
2. MODULATION TECHNIQUES 4
2.1 Angle modulation 4
2.2 FM demodulators 7
2.2.1 Amplitude limiting 7
2.2.2 Slope detection 7

2.2.3 Balanced slope detector 8

2.2.4 Phase discriminator 9

2.2.5 Ratio detector. 9
2.2.6 The phase locked loop 10
2.2.7 Digital Demodulators 10

2.3 Digital modulation 11
2.3.1 Frequency shift key (FSK) 11

2.3.2 Phase shift keying (PSK). 13

2.3.3 Differential PSK 14
2.3.4 Quaternary PSK 15

2.3.5 Offset QPSK 16
2.3.6 MSK 17

2.4 Applications of Demodulators 20
3. RADAR TECHNIQUES AND ELECTRONIC WARFARE 22
3.1 Radar 22

3.2 Radar / electronic warfare (EW) Introduction 24

iii




3.2.1 Definitions 24

322 ESM 25

3.2.3 System components 27

3.2.4 The instantaneous frequency measurer (IFM) 29

4. ACOUSTO-OPTICS 31
4.1 Theory 31
4.1.1 Particle analysis 32

4.1.2 Thin-phase grating approximation 34

4.1.3 Thick-phase grating approximation 36

4.1.4 Raman Nath mode 37

4.1.5 The Bragg Mode 39

4.1.6 Time Bandwidth product 40

4.2 Applications of acousto-optic devices 41
5. ACOUSTO-OPTIC DEMODULATOR - SYSTEM DESCRIPTION 44
5.1 Component selection 46
5.1.1 The Laser source 46

5.1.2 The AO-cell 46

5.1.3 The detector assembly 47

5.2 Experimental Procedure 48
6. THE COMPUTER SIMULATION 50
6.1 System components 50
6.1.1 Laser 50

6.1.2 AO-cell 50

6.1.3 Lens 51

6.1.4 Detector 51

6.2 Relevant equations used in the computer model 53
6.3 Implementation of the model 54
7. FM SYSTEM ANALYSIS 61

v



7.1 Deflection measurement

7.2 The system linear range for FM.

7.3 Shot noise limited resolution for FM demodulation
7.3.1 Analysis for very small gap
7.3.2 Effect of a finite gap size

7.4 Effect of noise on an FM carrier signal
7.4.1 The effect of clipping on the spectrum of a noisy signal.
7.4.2 The optimum clipping level
7.4.3 System SNR loss

7.5 Summary and conclusions

. PM SYSTEM ANALYSIS

8.1 Variation of output of bicell system for discrete phase shift

8.2 Optimum gap size for phase demodulation

8.3 Shot noise limited resolution for PM
8.3.1 Sum channel

8.3.2 Difference channel

8.4 The effect of clipping on PM

8.5 Summary and conclusions

. SIMULATED RESULTS FROM THE MODEL

9.1 Digital phase modulation
9.1.1 Phase shift of .
9.1.2 Phase shift of n/2
6.1.3 £ /4 and £ 3n/4 phase shifts
9.1.4 Summary

9.2 Digital frequency modulated signals
9.2.1 Continuous Phase - Frequency Shift Keying (CP-FSK)
9.2.2 Frequency shift keying (FSK)

9.3 Practical Phase Shift Keying signals

61

62

68
69
73

74
75
77
79

81

83

83

87

89
89
91

92

94

96

9%
a7
98
9
100

101
101
102

103




9.3.1 Binary Phase Shift Keying (BPSK) / Differential phase shift keying (DPSK) 104

9.3.2 Quadrature phase shift keying (QPSK) 105

9.3.3 Offset quadrature phase shift keying (OQPSK) 106

9.4 Truth Table 107
9.5 Pulse Doppler measurement 108
9.6 AM noise analysis 111
9.7 System response to phase changes 112
10. EXPERIMENTAL RESULTS 115
10.1 Modulation transfer function 115
10.2 Phase transfer function 116
10.3 Digital modulation 117
10.3.1 Digital phase modulated signals 118
10.3.2 Digital frequency modulated signals 120
10.3.3 Practical Phase Shift Keying (PSK) signals 121

10.4 Shot noise limited frequency resclution 124
10.5 Shot noise limited phase resolution 127
10.6 Pulse Doppler measurement 128
11. CONCLUSIONS 129
11.1 FM AO demodulator 129
11.2 Phase modulation 130
11.3 Digital modulation 131
11.4 Future work 133
11.5 Overall conclusions ‘ _ 134
APPENDIX A. 136

vi




1. Matched Filters

2. Carrier recovery in QPSK

3. Probability of error in transmission

4. Likelihood ratio

APPENDIX B. Optical Fourier transform

APPENDIX C. Mathcad files

1. The model

2. PSD file

3. Optimum gap size

4. Linearity of the MTF

5. MTF for different gap sizes

6. Calculating values for a,, a,, and a,

7. Modelled phase transfer characteristic

APPENDIX D. RESPONSE TO BANDLIMITED NOISE

REFERENCES

BIBLIOGRAPHY

PAPERS

vii

136

138

139

142

143

146

146

152

154

158

161

163

165

168

174

176

177



INDEX 190

Abbreviations 190

viii




LIST OF DIAGRAMS AND GRAPHS

FIGURE 2.1 AMPLITUDE LIMITER

FIGURE 2.2 SLOPE DETECTOR

FIGURE 2.3 BALANCED SLOPE DETECTOR

FIGURE 2.4 PHASE DISCRIMINATOR

FIGURE 2.5 THE RATIO DETECTOR

FIGURE 2.6 BLOCK DIAGRAM OF A PHASE LOCKED LOOP

FIGURE 2.7 (A) THE MATCHED FILTER RECEIVER (B) THE CORRELATOR RECEIVER
FIGURE 2.8 PROBABILITY DENSITY FUNCTIONS FOR BINARY PSK WAVEFORMS.
FIGURE 2.9 A CORRELATION DETECTOR FOR ANTIPODAL SIGNALS

FIGURE 2.10 PROBABILITY DENSITY FUNCTION FOR PRK

FIGURE 2.1t SIMPLIFIED BLOCK DIAGRAM OF A QPSK DEMODULATOR.

FIGURE 2.12 EXCESS PHASE TRELLIS FOR MSK

FIGURE 2.13 MSK WAVEFORMS.

FIGURE 3.1 BLOCK DIAGRAM OF AN ESM SYSTEM
FIGURE 3.2 BLOCK DIAGRAM OF AN IFM SYSTEM

FIGURE 4.1 ACOUSTO-OPTIC CELL DIAGRAM.

FIGURE 4.2 THE MOMENTUM-CONSERVATION RELATION.
FIGURE 4.3 BESSEL FUNCTIONS OF ORDER @, I, AND 2,
FIGURE 4.4 ACOUSTO-OPTIC SCANNER

FIGURE 5.1 THE BI-CELL DETECTOR
FIGURE 5.2 BLOCK DIAGRAM OF THE DETECTOR SYSTEM.
FIGURE 5.3 EXPERIMENTAL SET-UP

FIGURE 6.1 FLOW CHART OF MATHEMATICAL MODEL

FIGURE 6.2 RESPONSE OF THE BANDPASS FILTER

FIGURE 6.3 10 uS OF GENERATED NOISE

FIGURE 6.4 SPECTRUM OF UNFILTERED NOISE

FIGURE 6.5 1uS OF PSK MODULATION fC =50 MHZ

FIGURE 6.6 SPECTRUM OF UNFILTERED SIGNAL

FIGURE 6.7 UNFILTERED SIGNAL + NOISE WITH AN SNR OF 13DB

FIGURE 6.8 UN FILTERED AND UNCLIPPED SIGNAL + NOISE FREQUENCY SPECTRUM

ix

[= =B+ - BN |

10
10

12
13
14
15
17
19

27
29

32
33
38
43

45
47
49

52
55
35
56
56
56
57



FIGURE 6.9 BANDLIMITED SIGNAL + NOISE

FIGURE 6.10 BANDLIMITED SIGNAL + NOISE SPECTRUM

FIGURE 6.11 CLIPPED SIGNAL

FIGURE 6.12 GAUSSIAN BEAM

FIGURE 6.13 GAUSSIAN MULTIPLIED WITH SIGNAL

FIGURE 6.14 FOURIER TRANSFORM OF SIGNAL AND GAUSSIAN WINDOW
FIGURE 6.15 OUTPUT OF EACH BI-CELL

FIGURE 6.16 SUM AND DIFFERENCE OF THE BI-CELL OUTPUTS

FIGURE 7.1 DISPLACEMENT OF THE BEAM IN THE FOCAL PLANE OF A LENS
FIGURE 7.2 DEVIATION OF THE BEAM WITH RESPECT TO THE GAP SIZE

FIGURE 7.3 MODULATION TRANSFER FUNCTION FOR VARYING GAP SIZES

FIGURE 7.4 ERROR IN LINEAR APPROXIMATION TO MTF

FIGURE 7.5 BLOCK DIAGRAM OF BI-CELL DETECTOR

FIGURE 7.6 THE AFFECT OF INCREASING THE BEAMWIDTH IN THE AC CELL
FIGURE 7.7 SYSTEM RESOLUTION VERSUS DIFFRACTED LIGHT POWER

FIGURE 7.8 HOW THE ASSUMPTION FOR PDIFF COMPARES WITH ACTUAL VALUES
FIGURE 7.9 THE EFFECT OF CLIPPING ON THE FREQUENCY SPECTRUM OF SIGNALS
FIGURE 7.10 THE EFFECT OF CLIPPING ON THE QUTPUT SNR

FIGURE 7.11 HOW THE OPTIMUM CLIPPING LEVEL CHANGES WITH CNR,

FIGURE 7.12 HOW THE CLIPPING LEVEL IS AFFECTED BY 6&F.

FIGURE 7.13 GRAPH SHOWING HOW FIGURE 7.12 AFFECTS FIGURE 7.11.

FIGURE 7.14 EFFECT OF DIFFERENT CLIPPING LEVELS ON SNRg,;r AS SNR;y VARIES
FIGURE 7.15 SNR LOSS VERSUS DEVIATION §F.

FIGURE 8.1 GAUSSIAN WINDOW FUNCTION FOR WL AND WR.

FIGURE 8.2 NUMERICAL SOLUTION OF EQUATION 8.16.

FIGURE 8.3 PSD OF THE GAUSSIAN FOR PHASE CHANGES OF 0, n/4, n/2,, AND =
FIGURE 8.4 PULSE AMPLITUDE VERSUS GAP SIZE.

FIGURE 8.5 GRAPH SHOWING APSUM, PSUM(¢), AND PSUM(0).

FIGURE 8.6 OPTIMUM CLIPPING LEVEL VERSUS CNRIN

FIGURE 8.7 OPTIMUM CLIPPING FOR THE SUM AND THE DIFFERENCE CHANNEL.
FIGURE 8.8 EFFECT OF DIFFERENT LEVELS OF CLIPPING SNRgyr VERSUS SNR,.

FIGURE 9.1 BEAM SPECTRAL DENSITY IN RESPONSE TO BPSK INPUT SIGNAL.
FIGURE 9.2 RESPONSE TO = PSK INPUT, ON A 50 MHZ CARRIER FREQUENCY.
FIGURE 9.3 BEAM SPECTRAL DENSITY IN RESPONSE TO +n/2 INPUT SIGNAL.
FIGURE 9.4 BEAM SPECTRAL DENSITY IN RESPONSE TO -n/2 INPUT SIGNAL.

58
58
58
59
59
60
60
60

62
63
65
67
68
72
72
73
76
77
78
78
79
80
80

84
86
87
88
89
93
93
94

97
97
98
98




FIGURE 9.5 RESPONSE TO +n/2 AND -n/2 INPUT ON A 50 MHZ CARRIER FREQUENCY.
FIGURE 9.6 BEAM SPECTRAL DENSITY IN RESPONSE TO -n/4 INPUT SIGNAL.
FIGURE 9.7 BEAM SPECTRAL DENSITY IN RESPONSE TO -3n/4 INPUT SIGNAL.
FIGURE 9.8 A 50 MHZ CARRIER MODULATED BY +r/4 AND +3n/4.

FIGURE 9.9 BEAM SPECTRAL DENSITY IN RESPONSE TO CP.-FSK INPUT SIGNAL.
FIGURE 9.10 RESPONSE TO CP-FSK INPUT ON 50 MHZ CARRIER FREQUENCY.
FIGURE 9.11 BEAM SPECTRAL DENSITY IN RESPONSE TO FSK INPUT SIGNAL.
FIGURE 9.12 RESPONSE TO FSK INPUT ON 50 MHZ CARRIER FREQUENCY
FIGURE 9.13 SIMULATION RESULTS OF PHASE CHANGES USING © AND 0.
FIGURE 9.14 SIMULATION RESPONSE TO A QPSK SIGNAL

FIGURE 9.15 SIMULATION RESPONSE OF AN OQPSK SIGNAL

FIGURE 9.16 BEAM SPECTRAL DENSITY IN RESPONSE TO A 2 uS PULSE OF A 50 MHZ
FIGURE 9.17 A 2 uS PULSE OF A 50 MHZ

FIGURE 9.18 A 2 uS PULSE OF A £ 50.01 MHZ

FIGURE 9.19 IMPROVEMENT IN RMS FREQUENCY ERROR FOR A 1 uS PULSE
FIGURE 9.20 IMPROVEMENT IN RMS FREQUENCY ERROR FOR A 2 uS PULSE
FIGURE 9.21 INPUT SIGNAL 50 MHZ, NO MODULATION, 10 MHZ AM NOISE.
FIGURE 9.22 SIMULATED PHASE RESPONSE OF THE DIFFERENCE CHANNEL.
FIGURE 9.23 SIMULATED PHASE RESPONSE OF THE SUM CHANNEL.

FIGURE 9.24 PHASE RESPONSE FOR THE DIFFERENCE CHANNEL.

FIGURE 9.25 PHASE RESPONSE FOR THE SUM CHANNEL.

FIGURE 10.1 MODULATION TRANSFER FUNCTION FOR VARYING GAP SIZES
FIGURE 10.2 EXPERIMENTAL VERIFICATION OF EQ. (8.16). (SUM)

FIGURE 10.3 EXPERIMENTAL VERIFICATION OF EQ. (8.16). (DIFF)

FIGURE 10.4 EXPERIMENTAL RESPONSE TO A n PHASE SHIFT

FIGURE 10.5 EXPERIMENTAL RESPONSE TO PHASE SHIFTS OF £n/2

FIGURE 10.6 EXPERIMENTAL RESPONSE TO + n/4, + 3n/4 PHASE SHIFTS
FIGURE 10.7 EXPERIMENTAL RESPONSE TO A CP-FSK SIGNAL

FIGURE 10.8 EXPERIMENTAL RESPONSE TO AN FSK SIGNAL

FIGURE 10.9 EXPERIMENTAL RESPONSE TO A BPSK SIGNAL

FIGURE 10.10 EXPERIMENTAL RESPONSE TO A QPSK SIGNAL

FIGURE 10.11 EXPERIMENTAL RESPONSE TO AN OQPSK SIGNAL

FIGURE 10.12 | KHZ SIN WAVE WITH VARIOUS DEVIATIONS

FIGURE 10.13 SHOT NOISE LIMITED FSK SIGNAL FOR VARIOUS DEVIATIONS
FIGURE 10.14 EXPERIMENTAL RESPONSE TO VARIOUS PHASE SHIFTS
FIGURE 10.15 EXPERIMENTAL RESPONSE TO VARIOUS PHASE SHIFTS
FIGURE 10.i6 SuS PULSES OF 45 MHZ + 10 KHZ SIGNAL SEPARATED BY 5 uS.

Xi

99

99
100
100
102
102
103
103
105
105
106
109
109
110
111
111
112
113
113
113
114



AUTHOR’S DECLARATION

At no time during the registration for the degree of Doctor of Philosophy has the author
been registered for any other University award.

This study was carried out in collaboration with DRA (Funtington)

Relevant conferences were attended at which work was presented.

Presentation and conferences attended :

Radio Receivers and associated systems, University of Bath, 26-28 September 1995.
Aerosense Aerospace/ Defense Sensing and controls, Orlando, Florida, 8-12 April 1996.

—_——

Date......« d“g\——f,—)"/

xii



1. Introduction

The concept of acousto-optic (AO) FM demodulation was introduced by Pieper and Poon
[1] who described an acousto-optic receiver for commercial FM radio transmissions. The
performance of a similar system, applied to radar processing was studied by Brooks [2].
Two types of detector assembly were considered: the first a knife edge detector as
described by Pieper and Poon[l] , and the second a bi-cell system consisting of two
photodiodes separated by a small gap. Brooks [2] showed that the bi-cell system has the
ability to reduce or cancel AM and laser intensity noise effects, and suggested theoretical
minimum detectable values for frequency deviations, based on the receiver noise
characteristics for the knife edge detector assembly.

It has also been demonstrated by Reeve and Houghton [3] that a signal containing a &
phase change may be detected by a system similar to the AO FM demodulator, except that
the detector is covered by a slit instead of a knife edge. The phase change can be detected,
since the light amplitude distribution at the detector is proportional to the instantaneous
Fourier transform of the signal in the AO-cell. Therefore, as the phase change travels
through the cell, the intensity distribution of the beam at the detector is no longer Gaussian;
power is taken away from the centre of the beam and redistributed symmetrically either
side. With the beam centred on the slit at the detector, this effect causes the output to fall as
the phase change passes through the AO-cell.

It will be shown that the performance of the bi-cell system described by Brooks [2] can be
improved and used in a surveillance receiver for electronic warfare (EW) applications.
Electronic support measures (ESM) is the tactical reception of signals to locate, identify
and analyse signals so that their effects can be avoided, countered or exploited.

ESM from the standpoint of narrow pulse radar has three functions; interception (detection)
of radar emissions, analysis of radar signals and direction finding to the origin of radar
signals. This narrow pulse, high power radar is easy to detect and, as a consequence, is of
no interest to this work. Pulse compression radar is more difficult to detect because the
energy of the pulse is spread over a wide bandwidth and time period. The pulse is either
phase or frequency modulated so it is important that the receiver can identify and analyse

modulation on a pulse. Continuous wave (CW) spread spectrum radar and communication




transmission basically amount to the same thing, a continuous carrier signal with some
form of frequency or phase modulation on it. It will be shown that AO demodulator can be
used to identify and analyse signals coming from pulse compression and CW radar and
communication transmissions. This is discussed in more detail in section 3.2. A general
purpose surveillance receiver will have no a priori knowledge of the signal characteristics.
The requirements for such a receiver would be threefold: (i) to detect the presence of a
signal and measure its carrier frequency, (ii) to identify the type of modulation being used,
and (iii) to demodulate/decode the signal. The first of these requirements can be achieved
using scanning superhet or channellised receivers, but automatic techniques for (ii) and (iii)
are more difficult. It will be shown that the AO demodulator can be used for identifying
different types of digital modulation and also effectively demodulates the signal and
enables decoding. Such a system will operate in real time at carrier frequencies or
intermediate frequencies (IF) from around 20 MHz to several GHz, depending on the type
of AO-cell used.

There are various forms of modulation used in CW radar, and communication applications,
a review of which can be found in chapter 2. Amplitude shift keying, (ASK) which as its
name suggests modulates the amplitude envelope of the carrier, is very easy to detect, by
this method and others, and is therefore rarely used for the types of transmission that a
surveillance receiver would be interested in. This study will concentrate on frequency shift
keying (FSK) and phase shift keying (PSK) modulation and their variations. In PSK and
FSK signals the amplitude of the signal is constant so any receiver that detects only
variations in the power of the signals will see no modulation. It is only when the signals are
examined in the frequency domain that the modulation becomes evident. The power
spectrum is examined using a bi-cell detector, in a similar way to that in which the slit was
used by Reeve and Houghton [3]. The output from the two elements of the bi-cell detector
show how the power in the signal varies within two frequency bands defined by the size
and position of the elements. It will be shown that comparison of the sum and difference of
the signals from the two detectors enables the different types of modulation to be identified
and ultimately decoded.

The performance of the bi-cell system has been accurately modelled for frequency and
phase demodulation of real signals (i.c. signals containing AM and FM noise) using the

software package Mathcad. The analysis includes characterisation of the effect of changing




key system parameters such as; the gap size of the bi-cell, the standard deviation of the
beam in the AO-cell, the standard deviation of the beam at the detector (focal length of the
lens), laser intensity and laser wavelength. It will be shown that as a frequency
demodulator the system can detect frequency deviations of between 25 Hz and 1 MHz on a
50 MHz carrier signal, and phase changes down to a fraction of a degree. The signal to
noise ratio gain is shown graphically for both the sum and the difference channels, and the
consequences of ‘clipping’ or ‘limiting’ on the signal is discussed in detail.

All the results from the analysis are substantiated by the results from the model and those
in turn have been verified with practical results, obtained using an optical breadboard
system. The system parameters of the model were identical to those used in the breadboard
system so that its results should be identical to those gained from a practical system. The
accuracy of the model has been proven by passing the same signal through the
experimental system as has been used for the models results and comparing the outputs of

the sum and difference channels.




2. Modulation techniques

2.1 Angle modulation

A CW sinusoidal signal with amplitude and phase modulation can be expressed as

(1) = a(t) cos[w.t + y(t)]. 2.1
Consider the case where a(t) = A (a constant) and the phase angle y(t) is varied in
proportion to a signal f(t). This introduces the concept of angle modulation. The angle of a
sinusoidal signal is described in terms of its frequency and/or a phase angle. Detailed
analysis of angle modulation which incorporates phase and frequency modulation
techniques can be found in any communications textbook[4,5,6]. Here will be given a brief
summary.
If the phase angle 6(t) is varied linearly with the input signal f(t), we can write

B(t) = ot + k,f(t) + 6, : (2.2)
where o, Kk, 0, are constants. Because the phase is linearly related to f(t), this type of
modulation is known as phase modulation, (PM).
Another possibility is to make the instantaneous frequency proportional to the input signal,

®; = o + ky f(1), (2.3)
where o, k¢ are constants. This 1s called frequency modulation, (FM), the phase angle of

this signal is
! !
0(r) = jm,-(r)dr - kaf(t)dr +8, (2.4)
0 0

Comparisons of Egs. (2.2) and (2.4) shows that PM and FM are closely related, such that if
a signal is first integrated and then used to phase modulate a carrier, the result will be a
frequency modulated signal. Unlike AM signals, angle modulated signals are not always
linear as can be seen from the following.
A general PM signal can be represented by

& pag (1) = 4678 = )0 ci+00) JHp/ () (2.5)

using a series expansion for the exponential modulation factor in Eq. (2.5} gives

0 pag (1) = 4e7© f’+eo’[1 # hp ()= k220 —j%k;’;ﬁ(m..} 2.6)



From this it can be concluded that unless [k,f(t)|<<1, angle modulation -in this case PM is
not linear. Therefore the sidebands arising in angle modulation will not, in general, obey
the principle of superposition. An analysis of spectra will have to be carried out using a
particular waveform. »
In this case let
fity=acos ot . 2.7
From Eq. (2.3) for FM we have
W; = ® + akpcos ot (2.8)
where k¢ is the frequency modulation constant. By defining a new constant called the peak
frequency deviation,
Ao = akg, (2.9)
we can write
W; = O, T Aw cos ot . (2.10)
From Eq. (2.4) the phase of this FM signal is therefore
0ty = w, t + Aw/w, Sin Ot = 0t + Bsin @it , (2.11)
where p = Aw/w, 1s a dimensionless ratio of the peak frequency deviation to the
modulating frequency.
The resulting FM signal is
drm(t) = Re{A"}
dpp (1) = RefAelOclelPsinomty (2.12)
which may be written as
dem(t) = A cos (ot + B sin opt) . (2.13)
Eq. (2.13) can be rewritten using identities as
dpm() = A cos ot cos(B sin ©,t) - A sin .t sin (B sin ©,t). (2.14)
For small values of [} we can approximate that
cos (Bsinwyt)=1, (2.15)
sin (B sin @ t) ~ B sin ot . (2.16)
The condition where P is small enough for these approximations is the condition for
narrowband FM (NBFM). Usually a value of § < 0.2 is taken to be sufficient. Combining
Egs. (2.15), (2.16) in (2.14) we can write

dnprm(t) = A cos ot - PA sin @t sin ot (2.17)



which like an AM waveform has a spectrum consisting of a carrier and two sidebands. For
values of 3 > 1 we proceed as before to get Eq. (2.12) The second exponential in Eq. (2.12)
i1s a periodic function of time with a fundamental frequency of ., rad/sec. It can be

expanded in a Fourier series,

e/Bsine it _ i F, el m! (2.18)
He—oo
where
F, = i Tﬁ,jﬂ sin@ ml g =IO mt 1, 2.19)
T -T/2

making a change of variable £ = ot = (21/T)t, we get

'
F, = % [CELISLINS (2.20)

-

This integral can be evaluated numerically in terms of the parameters n and B, and is called
the Bessel function of the first kind. From these results it is obvious that a FM waveform
with sinusoidal modulation has an infinite:number of sidebands. However the magnitudes
of the spectral components of the higher order sidebands become negligible, and for all
practical purposes, the power is contained in a finite bandwidth. A general rule for

approximating this bandwidth was given by Carson and is given by

W=20,1+p) (2.21)
As mentioned previously there is no basic difference between the generation of FM and
PM signals. The slight modification will be pointed out here.
Eq (2.8) gives us the instantaneous frequency for an FM signal with sinusoidal modulation,

for PM with the same modulating signal we have

0(t) = o, +tak, cos oLt + 6

= @, tA0 cos ot + 0y (2.22)
where AD is the peak phase deviation (in radians) and k,, is the phase modulator constant
(in radians per volt). The instantaneous frequency is

©;(1) = ‘;—? (2.23)




=0, —ak,0 SN ! (2.24)
=0, — AW SIN® p,! (2.25)
Thus we see that the peak frequency deviation in PM is proportional not only to the
amplitude of the modulating signal but also to its frequency. Aside from this we can take
Aw = akyo, = ABw,, and then proceed as if the modulation were FM as far as bandwidth,

sidebands etc. are concerned.

2.2 FM demodulators

There are a number of ways to recover the modulating signal from the FM waveform, there
follows a brief overview of the most common. The overall characteristic must be the same,
to provide an output signal whose amplitude is proportional to the instantaneous frequency

of the input waveform.

2.2.1 Amplitude limiting

In order to make full use of the advantages offered by FM, a demodulator must be preceded
by an amplitude limiter (Figure 2.1), on the grounds that any amplitude changes on the
signal are spurious, and must therefore be removed to avoid distortion. This is important as
most FM demodulators react to amplitude changes as well as frequency changes. The
limiter is obviously a form of clipping device, a circuit whose output tends to remain
constant despite changes in the input. Most limiters will behave in this fashion so long as

the input voltage stays within a certain range.

l l
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Figure 2.1 Amplitude limiter

2.2.2 Slope detection

A frequency modulated signal fed into a tuned circuit whose resonant frequency is to one

side of the centre frequency of the FM signal will have an output whose amplitude that



depends on the frequency deviation of the input signal. This produces an output voltage
proportional to the frequency deviation of the carrier. The output is then applied to a diode
detector with an RC load of suitable time constant. The slope detector is only linear over a

very limited range and is obviously very sensitive to amplitude variations in the signal.
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Figure 2.2 slope detector

2.2.3 Balanced slope detector

This uses two slope detectors connected back to back, to the opposite ends of a centre-
tapped transformer, and hence fed 180° out of phase. The top secondary circuit is tuned
above the IF and the bottom circuit is tuned below the IF by the same amount. Each circuit
is connected to a diode detector with an RC load. The output is taken from across the series

combination of the two loads, so that it is the sum of the two individual outputs.
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Figure 2.3 Balanced slope detector

The S-shaped characteristic of the balanced slope detector is an improvement on the slope

detector, but is even more difficult to align and there is still no amplitude limiting.



2.2.4 Phase discriminator

It is possible to obtain the same S-shaped response curve from a circuit which is tuned to
the centre frequency of the incoming signal in both the primary and secondary windings.
This helps simplify the alignment and gives far better linearity than slope detection.

This circuit shown in 2.3. Uses the same diode and load arrangement, but the method of
insuring that the voltages fed to the diodes vary linearly with the input signal has been
completely changed. The primary and secondary voltages are:

exactly 90° out of phase when f is f,

less than 90° out of phase when f;, is higher than f

more than 90° out of phase when f;, is less than f,
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Figure 2.4 Phase discriminator

Thus, although the voltages will be the same at the diodes at all frequencies, the vector
sums will differ. Therefore the individual output voltages will only be equal when the input

is at f_.

2.2.5 Ratio detector.

The phase discriminator also called the Foster-Seeley discriminator 1s still sensitive to
changes in the amplitude of the input signal. This makes prior limiting necessary. It is
possible 1o modify the discriminator to provide limiting, such a circuit is called a ratio

detector.
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Figure 2.5 The ratio detector

The ratio detector shown in Figure 2.5. Is very similar to the phase discriminator circuit,
but three important changes have been made: one of the diodes has been reversed, a large
capacitor has been placed across what used to be the output, and the output is now taken

from a different point.

2.2.6 The phase locked loop

The phase locked loop demadulator, shown in Figure 2.6, offers many advantages over the
tuned circuit demodulators. It uses the error voltage in a PLL driven by the input signal as
the output. The error voltage will vary linearly with the input signal as long as the PLL
stays in ‘lock’. The lock range and capture range can be easily changed by altering the
system parameters, to suit specific applications. PLL’s offer high AM rejection and very

good signal to noise ratios. They are fast becoming the most popular FM demodulator.

cos[m t + 6,(t)] Phase v (1) Loop v, () ~ kO(1)
—’ =
comparator filter
A
Voltage-
. controlled |=
sinfo,t + 6] | oscillator

Figure 2.6 Block diagram of a phase locked loop

2.2.7 Digital Demodulators

DSP techniques have been used to create digital FM demodulators for FM, TV and
wireless in software [7]. The proposed demodulation system for existing FM broadcast

receiver and TV audio applications has been shown to be very accurate and able to
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suppress AM to 70 dB. To date this all digital FM demodulator has not been implemented.
More simple digital demodulators, implemented using DSP techniques, are already in

common use in modems.

2.3 Digital modulation

There is a variety of techniques currently in use for digital modulation of communications
signals. These fall under the broad headings of amplitude, frequency and phase shift keying
(ASK, FSK and PSK) but many variations exist, such as phase reversal keying (PRK),
quaternary phase shift keying (QPSK), offset-keyed QPSK and minimum shift keying
(MSK). These techniques are used, not only in general communications applications but
also in spread spectrum systems; similar techniques are also used in low probability of
intercept radar. A co-operating receiver will know the details of the type of modulation
being employed and will have the appropriate matched filter and demodulation systems.

Here is given a brief overview of the most popular forms of FSK and PSK.

2.3.1 Frequency shift key (FSK)

FSK is binary frequency modulation of the analogue carrier. Thus a voltage controlled
oscillator can be used with the two voltage levels of the data, shifting the carrier to two
descrete frequencies, one of which represents binary 1 and the other binary 0.
The two received signal waveforms are different and so two matched filters are used, one
for each waveform. If the two waveforms are given by
¢(t) = A sin mo,t (2.26 a)
$,(t) = A sin nw,t (2.26 b)
Two possible receivers for FSK are shown in Figure 2.7. (a) The matched filter receiver
and (b) the correlator receiver. The effect of both is identical-to select the output with the
largest degree of similarity between the received signal and possible transmitted signals.
Thus both these receivers are maximum likelihood (Appendix A4). The operation of these

receivers is described in Appendix Al.
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Figure 2.7 . (a) The matched filter receiver (b) The correlator receiver

The average energy

If one only signalling frequency is present then it is assumed that the output from one
matched filter will be E and the other zero. Conversely if the other frequency is present the

output of the first matched filter is zero and the result of the subtraction is -E. As shown in

Figure 2.8.
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Figure 2.8 Probability density functions for binary PSK waveforms.
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This is similar to the polar-binary case, see Appendix A, except for the fact that the noise
voltages are subtracted at the output of the filters. If we assume that the two frequencies do
not overlap then the output noise voltages are statistically independent and hence add on a
power (mean-square) basis. Therefore we can simply double the variance, assuming the

two filter bandwidths are the same, and proceed as before, giving [4]

"+ EY2INE) 4,

6[ Zm]E

4

where E is the (average) energy per binary digit.

2.3.2 Phase shift keying (PSK).

In phase shift keying the phase of the carrier signal is switched between two or more values
in response to a binary message. For binary modulation a 180° phase shift is often used
because it simplifies the modulator design, this is known as phase-reversal keying (PRK),
and can be written as
¢,(1) = A sin w_t (2.29 a)
¢,(t) =- A sin ot (2.29b)
The correlation detector shown in Figure 2.9 gives an output of y(1) = E + n (T) at time t =

T given an input of [¢,(t) + n(t)], and y(t) = -E + n(T) for an input of [¢,(t) + n(t)]. The

variance of the noise is [cf. Eq. (A3.16)] n;‘: (t)=mE /2 [4] and the corresponding

probability density functions are shown in Figure 2.10.

¢, (t) +n(t) Decision
" i
= @— b [
¢,(t)+n(t) i

¢[(t)

Figure 2.9 A correlation detector for antipodal signals
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Figure 2.10 Probability density function for PRK

It is clear from Figure 2.10 that the optimum decision threshold is zero. Therefore the net

probability of error is given by [4]

aD
1 _(+E)2/(ME)
P = eV nelg
3 6[ (—nnE Y

=Q{ ZE) (2.30)
n

By comparing Eq. (2.30) and Eq. (A.3.19) it can be seen that PRK has the same probability
of error performance as polar baseband systems, although it can be seen that it needs half

the average power of FSK by comparing Eq. (2.30) and Eq. (2.28).

2.3.3 Differential PSK

Carrier synchronisers often cannot distinguish whether they are locked to the carrier phase
or to the phase plus a multiple of /M, where M is the number of states in the modulation
scheme. This makes it difficult to encode data into the absolute transmitted phase levels. In
a differential scheme, the data are encoded into the transition from interval to interval.

DPSK uses the difference between successive bits to encode the information as illustrated
in Table 2.1 DPSK encoding. Differential encoding uses the rule that there is no change in
the output state if a | is present at the input and there is a change if a 0 is present. The table
assumes an initial arbitrary state of 1. The obvious advantage is that the receiver can use

the phase of the previous digit as a reference signal.
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(2.31)

Binary
data out

PCM code input 1110|1010 01110
Differentialcode | 1 | 1 [ 1 ] 0|1 [ O 111 ([0
Phase 0|00 |na|O0O|fnmn|n|[O[O0}nm
Table 2.1 DPSK encoding
The probability error of DPSK is [4]
2
2.3.4 Quaternary PSK
t=T
— Integrator 1
QPSK Parallel-
in A cos (0t +45°) to serial
t=T converter
—b@—‘ Integrator y i

A cos (@t -45°)

Figure 2.11 Simplified block diagram of a QPSK demodulator.

QPSK modulation carries four symbols, each with a different phase. These phases are

spaced by 90° and normally are yw = {45°, 135°, 225°, 315°}; this corresponds to the RF

signal J2E. / T cos(w ,¢ +y ), which is

Send 00: s(f) = E}% cos(® ,
Send 10: s(¢) = 2?3 :——‘/%cos(mo
Send 11: s(¢) = 2? :—ﬁcos(co o
Send 01: s(¢) = ﬁ}—\/%cos(m o
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Because the transmitted QPSK signal can be regarded as two orthogonal BPSK signals it
can be demodulated by two BPSK receivers, or correlators, in parallel, one for each
quadrature. The block diagram of such a system is shown in Figure 2.11.

The probability error function for each of the receivers would therefore be given by [4]

N

49

The probability that the output of the receiver is correct is the product of the probabilities

o
2
P, = J L ~O+END?IE)
0

of both correlators being correct or

P.=(1-PJ)({ -Py)

=1-2P,+P? (2.33)
which for small values of P, (P, << 1) gives

P.=1-2P, (2.34)
The probability of symbol error, P, for the QPSK system is therefore

P,=1-P,

P ~ 2P, = 20( /E\ (2.35)
n

OQPSK is similar to QPSK except that the carrier phase transitions are transmitted in two

2.3.5 Offset QPSK

periods. This results in instantaneous carrier phase transitions of only *n/2 from the
previous phase state, as compared to QPSK (and BPSK) that contain n transitions. Hence,
OQPSK does not have the complete phase-reversal transients of QPSK which are badly
affected by filters and the nonlinearities present in practical systems. A OQPSK receiver is
similar to the QPSK receiver shown in Figure 2.11, except that the quadrature channel 1s
delayed by T/2. Since staggering the bit streams does not change the properties of the
quadrature modulation process, OQPSK has the same average probability of error as
QPSK. Furthermore it has been shown that offsetting the two bit streams gives an optimum

immunity to phase jitter in the presence of additive Gaussian noise [8].
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Figure 2.12 shows the trellis diagram for all the possible values of y(t) for t > 0 over several
successive bit mtervals, assuming that y(0) = 0. Each path from left to right through the
phase trellis corresponds to a specific binary sequence. Over each bit interval the phase is
advanced or retarded exactly 90° depending on whether the data for that interval is 1 or 0.
It can be shown that [4] p644 Eq. (2.36) can be expressed in terms of in-phase and

quadrature components as
¢ (t)=Asa (t)cosﬂ—’cosco t—ap(t)sin ! sin ¢ (2.39)
MSK ! 27, ¢ Q 27} c :
where a,(t) = cos ¥y , and ag(t) = py cos ¥y , and ensuring that y, = 0 , 7, modulo 2, gives

P = a(ag(t) (2.40)
Now MSK can be thought of as a special case of OQPSK with sinusoidal pulse weighting

(rather than rectangular weighting). The various components of the MSK signal are

tllustrated in Figure 2.13 for an input sequence 1110100.
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Figure 2.13 MSK waveforms.
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2.4 Applications of Demodulators

The most obvious use for an FM demodulator is for the demodulation of wideband FM and
narrowband FM. Wideband FM is used for broadcast transmissions, and for the sound
accompanying TV transmissions. Narrowband FM is used for communications, in
competition with SSB , having its applications in various forms of mobile communications,
generally at frequencies above 30 MHz. It is also used in conjunction with SSB in
frequency division multiplexing (FDM). FDM is a technique for combining large numbers

of channels in broadband links used for terrestrial or satellite communications.

FM demodulators are commonly used for radar interception in EW especially radars with
low probability of intercept (LPI) features. These may include low sidelobe antennas,
infrequent scanning, reducing the radar power when tracking a closing target (as range is
reduced, radar power is also reduced), making use of waveform coding to provide
transmitting duty cycles approaching one (to reduce the peak power while maintaining the
average power) and using frequency hopping to force the interceptor to consider more of
the spectrum in attempting to characterise the radar. Chapter 3 provides a brief introduction

to radar and EW

Digital modulation methods are used for transmission of binary symbols through bandpass
channels. Binary modulation methods used are Amplitude shift keying (ASK), frequency
shift keying (FSK), and phase shift keying (PSK). In these methods, the amplitude,
frequency or phase of a sinusoid is switched in response to a PCM input.

Using matched filter detection in additive white Gaussian noise, PSK requires up to 3 dB
less power than ASK or FSK, although ASK and FSK can use coherent or non-coherent
detection. Differential PSK (DPSK) can be used to gain most of the advantages of PSK and
yet avoid the requirements for coherent detection. The most popular choices for
communication systems are PSK, DPSK and FSK.

Quadrature PSK (QPSK) uses quadrature multiplexing principles to offer twice the bit rate
capability as that of the binary methods. Delaying either the 1 or Q channel will result in
offset QPSK (OQPSK) which has the advantage that it has a more constant envelope than
QPSK.
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Minimum-shift keying (MSK) is an example of coherent FSK in which the phase in the
modulated waveform is continuous , and the frequency shift is such that there is a one-half

cycle difference in one bit interval. MSK has similar characteristics to those of OQPSK.

Spread spectrum systems modulate a signal a second time using a wideband spreading
waveform. This is done so that the system’s transmitted energy occupies a larger
bandwidth than the information bit rate, (usually much larger) and is relatively independent
of the information bit rate. Communication systems using direct modulation of a
modulated carrier by a wideband spreading signal for purposes of bandwidth spreading are
called direct-sequence (DS) spread spectrum systems. The simplest form of DS spread
spectrum employs BPSK as the spreading modulation. For the common choice of A8 = r,
an expression for the BPSK waveform is:

¢(t) = Ap(t) cos w.t, (2.41)
where p(t) is a binary switching function with possible states +1 and governed by the
modulating (input signal). The resulting DS spread spectrum signal is

x(t) = Ac(t)p(t) cos ©t, (2.42)
where c(t) is the spreading modulation waveform. A popular choice for c(t) is that of a
pseudorandom nose (PN) binary sequence having values +1.
Demodulation in such systems, at least in part, is achieved by correlation of the received

signal with the spreading waveform, c(t).
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3. Radar techniques and electronic warfare

3.1 Radar

A radar detects the presence of objects and locates their position in space by transmitting
electromagnetic energy and observing the returned echo. A pulse radar transmits a
relatively short burst of electromagnetic energy, after which the receiver is turned on to
listen for the echo. The echo not only indicates that a target is present, but the time that
elapses between the transmission of the pulse and the receipt of the echo is a measure of
the distance to the target. Separation of the echo signal and the transmitted signal is made
on the basis of differences in time.

The radar transmitter may be operated continuously rather than pulsed if the strong
transmitted signal can be separated from the weak echo. The received echo signal power is
considerably smaller than the transmitter power. Separate antennas for transmission and
reception help segregate the weak echo from the strong leakage signal, but the isolation is
usually not sufficient. A feasible technique for separating the received signal from the
transmitted signal when there is relative motion between target and radar is based on
recognising the change in the echo signal frequency caused by the doppler effect.

It is well known that if either the source of oscillation or the observer of the oscillation is in
motion, an apparent shift in frequency will result. This is the doppler effect and is the basis

of MTI and CW doppler radar. The doppler frequency shift f,is given by [9]

2, _ 2./,
A c

Ja= (3.1

where v, = relative or radial velocity of target with respect to radar, f, = transmitted
frequency and ¢ = velocity of propagation = 3*10% mys.

Simple CW radar is unable to measure range, therefore some sort of timing mark must be
applied to a CW carrier if range is to be measured. The spectrum of a CW transmission
can be broadened by the application of modulation, either amplitude, frequency or phase.
An example of amplitude modulation is the pulse radar, the narrower the pulse the better
the measurement. A widely used technique to broaden the spectrum of CW radar is to
frequency modulate the carrier. The timing mark is the changing frequency. The transit

time is proportional to the difference frequency between the echo signal and the transmitter
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signal. The greater the transmitter frequency deviation in a given time interval, the more
accurate the measurement of the transit time and the greater will be the transmitted
spectrum.

Pulse compression allows a radar to utilise a long pulse to achieve large radiated energy,
but simultaneously to obtain the range resolution of a short pulse. It accomplishes this by
employing frequency or phase modulation to widen the signal bandwidth. (Amplitude
modulation is also possible, but is seldom used.) The choice of a pulse compression radar
system is dependant on the type of waveform selected and the method of generation and
processing. The waveforms used fall into three categories; linear FM, non linear FM and
phase coded and can all be generated and processed actively or passively. Active
generation involves modulation of a carrier signal without time expansion, whereas passive
generation involves exciting a device such as a surface acoustic wave, SAW, structure to
produce a time-expanded coded waveform. Active processing involves mixing delayed
replicas of the transmitted signal with the received signal and is a correlation processing
approach. Passive processing involves the use of a compression network that is the
conjugate of the expansion network and is a matched filter approach. The received signal is
processed such that it compresses the long pulse to a duration 1/B, where B is the
modulated-pulse spectral bandwidth.

The doppler frequency shift produced by a moving target may be used in a pulse radar, just
as in the CW radar, to determine the relative velocity of a target or to separate desired
moving targets from undesired stationary objects (clutter). A pulse radar that utilises
doppler frequency shift as a means for discriminating moving from fixed targets is called

an MTI (moving target indication) or pulse doppler radar.
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3.2 Radar / electronic warfare (EW) Introduction

Electronic warfare systems are operated by both sides in a conflict. The two sides can be
considered the ‘Threats’ and the ‘Defenders’. The EW objectives of the threats and

defenders are listed below [10]

Threat objectives :

Prevent detection of the presence of the threat

Prevent the determination of the intentions of the threat

Prevent the detection of the threat’s electromagnetic (EM) radiation by the defenders
Prevent location of the threat by location of its EM signals

Prevent recovery of the information content of the threat’s EM signals

Prevent interference with the threat’s use of the EM spectrum

Defender objectives :

Detect the presence of threats

Determine the location and intentions of threats using defenders EM radiation
Detect the presence of the threat’s EM radiation

Identify the threat’s EM radiation

Identify the threat’s intentions through analysis of the threat’s EM radiation
Determine the threat’s location through the threats EM radiation

Determine the information content of the threat’s EM radiation

Deny the use of the EM spectrum by the threat.

3.2.1 Definitions

a. Electronic support measures (ESM) :ESM is that division of electronic warfare involving
actions taken under direct control of an operational Commander to search for, intercept,
and identify / locate sources of radiated electromagnetic energy for the purpose of
immediate threat recognition.

Thus, electronic warfare support measures provide a source of information required for
immediate decisions involving electronic counter measures, electronic counter-counter

measures, avoidance, targeting and other tactical employment of forces.
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b. Electronic counter measures (ECM) : ECM is that division of electronic warfare
involving actions taken to prevent or reduce an enemy’s effective use of the
electromagnetic spectrum. Electronic counter measures include :

Electronic Jamming - the deliberate radiation, reradiation, or reflection of electromagnetic
energy with the object of impairing the use of electronic devices, equipment, or systems
being used by an enemy.

Electronic deception - The deliberate radiation, reradiation, alteration, absorption or
reflection of electromagnetic energy in a manner intended to mislead an enemy in the

interpretation or use of information received by the enemy’s electronic systems

c. Electronic counter-counter measures (ECCM) : ECCM is that division of electronic
warfare involving actions taken to retain effective friendly use of the electromagnetic

spectrum.

Of the categories mentioned above the one of relevance to this work is ESM which will

now be explained in more detail

3.2.2 ESM

ESM is arguably the most valuable EW category because it offers something for nothing.
Only passive techniques are used so that information can be obtained about the enemy
without the need to risk giving away your own position and identity by transmitting. In
addition ECM systems rely upon ESM for initial threat location and analysis.

An ESM system must aim to achieve 100% probability of intercept: therefore as well as
having the sensitivity to detect the smallest signal received it must also have instantaneous
coverage of the entire frequency band of interest. It must also have sufficient instantaneous
dynamic range to be able to deal simultaneously with a pulse compression or CW radar at
the limit of detection and a high power surveillance radar 500 m away.

The more parameters an ESM system can measure the better chance it has of successfully
identifying the intercept. The following is a list of the parameters of a radar pulse that can
be measured :

a. Bearing or Angle of arrival (AOA)
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b. Radio Frequency (RF)
c¢. Time of arrival (TOA)
d. Pulse width (PW)

e. Pulse amplitude (PA)
f. Modulation on a pulse

g. Signal polarisation

For CW radar and communication signals the parameters that need to be analysed change :
a. Bearing or Angle of arrival (AOA)

b. Radio frequency

c. Type of modulation

d. Coding used

e. Message information
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3.2.3 System components
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These include both the directional antennas required for bearing measurement and the

of modulation
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—
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Figure 3.1 Block diagram of an ESM system

omnidirectional antennas which feed the RF measurement and pulse analyser systems.

RF amplifiers

Travelling wave tube or solid state amplifiers may be used to increase sensitivity and

dynamic range

Direction finding. frequency measuring and pulse analyser,

These systems measure the primary parameters, the system of interest here being the

frequency measuring system the most common of which the instantaneous frequency

measurer (IFM), is discussed in section 3.2.4.
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Deinterleaving system
This is a fast dedicated processor which derives the secondary parameters from the primary

measurements after sorting the deinterleaved pulse chains.

Identification of modulation

[dentify the type of modulation being used. i.e. frequency modulation / phase modulation

(FSK, BPSK etc.)
Decode modulation
Demodulates/decodes the information on the signal, making various assumptions from the

identification of the modulation.

Computer/emitter library

A general purpose computer compares the measured primary and secondary parameters
with data stored in the emitter library and attempts to make an identification. The computer

may be linked to other systems such as ECM, weapons, radars and Operations room.

Qutput/Warners

High threat intercepts should activate immediate warner signals in the operations room and

EW office. Normal contacts will be displayed on tabular displays.
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3.2.4 The instantaneous frequency measurer (IFM)

The basic concept of the IFM is illustrated in Figure 3.2

Phase
sensitive

\
/ detector

Delay

Figure 3.2 Block diagram of an IFM system

The incoming signal is split into two. One half is delayed by T secs and fed to one input of
a phase sensitive detector (PSD). The other half is fed directly to the other input of the
PSD. If the input is at f Hz then the phase difference between the delayed and undelayed
signals is

¢ = 2nfT rads (3.2)
hence the measured phase difference is proportional to the signal frequency. The choice of

the time delay T is governed by two factors:

(1.) The phase difference for any frequency of interest cannot exceed 2n rads. 2a+x rads
would be measured as x rads giving a false result. Hence
2nfT <2n
giving
T<1/f
In practice since any frequency band can be mixed down to baseband, the time delay T

must be no greater than the reciprocal of the bandwidth of the device.
(2.) In digital IFMs several delay lines of different lengths are used to generate more

accurate results. Phase ambiguities in the longer lines are resolved by the shorter ones [11].

There 1s however, a limit to the length of delay line that can be used. The maximum delay
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can be no longer than the length of the shortest pulse to be measured. Otherwise the

undelayed half of the signal will be finished before the delayed half arrives at the PSD.

The IFM system can be used to identify either phase or frequency modulation on a pulse
and by careful analysis of its output could be used to demodulate the signal. However this
is seldom if ever done in a practical system, most confine themselves to a simple indication
of the presence of FMOP or PMOP.

Although in most ways the IFM is an excellent system for ESM applications it suffers from
one major drawback. It cannot cope with two simultaneous signals in the same frequency
band. For low duty cycle signals such as pulse radar this is not generally a problem but
with the increasing trend towards high duty cycle or CW radars it renders the IFM

practically useless
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4. Acousto-optics

Diffraction of light by sound was predicted by Brillouin in 1922 [12] and was
demonstrated experimentally some ten years later [13]). The development of the laser
caused renewed interest in this field because the scattering of light by sound provides a
convenient way of controlling the frequency, intensity and direction of an optical beam.

Recently, as new technology has been developed, optical signal processing has become
increasingly important. Acousto-optic devices have an important role in this type of
processing. For example, acousto-optic devices have been developed for performing
fundamental operations such as convolution, correlation, light modulation and matrix
algebra. Such devices may offer unique capabilities for applications in communication
systems, with real time signal processing, faster speeds and higher bandwidths. The desire
to process ever increasing amounts of data has led to the extension of carrier frequencies
into the optical region. These types of interaction have opened new ways to perform
convolution, correlation and other types of optical signal processing. Because most of
these techniques can be realised using various technologies, acousto-optics has been forced
to compete not only with digital signal processing, but with rival optical systems such as

electro optics or charge coupled devices.

4.1 Theory

An acousto-optic device consists of an optically transparent medium, usually a crystal, see
Figure 4.1, in which ultrasonic waves propagate. The acoustic wave is launched into the
medium using a piezoelectric transducer. By applying an electric field to the transducer the
piezoelectric material is deformed, producing an internal strain, thus converting the
electrical signal into an acoustic strain wave in the medium. As the sound wave propagates
through the medium, it causes a periodic change in the refractive index, producing regions
of compression in the crystal lattice, followed by regions in which the lattice is relaxed.
The index variations for a periodic signal, such as a sine wave, are periodic causing them to
act as a diffraction grating when the laser beam passes through the cell. [14]

The net result is that light passing through the acousto-optic cell is phase modulated

according to these changes in the optical path.
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Figure 4.1 Acousto-optic cell diagram.

4.1.1 Particle analysis

The interaction between light and sound can be described in terms of wave interactions or
particle collisions. The easier of the two approaches is the particle analysis. According to
this picture, light consists of photons and sound consists of phonons. Each photon has
momentum hk and energy hw, and each phonon has momentum hk; and energy ho,, where
k is the wave vector and  is the optical frequency and h is planck’s constant. The
diffraction of light by an approaching sound can be described as a series of collisions, each
of which involves a annihilation of one incident photon at w; and one phonon and a
stmultaneous creation of a new diffracted photon at a frequency w,, which propagates
along the direction of the scattered beam. The conservation of momentum requires that the
momentum h(k+k;) of the colliding particles is equal to the momentum hky of the
scattered photon, so

ki =k + ki (4.1)
the conservation of energy takes the form

Wy = 0; T o 4.2)
From Eq. (4.2) it can be seen that the diffracted beam is shifted in frequency by an amount
equal to the sound frequency. Since the collision involves the annihilation of a phonon,
conservation of energy decrees that the shift in frequency is such that ©; > ®; and the
phonon energy is added to that of the annihilated photon to form a new photon. Using this

argument it follows that if the direction of the sound beam were reversed so that it was
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receding from the incident optical wave, the scattering process could be considered as one
in which a new photon (diffracted photon) and a new phonon are generated while the
incident photon is annihilated. In this case, the conservation-of-energy principle yields

Wy =0 -0 (4.3)
The conservation-of-momentum condition Eq. (4.1) is equivalent to the Bragg condition
which can be shown to be [15]

2hgsin@=x/n, (4.4)
where n is the refractive index of the crystal, and A is the wavelength of the light. To show
10

why this is true, consider Figure 4.2. Since the sound frequencies of interest are below 10

Hz and those of the optical beam are usually above 10" Hz, we have

g =W+, =0;, SO]kdlzIki[ (45)
due to the relationship
(o2m 2o w6
A c c

and the magnitude of the two wave vectors is taken as k. The magnitude of the sound wave
vector is thus

kg =2ksin0 (4.7)
[t will later be shown that this diffracted light is also doppler shifted by an amount
proportional to the applied frequency.

Using k=2n/\,, this equation is the same as Eq. (4.4).

Figure 4.2 The momentum-conservation relation, Eq. (4.1), used to derive the Bragg condition 2AsinBg =
A/n, for an optical beam that is diffracted by an approaching sound wave. 85 is the angle between the incident
or diffracted beam and the acoustic wavefront.

It should be noted that k; and k4 can be switched in Figure 4.2 giving a - sign in Eq. (4.7).
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4.1.2 Thin-phase grating approximation
A simple co-ordinate system is defined for this example; the acoustic wave is propagating
along the x-direction. Assuming a continuous sinusoidal wave and neglecting attenuation
and diffraction effects for the moment, the resulting perturbation of the refractive index is
given by

An(x,t) = An, sin(wt - k.x + 8) (4.8)
where the angular frequency is w, = 2nf;, f; is the acoustic frequency, k, = 2n/A is the
acoustic wave vector, A, = V /f, is the acoustic wavelength, V, is the velocity of the
acoustic wave and 6 is an arbitrary phase difference. The refractive index is a function of
both position and time the magnitude of its change given by

An, = nolps/2 (4.9)
where s is the induced strain caused by the acoustic wave, and p is the elasto-optic
coefficient. If we consider the ultra sonic beamwidth, L, to be narrow, the effect of the
acoustic beam is to form a thin-phase grating whose phase dependence is given by

Af(x,t) = 2nAn,L/Asin(wt - kx + 8) (4.10)
The electric field E;, of a beam incident on this grating may be expressed as

E =E /™" (4.11)
where E, 1s the amplitude, o, = 2nf), k, = 2nn/A, f; is the optical frequency = c/A, A is the
optical wavelength, c is the speed of light in vacuum and n is the refractive index of the
medium. After passing through the acoustic phase grating, the emerging output light , E_,,

may be expressed as
Eout — Eoe_][(l)lt—kIZ+Af(X,t)] (4.12)

This can also be expanded into a series of Bessel functions [16]

+00
Eow =Eo 2 Jq(2rAngL/ A, )el(@1+a0s)t=kiz=dksn) (4.13)

q=-o
which is simply the sum of the amplitudes of the qth order light resulting from the
interaction. The physical interpretation of Eq. (4.13) is simply that each term in the
summation gives rise to a plane wave; the electric field of the output light can be
decomposed into a set of such plane waves. The amplitude of the qth order, E, is

proportional to the electric field as well as the qth order Bessel function and is given by

Eq = EoJq(2mangL/ 1o )el(@1+a0s)t-kiz-aksx) (4.14)
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the frequency of the qth order being

0, =0 + qo; (4.15)
so that the diffracted light is frequency shifted. This frequency shift is proportional to the
diffracted order, and can be thought of as resulting from the doppler shift of the light as it
diffracts from a moving grating. Note that each order propagates in a different direction,
from the dependence of the propagation on q:

k, =ik +iqk; (4.16)
where the notation i, refers to a unit vector in the x direction.

Of particular interest is to consider the first order, given by
E+] — EOJI(ZTIAI’IOL/KO)CJ(&) | +(L)S)te—jk] (ZiZ COSGZ+Xix SinGx) (417)
The diffraction efficiency, or ratio of the intensities between the zero order and the first

order is given by

I,/1, = (J,2rAn,L/A )/ 1 (2nAn L/A,)) (4.18)
when 2nAn,L/A, << this simplifies to

I,/1, = @mAn,L/AY (4.19)
substituting in for An, gives

I,/I, = n'n,fL7p’s™/A (4.20)
The acoustic power P, can be defined as

P, = Y%(pV,’s") (4.21)
where p is the density of the medium, taking this as a factor in Eq. (4.18).

1,/1, = 2n’n  L2p*/pV, A2 )P, (4.22)
A cell of width L, its interaction length, and height H will have a total acoustic power

Pt = P(LH) (4.23)
giving

1,/1, = 2rn,"Lp°P,,, /HpV, A, (4.24)
or

I/, = (27°LP,, /HA, M, (4.25)
M, is a figure of merit used to evaluate acousto-optic configurations. The figure of merit is
defined as

M, = E@ (4.26)

pVa
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where n, is the refractive index of the material, p is strain-optic coefficient, p is the density
of the material, and V, is the sound velocity. As the diffraction efficiency is proportional to
M, (Eq. (4.25)), it can be seen from Eq. (4.26) that low acoustic-wave velocities and high

indices of refraction will give high diffraction efficiencies.

4.1.3 Thick-phase grating approximation

In many cases the grating 1s made much thicker than assumed in section 4.2.2. in order to
improve interaction efficiency. To analyse the thick grating problem, it is necessary to

solve the wave equation which takes the form

2 2, ~2,4°E
VZE =[n(x,t)*/C ]—2 (4.27)
dt
where the refractive index is a function of both space and time
An(x,t) = Ang sin(fot +t —k,Z + @) (4.28)

To solve this equation, a form for the electric field of the diffracted light E, in terms of the
incident light E is required. The electric field can be expressed by the following Fourier

series expansion

E=E, 3 Aq(2)e/ e *a™ (4.29)

q=-
where Ay (Z) is the amplitude of the qth Fourier component of the light, and the
propagation vector is given by the vector dot product

kg -r = K(zcosb + xsinf} + gk ,x (4.30)
where r indicates a general propagation vector, k, comes from Eq. (4.16) and we have
assumed that the incident light is propagating in the xz plane at an angle 6 with respect to
the optical axis. If we now substitute our expression for the electric field E, into the wave
equation we obtain a series of coupled differential wave equations in the diffracted

amplitudes, A,

dA A A
q TAn, . q
- A —A = -20)— 431
= 1 (Ago1 —Ag+1) =19Q(q - 2a) oL (4.31)
where
=2—n% (4.32)
Ny A
and
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a:—“;’\ Sin® (4.33)

where A is the acoustic wavelength. This is related to the applied drive frequency f by A =
V./f where V, is the acoustic velocity

The transition from Raman-Nath mode of operation to Bragg mode is characterised by
defining a Q factor.. The boundary between the two modes of operation is Q =~ 2n. So that
if Q << 2n the cell is operating in Raman-Nath mode, and if Q >> 2= the cell is operating
Bragg mode.

It is assumed that the second derivative of A, with respect to z is negligible in comparison
with other terms.

The first term in our coupled differential equation (mAn,/A) is the coupling efficient
between adjacent modes. A given mode can couple energy only into an adjacent mode; for
instance , if q = 0 then only a zero and first order modes appear.

The amount of energy transfer between adjacent modes depends not only on the coupling
coefficient, but also on the degree of phase matching between modes. If two adjacent
modes are not phase matched there can be no energy transfer.

If the phase difference is small then there can be transfer between the diffracted orders. We
have noted that the zero order (q=0) is coupled only to the first order (q=x1); good energy

transfer from the zero order will only occur when the term

: Aq
19Q(q - 20) = (4.34)

is small for q = £1. This can be accomplished in two ways.
1) Q very small and 6 = 0 (Raman-Nath)
2) operating at angles of incidence such that o = £ 1/2 so that Q can be arbitrarily large.

(Bragg regime)

4,1.4 Raman Nath mode

If a wave passes through an element whose response is |a(x)|ei¢(x) it will have the form
la(x)lcos[2nfit + 0(x)], where f, is the frequency of the light. In a similar fashion, light
passing through an acousto-optic cell when driven by a pure sinusoidal frequency fj, is

phase modulated so that
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A(x,t) = A, cos| 2nfjt + nz ng +Ang co 2nfj[t L i) (4.35)
A 2V,

where A(x,t) is the amplitude of the output wave in space and time, A, is the amplitude of
the incident light wave, and An, is the change in the refractive index within the interaction
medium induced by the travelling strain wave. The argument t - T/2 - x/V, shows that
A(x,t,) is a wave travelling in the positive x direction with velocity v and that the cell has a
transit time of T = L/V,, where L is the length of the acousto-optic cell. The strain wave is
proportional to the amplitude of the acoustic wave. A sinusoidal input to the cell causes the
cell to act as a phase diffraction grating travelling in the x direction. Light is diffracted by
the grating to produce several positive and negative diffracted orders. Analysis of the
operation of the acousto-optic cell yields the Raman-Nath equation for the amplitude of the
ith diffracted order [17]

Al =AY, (4.36)
where A, is the amplitude of the incident light, J; is the ith order Bessel function, and v is
the phase shift of the light induced by the refractive index change. The normalised

diffracted amplitude of the ith wave is indicated by m; [17]

(4.37)

oo AL (_j)ij.]:erAn:l

A

where J.(e) is an ith order Bessel function of the first kind. m; is defined as the modulation
index for the ith order; it is defined as the ratio of the diffracted light amplitude to the
incident light amplitude. The amplitude of the diffracted light, as a function of the phase
shift of the Bessel function, is shown in Figure 4.3. For the undiffracted light and the first

two diffracted orders.

Figure 4.3 Bessel functions of order 0, 1, and 2.
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4.1.5 The Bragg Mode

From Eq. (4.37). We see that large values of An and Z lead to high diffraction efficiencies.
As light is wasted when multiple orders are generated the interaction width Z of the crystal
is increased until the Bragg mode of operation is reached. For optical signal processing the
Bragg mode is usually used because more of the optical power is coupled into the desired
order. It is possible to have only two orders present the zero and one negative diffracted
order.

The Bragg angle is defined as

k
sinfg = ﬁ (4.38)

where k, is the wave vector of the acoustic wave and K is the wave vector of the light
wave, or in terms of wavelength

sinBg = 2_?;( (4.39)

where A = V,/f. The optimum illumination for the Bragg mode is therefore at the off-axis
Bragg-angle Op, whereas the illumination is normal to the surface of the acousto-optic cell
in the Raman-Nath- mode.
From Eq. (4.39) the angle between the incident and diffracted light waves, known as the
deflection angle a, is given by

a=9i+6d=295z%=viaf (4.40)
Thus the deflection angle is proportional to the frequency of the acoustic wave f. The
direction of the laser beam is controlled by the change in frequency of the acoustic wave,
which in turn equals the frequency of the electrical signal driving the piezoelectric

transducer. If the frequency change is given by Af, then the scan angle of the beam will be

Ao = 2= Af (4.41)
VB

Although in practical applications the Bragg mode of operation is almost always used to
produce the highest diffraction efficiency, there are advantages in using the Raman-Nath
mode in explaining basic optical signal processing theory. The symmetry of the Raman-

Nath mode in the positive and negative orders 1s useful.
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Having discussed the cases where Q << 1 and Q >> 1 arising from coupled mode theory,
the case for Q =~ 1 has not been considered. This condition known as the transit region has
no analytical solution, numerical computations of diffracted light intensities are relied upon
to show the response from (4.31) [18]. Physically, the diffracted light in this region
exhibits some properties of both Bragg and Raman-Nath cases, depending on the exact
value of Q. At this point it is possible to deal with the Bragg regime by restricting the
analysis to simple cases. The Bragg regime is often used for signal processing applications
because all of the diffracted light is diffracted in a single order, and no optical power is lost

in higher diffracted orders.

4.1,6 Time Bandwidth product

The time bandwidth product is the product of the bandwidth and the time duration of the
processed signal. It tells us the degree of complexity of a signal, its derivation begins by
relating the total angular deflection range A6 to the bandwidth Af:

Aa = 2 Af (4.42)
Va

so that the deflection angle is linear in applied frequency. The number M of resolvable
angles produced by the cell 1s
Angular Range  Aa

= — = (4.43)
Angular Resolution A /L

where L is the length of the acousto-optic cell and A/L is the intrinsic angular resolution of

any physical system. Using Eq. (4.42) in Eq. (4.43) we find

\Y
_MAV) L o Tar=TW (4.44)
ALV,

remembering that L. = V,T and the total bandwidth of the cell is Af = W. T is the transit

time of the cell.
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4.2 Applications of acousto-optic devices

Acousto-optic cells are configured in different ways for different functions. These
configuration can be split into three categories. They can be used to modulate light
temporally, deflect light (modulate it spatially), or be used as an acousto-optic tuneable

filter.

The acousto-optic tuneable filter is a device which can be electronically tuned to pass a
selected optical wavelength within a specific spectral range. This gives the AOTF the
ability to rapidly scan across the entire operational spectral range. It should be noted that
while the AO deflectors and modulators use a narrowband incident light beam (i.e. laser)
tuneable filters are designed as dispersive elements and therefore require broadband lights
sources. Therefore the performance parameters of AOTFs are quite different from the
modulators and deflectors and not relevant to this research. For more details on these

devices see [19]

When used as modulators the illumination must be a narrow beam because the rise time
associated with the modulation bandwidth is proportional to the time t required for the
acoustic beam to travel across the optical beam. As the acoustic transit time decreases, the
risetime decreases so that the corresponding bandwidth increases.

The 10-90% rise time t, for an acousto-optic modulator is a function of the transit time .
For a Gaussian input beam profile, truncated at the 1/e? points in intensity t ~ 1/1.5 and

the frequency response roll off R, defined in decibels is [20]
2,22
R = 1010g|:e_Tr f* /8:| (4.45)

The modulation bandwidth £, associated with a response fall off R is simply the value of

modulation frequency which satisfies Eq. (4.45).

f. =cVR/nt (4.46)
where ¢ = V(0.8In10) = 1.4. The relationship between modulation bandwidth and acoustic

transit time is

f.=0.445VR/t (4.47)
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This can be expressed in terms of risetime t,

f,=0.29VR/t, (4.48)

The modulation rate required for the response to fall below the -3dB level is now

f,=0.77/ (4.49)
or in terms of risetime

f =050 (4.50)

When driven by a CW frequency, the AO cell behaves as a random access beam deflector
which addresses a specific point in the focal plane of the lens. It is in this mode of
operation that the AO cell is used in the acousto-optic demodulator. Figure 4.4 shows an
acousto-optic cell at plane P, with an acoustic velocity V, and a length L = V_T. The cell is
driven with a signal

f(t) = cos(2nfit) (4.51)
to access the kth spot position in the scan line. This signal produces a positive diffracted

order whose Fourier transform is generated by a lens with focal length F:

F, (5,1) = f £, (x, 0)el@n/AP)Ex gy 4.52)
where f,(x,t) = rect(x/L)exp[j2nfi(t - T/2 - x/V,)]. The Fourier transform of f,(x,t) is

L/2 . .
F+ (é,t) = -[leejzﬂlfk (l—T/Z—X/Va)ej(zﬂ/}\.F)E_,de

= e 2 (t=T/2) gin ¢ (i——fk—]L (4.53)
AF 'V,

ignoring amplitude scaling factors from Eq. (4.53), we find that the lens focuses light at the

spatial position

AF
Sy =——f 4.54
k =y Tk (4.54)

a
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at plane P,. This result shows that the spot position in linearly proportional to the applied

frequency.
Wavefront tilt O, is
P, proportional to f, P2
L2 . S\ S
— : Sk
L
-L/2

J(©) = cos2nf\t)

Figure 4.4 Acousto-optic scanner
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6), these results were used to predict how a practical system would perform under various

conditions.

5.1 Component selection

5.1.1 The Laser source

In section 7.3 a graph of frequency resolution versus optical power shows how the
resolution improves with more power. This suggests that a more powerful laser would
improve the performance of the system, but due to the small size of the photodetectors, the
optical power required to saturate them is still smali ; 0.196 pW for the small detector and
4.16 mW for the larger one (based on the maximum power density of the cells of
IOmW/cmz). Therefore a powerful laser (i.e. > 5 mW) could not be used for the small
detector. The higher power HeNe lasers available are not frequency stabilised, and this
frequency drift causes low frequency noise on the output meaning that the beam will not
stay centred on the bi-cell detector.

Changing the wavelength of the laser from visible to infra-red (= 850 nm) would mean that
the silicon photodetectors would be working on the most sensitive part of their responsivity
curve. To operate at this wavelength would require the use of laser diodes as sources.
Unfortunately laser diode technology has not yet progressed to the stage where a constant
power frequency stabilised beam is readily available, the cost of this sort of quality laser
diode was too much for this project. The results gained from the infra-red system used,
were all limited by the laser source rather than any other effects.

The laser source used to obtain the practical results was a He-Ne laser, frequency stabilised
to one part in 10° with an operating wavelength A, of 632.8 nm, this is in the red part of the
visible spectrum. The laser had a nominal maximum optical power output of | mW and a

quoted beamwidth of 0.49mm at the 1/e? intensity points.

5.1.2 The AO-cell

There were many factors affecting the choice of AO-cell; cost of high frequency cells,
diffraction efficiency, acoustic velocity, wavelength of the light, bandwidths of all the
signal generating and logging equipment. The 2045 signal generator can produce signals at

data rates up to 800 MHz, giving a bandwidth of 400 MHz and the 6100 waveform
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digitiser and analyser can capture signals with bandwidths of up to 100 MHz. Therefore it
was only realistic to use a TeO,(SS) crystal which generally have centre frequencies of 45
or 90 MHz rather than GaP(L) or LiNbOs(L) which can operate at centre frequencies of 2
GHz ((SS) and (L) denote slow shear and longitudinal respectively, these represent the type
of acoustic wave used in the AO device).

The AO-cell used was an Isomet OPT-1 TeO, crystal operating in the slow shear mode (for
good aperture and high diffraction efficiency) at an acoustic velocity V, of 617m/s. It has a
centre frequency of 45 MHz and a bandwidth of 30 MHz. It is quoted as having a
diffraction efficiency 1 of 50%/Watt (RF power) which means we can expect up to half a

milliwatt of optical power diffracted into the first order at the detector.

5.1.3 The detector assembly

The detector assembly consisted of a bi-cell detector, two similar transimpedance
amplifiers and a sum and a difference amplifier to give the required output signal, Figure
5.2. Two bi-cell detectors were used, one with a gap of 80um and the other with a gap of
10pum. The relationship between the gap size and the standard deviation of the beam at the

detector G, is critical and is described in chapters 7 and § .

Transimp Difference Difference
Amp Amp Output
Bi-cell
Bias
Transimp Sum Sum
Amp Amp Output

Figure 5.2 Block diagram of the detector system.

The specifications for the detector were sent to a company specialising in the production of
low noise transimpedance amplifiers, as it was important that for small frequency
deviations the output was limited by the shot noise on the signal and not amplifier noise.

The detector used had calculated shot noise at maximum output of 600 pV rms (3.5 mV p-

p)

47




5.2 Experimental Procedure

In order to gain maximum diffraction efficiency from an AO cell operating in slow shear
mode, circularly polarised light is required, achieved by inserting a quarter wave plate
between the linearly polarised laser and the AO-cell. The cell was driven by a | watt
wideband amplifier which in turn was driven by a variable gain preamplifier. The zero
order light was then blocked so that only the first order passed through the lens onto the
detector assembly. The focal length of the lens depended on the gap size of the bi-cell and
application that the system was being set-up for (i.e. FM or digital demodulation). See
chapters 7 and 8.

A frequency of 50 MHz was used as the centre frequency of the undeviated carrier. The
detector assembly was then positioned such that, with no modulation on the carrier the first
order diffracted light fell equally on the two halves of the bi-cell. This was accurately
achieved by inverting one trace on the scope and adding it to the other, the detector was
then moved until the difference of the two detectors was zero. Finally the AO-cell was
rotated on a turntable until the maximum light was diffracted into the first order. This is
done in order to ensure the optimum Bragg diffraction condition is met .

The test signal could be generated in one of two ways; the simplest was to program the
required waveform directly onto the Analogic 2045, and add any noise using its own noise
generator. The second was to generate a sampled signal on the PC using Mathcad, and
download the digitised signal to the 2045, where the analogue signal would be produced.
The advantage of the second method was that the signal generated on the PC could also be
analysed using the model, so an exact comparison of the results from the two systems was
possible, The output from the detector assembly was captured by an Analogic Data 6100
waveform analyser which stores the data, until it could be down loaded back onto the
computer. Once the results were on the computer they could be analysed more thoroughly
in terms of spectral content, signal to noise ration, standard deviation and variance. Figure

5.3 shows a block diagram of the experimental set-up.
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Figure 5.3 Experimental set-up
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6. The computer simulation

In order to create a computer model of the AO-demodulator system it was necessary to
look at the operation of each component in the system. This section shows how each
component was analysed and how the significant parameters were extracted so that they

could be easily changed and their effect on the system noted.

6.1 System components

The following describes in detail the action and important parameters of each of the
components in the system. Figure 6.1 shows a flow diagram of the operation of the
computer model. It also shows how these sections of the model are combined to represent

the operation of each of the components listed below :

6.1.1 Laser

The laser generates a collimated beam of light, the beam profile or intensity distribution of
which is Gaussian. The specifications of the laser that are important to the system are its
wavelength, its beamwidth and its power. The beamwidth of the laser is usually quoted as
the distance between the e points on the intensity profile, this corresponds to 46, where
o, is the standard deviation of the Gaussian Obviously the laser is not truncated at the ¢
points. In the model the laser beam is represented as having a width of 6o, which yields

results virtually indistinguishable from those obtained calculating the width to 20c,,.

6.1.2 AO-cell

The AO-cell is the transducer that converts the RF signal into an optical signal. It diffracts
a percentage of the laser beam into the first order, the amount of light diffracted is given by
the diffraction efficiency of the cell. The spatial distribution of light in the first order is
proportional to the signal in the laser beam window of the cell, if the cell is being operated
within its linear range. The width of this window, in the time domain, depends on ¢, and

V, (the acoustic velocity of the cell).
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6.1.3 Lens

By placing a lens between the AO-cell and the detector the instantaneous Fourier transform
of the light amplitude in the first order diffracted beam appears in the focal plane of the
lens. The choice of focal length 1, of this lens is dependent on the beamwidth of the laser

o, and the size of the gap in the bi-cell Eq. (6.5)

6.1.4 Detector

The bi-cell responds to the integral of the light intensity, i.e. (amplitude)z, falling on each
element. Since the spatial distribution of light in the focal plane of the lens is the Fourier
transform of the signal in the AO-cell, this is effectively integrating the power spectral
density, (PSD) of the signal over frequency limits defined by the position and size of the
bi-cell elements. As mentioned earlier the gap size of the bi-cell affects the choice of the
lens, it is also important that the elements are big enough to catch all the light as the beam
is deflected left and right. The bi-cell also sets the maximum laser power for the system,
which is limited by the maximum optical power the detector can take without saturating,

normally expressed in mW/cm’.
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6.2 Relevant equations used in the computer model

A standard Gaussian beam intensity profile was created using the equation

xl

P e_;'z'
2

/]

1,(x)= (6.1)

2nG

where P is the total power in the laser beam.

In order to maintain the relationships between the time aperture of the system which is
proportional to ¢,/V, and the frequency of the modulated signal, the number of points
calculated for each standard deviation in Eq. (6.1) was related to the sampling frequency,
used to generate the test signals

StdDevPoints = ‘;—0 * £, (6.2.)

a

Egs. (6.3) and (6.4) are examples of the signals used to test the system, the FSK signal

was created using

FSK(t):= sin[2n(f, = f,10)!] t=0-1ps
FSK(t):= sin2n(f, + f 1 )!] t=1-2pus (6.3)

and the Biphase signal
BPSK(t):=sin[2nf 1] t=0-1ps

BPSK(t):= sin[2nf .t + 7] t=1-2upus (6.4)

It may be shown (Appendix B) for an unmodulated carrier applied to the AO-cell, that the
intensity profile of the beam in the focal plane of the lens is also Gaussian with the

standard deviation o, given by
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where A is the wavelength of the light and 1, is the focal length of the lens. This is obtained

by squaring the Fourier transform of the square root of the intensity profile.

When a modulated signal is applied to the Bragg cell, the light amplitude profile at the
detector is proportional to F(x) the Fourier transform of the applied signal. The signal from

the left and right elements of the bi-cell are

-g/2 @
S, =k j P(x)dx Sp =k j P(x)dx (6.6)
— gl2

where P(x) is the PSD of the signal instantaneously within the cell ( i.e. [F(x)l2 Jand k is a

constant dependant on the responsivity of the cell.

From Eq. (4.8) the displacement 3x of the diffracted spot at the detector due to a change
in frequency &f can be shown to be

M,
O8x = lf89 = V_Sf (67)

if we divide Eq. {(6.7) by Eq (6.5) we obtain

ox _ Eg,f (6.8)
o} 14

! u

This ratio, which expresses lateral deviation 8x of the diffracted spot at the detector due to
applied frequency &f, in terms of the spot size, is independent of the laser wavelength and
the focal length of the lens. Therefore the model refers all measurements at the detector,
including the size of the bi-cell gap to the standard deviation of the unmodulated beam at

the detector o,.

6.3 Tmplementation of the model

Once the sampling frequency has been set-up and the number of samples decided, the IR
digital bandpass fiiter can be generated. The filter generated is an eighth order Butterworth

filter, set to the required bandwidth, normally 1 MHz, at a centre frequency of 50 MHz.
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Figure 6.14 Fourier transform of signal and Gaussian window, with the two detectors of the bi-cell marked

The results of the summations across the two detectors are stored as the Gaussian is moved

across the signal, and plotted as shown in Figure 6.15.

Time ps

Figure 6.15 output of each bi-cell

Finally the sum and difference of the two traces shown in Figure 6.16 are plotted and

analysed in terms of spectrum, standard deviation, variance and SNR.
1 T |

I I I I {

Volts
2
| . " ,“ —
0 - e - - I Lo
-1 i R Y 1 1 3
0 1 2 3 4 5 6
Time ps

Figure 6.16 Sum and difference of the bi-cell outputs

60




7. FM System analysis

This chapter analyses and in most cases develops theory for several areas of the FM
demodulation process, these are:

1. The frequency dependent deflection of the beam and its displacement at the detector
assembly.

2. The effect of the Gaussian beam on the linearity of the system when it is swept across
the bi-cell detector, and how different gap sizes affect the linearity of the system.

3. The minimum detectable frequency deviation, limited by the detector noise.

4. The effect of introducing FM noise onto the carrier signal on the response of the system,

and optimum levels for clipping these ‘noisy’ signals.

7.1 Deflection measurement

Chapter 4 provided a brief introduction to the theory behind AO devices, it was shown (Eq.
(4.41)) that a change in applied frequency results in a proportional change in the deflection
angle of the beam from the AO cell. This change in deflection angle is measured as the
beam moves across the bi-cell. The magnitude of this detected signal depends on the
optical geometry of the system.
The simple lens and detector arrangement used in the AO modulator is shown in Figure
7.1. The detector is in the back focal plane of the lens so that dx is affected only by the
angular displacement of the beam o, which for small angles is given by the equation

o =j57x (rads) 7.1
where 8, is the displacement at the detector and I, is the focal length of the lens. If Eq.
(7.1) is substituted in Eq. (4.41) for a we get
My
v

a

ox =

5f (7.2)

agreeing with Eq. (4.54) and which is frequently used in the forthcoming analysis.
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Figure 7.1 Displacement of the beam in the focal plane of a lens

7.2 The system linear range for FM.

The raw beam pattern from a normal laser operating in TEM(0,0) mode is a truncated
Gaussian. In the (u,v) plane this can be expressed as

2 2
exp{—u ke :l (7.3)

2c 02

Is(u,v) =

2ng 02

where P is the total power in the beam and o, is the standard deviation of the Gaussian in
both the u and v direction. It does not matter if the standard deviation into the v direction is
not identical to that of u, as the bi-cell integrates across the whole of the beam in the v
direction. The beam profile at the bi-cell after the beam has been deflected and focused by

the lens is still Gaussian,

2 2
1,6, y) = -2 exp[—x *) ] (7.4)

2
21[0,2 20!

where P is the power in the deflected beam and it is shown in Appendix B that

A
o, = S

4nc ,

(7.5)

When the carrier i1s unmodulated the beam is centred on the bi-cell, and since the deflection
from the modulation is equally likely to be positive as negative the average background
light intensity, Py, falling on each detector is

[« ¢ o]

Po= | (1 yyasay = PIQ[—;Q (7.6)

—ng/2
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where g is the gap size expressed in units of o, and the Q function is defined as

2

oy
;oo
O(x) = mxje 2 gy 7.7

The modulation transfer function can be modelled by calculating the signal power, P,
which is the change in light intensity as the beam is deflected by a distance 8x from the

central undeviated position, (see Figure 7.2).

w dx—g/2
P, = J' j 1,(x,y)dxdy (7.8)
-0 —o0
and
@ w0
Pp= | [10xp)avay (7.9)
—w0dx+g/2
where 0x is given by Eq. (7.2)
Left Cell Right Cell

~ um i

o [~~~ Beam

g/2-5x e \ g/2+8x
—p 5)!:4—
-0 0 +oo

Figure 7.2 Deviation of the beam with respect to the gap size

This is the deflection equation for an AO cell with a lens of focal length |; in the optical

path. The double integrals of Eqs. (7.8) and (7.9) can be split up in terms of x and y
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P - P —x2
Py == J'exp Yy _ J' exp——d (7.10)
anoy 207 2ne; 20,

and

o ¢}
A -y*
Pop = _[ dy J' exp—dx (7.11)
yane? o 2"' \/Zﬂﬁrax+g/2 207

The integrals with respect to y in the above equations are constant and equal to unity. This

leaves a much simpler 1-d integral

P ox~g/2 2
Py === [ exp=Sa (7.12)
2ro;  _o 20':
fr o}
P 2
Pip = 1 - '[ exp—dx (7.13)
V2O §e4gi2 207

The total area of the Gaussian is P,, therefore Egs. (7.12) and (7.13) can be rewritten

0 2
R P
Py == [ exp—ax (7.14)

L2
2O} 5x_g/2 207

Sx+g/2

P 2
Pp=t__1 I exp—dx (7.15)
2 2n0‘? 0 20:

The difference of P, and Pg was calculated numerically for various values of 8x between

the limits of £o,, using Mathcad, for three different gap sizes shown in Figure 7.3.
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Figure 7.3 Modulation Transfer Function for varying gap sizes

This shows that with no gap we gain the same modulation transfer function as for the knife
edge detector [2], but as the gap size increases the linear range increases slightly, as

verified in Figure 7.4.

The integral analysis of the modulation transfer function requires a large number of
numerical integrations to be performed and does not lend itself easily to finding a linear
approximation to the transfer function.

As shown by Brooks [2] if we limit the ratio of 8x to o, to less than unity i.e.

ox

<1 (7.16)
G,

then we can evaluate the integral by expanding the exponential as a power series and
integrating term by term.
Knowing that

2 3 4
F=lrzt i I 4 forlz <] (7.17)
21 31 41

Then substituting z for
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o
20';'Z
which gives us
__xz 2 4 6 8
2 X X X X
e 2%t =1- + -

- +
262 8c2 4807 384c?

substituting Eq. (7.19) into Egs. (7.14) and (7.15) we obtain

(7.18)

(7.19)

7
(g/2-0x) +] (7.20)

o BB [, s (8/2-80° (g/2-8x)°
sL — 5 3 b4 602 400.4 <
U2Tt0‘t ¢ ! 3366,
and
i A 12+8x)° (g/2+60)° 7
PsR:?]——lz[g/2+8x—(g +26x) +(g +fx) _(g/2+56x) +] (7.21)
\2no 6o ; 400 3360,
giving
p A A g/2—8x_l(g/2—6xj3+_L(g/2—5x
SR RVCE G, 6\ o, 40 o,

A P

5 7
J 1 (g/2—8x] .
336 o,

(7.22)

Pp=—-
SR=5 \/27:{ o, 6 o, 40 o,

g/2+8x_l(g/2+6x)3+i[g/2+6x

5 7
J 1 [g/2+8x] V.
336 c,

(7.23)

These expressions were expanded, P was subtracted from Py to give Pppr and the linear

terms (i.e those in dx were extracted from the resulting function. Using these linear terms

only we get

or
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The difference between this power series approximation and the value obtained from the
full integral of the MTF is simply the sum of all the higher order terms omitted from Eq.
(7.25) This difference is plotted as an error for different gap sizes in Figure 7.4. It is clear
from this figure that the system becomes more linear as the gap size increases, although it
must be remembered that this is at the expense of the resolution of the system (see Figure

7.6)

15

Error (%)

10 -
-~
.
~
o’

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

g=0
____________ g =0,
_______________ g =306/2
...................... g =20,

Figure 7.4 Error in linear approximation to MTF

If an error of less than 1% was required it can be seen that for a gap size of zero this would
limit the value of |8x/g|| to 0.2 whereas for a gap size of 2o, the value of &x/c, would only
be limited to 1. This allows us to calculate the maximum frequency deviation for a given

system before the MTF causes significant non-linearity and distortion.
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7.3 Shot noise limited resolution for FM demodulation

It has been shown in section 7.2 that there is a direct relationship between the change in the
optical power falling on each detector and the applied frequency. The smallest detectable
frequency deviation will be when the signal level due to the change in optical power is
equal to the signal level due to the combined noise of the two detectors. To calculate this
minimum deviation we first examine the detector noise.

It has been shown [2] that it is valid in all practical cases to ignore the thermal noise
component of the system (i.e. when 2eB R,P, >> 4kTB,/R,) as the large amount of
background illumination due to the laser beam gives rise to a large shot noise signal. For a
laser power of 1 mW Brooks [2] showed that the shot noise was a factor of 10 greater

than the thermal noise. The signal current at the output of the photodiodes is given by

ig, =R, (P, + Py) (7.26)
and

isg = Ry (P, + Pip) (7.27)

Where i and igg are the signal currents for the left and right bi-cell elements , R, is the
diode responsivity and P, and P are the optical signal powers falling on the left and right

bi-cell elements. The shot noise currents in the two photodetectors are given by

i, =2eB.R; (P, + Py) (7.28)
and
i.x° = 2eB R, (P, + Pg) (7.29)
bi-cells Trans Amps
(Py+Py) I\ iy =Ry(PytPy) V= GRy(P,+P,)
— 1)
}
—> R
(Po+Pye) R P#P) 7 V= GRy(Pi#P)

Figure 7.5 Block diagram of bi-cell detector
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Assuming for now that the gap size of the bi-cell is zero, makes the analysis possible. Later
the case when the gap size is not equal to zero will be solved numerically. When the gap

size is zero, Py = - P and so

i.>=2eB,R, (2P, ) (7.30)

where B, is the system noise bandwidth and P, is the background optical power.
The ratio of background power Py, to signal power P can be written as

P

K=-% (7.31)

By
where |K| << 1. Since P, represents the signal and Py is proportional to the shot noise, P/Py,
is related to the signal to noise ratio. P can be represented by Pper or Pgyy depending on
whether we are considering the sum or difference channel, where

Ppipr=(Pp + Py ) - (Py + Per) (7.32)
and

Psum = (Py + Py ) + (P, +Pg) (7.33)

7.3.1 Analysis for very small gap

For this case where the gap in the bi-cell is assumed to be zero and Py _ -Py, Pgyy from
Eq. (7.33) will be constant, (equal to 2P,) and is therefore ignored. We now consider the
case for the difference, in this case P, = Ppjpr. K can be positive or negative depending on
whether the deflection is to the left or the right. To get an absolute limit we must see how
K varies with applied frequency for a given geometry and how it is related to the output
SNR. We will find the value for K for SNR =1. This will be taken as the limit of frequency
resolution

The SNR (in terms of electrical power) is given by

|7

2
_ Ry Ppier) (7:39)
4-(?B,1.R;L Pb

SNR =

L

- b

but Eq. (7.31) allows us to substitute for Py (equal to P,) to give
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_ (KR, Py)”

SNR
4eB, R P,

(7.35)

If we set a unity SNR (equal signal and noise powers) as the minimum SNR limit on

sensitivity then

Konr—1Ra Pp )2
(Ksnr=1RaPp)” _, (7.36)
4€BMR;LP5

This can now be solved for Kqyp=-

(7.37)

It can be seen that there is an inverse relationship between K and both the responsivity of
the photodiode and the background power. An increase in either of these would cause an
increase in the frequency resolution. Obviously the saturation level of the diode limits how
much Py, can be increased. In the case of the two detectors used in the experimental system

this limits the power to 196 pW for the small detector and 7.16 mW for the larger one.

Having assumed that the gap size in Eq (7.25) is zero, i.e. g = 0, it is possible to derive an
equation for the best possible frequency resolution, using

2 ox

P =p — 7.38
oirF = A e (7.38)
. Py 1
since P = and Q(0) = — then
o) 2
2
4P, ox
P = — 7.39
DIFF = s, (7.39}
using Eq. (7.5) gives
Py = Py Y2100 5, (7.40)

M
A
and since ox = ?f-l—ﬁf then

a
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8v2no
Ppirr = Ry — >8f (7.41)

a

PD[FF _ 8\/27’[0
v

0 8f (7.42)
Pb a

which can be rearranged and expressed in terms of K

v
5f = ——2
=3

WK (7.43)

so the minimum resolvable frequency for a given system with a unity SNR is found using
Eq. (7.37)

v, [4eB,

8V2na , \ Ry B

& min = (7.44)

From this it can be seen that there are various system parameters affecting the frequency
resolution. The most prominent are the acoustic velocity of the Bragg cell, the standard
deviation of the Gaussian beam in the AO cell and the diffracted laser power. The simplest
way to increase the resolution is to increase the diameter of the beam in the AO cell o,.
Figure 7.6 shows how the difference output voltage increases with frequency for three
different beamwidths (0.25mm, 0.49mm and 1.49mm). It can be seen that as the
beamwidth increases so does the slope of Figure 7.6 and hence the shot noise limited
resolution improves. The experimental set-up has a beamwidth of 0.49 mm. From Figure
7.6 the output crosses the shot noise signal at 19Hz, this is verified in Eq. (7.47).

Unfortunately increasing o, increases the acoustic transit time 1, which has been shown in
Eq. (4.47) to be inversely proportional to the bandwidth of the system. Decreasing the
acoustic velocity of the waves will also result in lowering the minimum detectable
frequency deviation, although the slow shear mode of the TeO, crystal has the slowest
available acoustic velocity. The final parameter that can easily be changed in Eq. (7.44) is
the background power P,. A plot of laser power against frequency resolution for R, = 0.35
A/W and B, = 800 kHz is shown in Figure 7.7, as expected {from Eq. (7.44) the resolution

improves as the laser power increases.
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We can also rearrange the shot noise formula Eq. (7.35) to give an expression which links

SNR and frequency resolution.
4eB
K= |22n JSNR (7.45)
Ry P,

o, ——a | _Bn /onR (7.46)
40'0 ZER}LP[,

If Eq. (7.46) is compared to Brooks [2] for his analysis of the knife edge we find that the

therefore

bi-cell reduces the minimum detectable frequency by 1/¥2. For the parameters being used

this would give

8fmin=19VSNR (7.47)

7.3.2 Effect of a finite gap size

If a finite gap size is assumed Eq. (7.38) is no longer valid as all the terms involving g in
Eq. (7.25) must now be taken into consideration. This would make the analysis too
complicated, so it was decided to ascertain the effect of the gap size on the SNR of the
system by resolving the power series approximation of Eq. (7.25) and the Gaussian
integrals of Egs.(7.14) and (7.15) numerically using Mathcad. Figure 7.8 shows how the
SNR drops as the gap size increases for a frequency deviation of 19 Hz. As can be seen this

graph also agrees with Eq. (7.47) as when the gap is zero the SNR is 1.

Gap size in units of o,

Figure 7.8 Graph showing how the assumption made for Py compares with the actuat values
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The solid line was calculated using Ppgr as Py - Pp from Eqgs. (7.14) and (7.15) whereas the
dotted line was calculated using the approximation of Eq. (7.25). It can be seen that the

approximation of Eq. (7.25) is accurate up to a gap size of around 2.5 o,.

7.4 Effect of noise on an FM carrier signal

This section sets out to show how Gaussian noise on the incoming signal affects the
performance of the system. The action of individual components in the system means that
it is impractical to attempt a purely analytical solution to the noise performance.

The elements in the system that cause the complications to the analytical solution are the
AO cell, the limiter and the bi-cell detector ; the limiter clips any signal that exceeds a
predetermined voltage causing discontinuities on the signal, the noisy clipped signal is first
averaged or integrated over the time period fixed by the beamwidth of the laser in the bi-
cell, and the power spectrum of the signal is then spatially integrated in two parts over the
area of the two detectors in the bi-cell, before the sum and difference of these signals is
taken.

Therefore the Mathcad model of the system, described in chapter 6 has been used to
simulate the response of the system to various noisy signals. The results of this section
show how the optimum level of clipping is dependant on both the frequency deviation, &f,
and the SNR of the signal at the input to the system. It also shows that the overall SNR loss
of the system is proportional to 6f and the clipping level. The validity of these results is
substantiated with the experimental results shown in Appendix D. These results show the
similarity between the output of the model and the experimental system in response to
various noisy signals.

In each of the following sections the output SNR was calculated as follows; an
unmodulated carrier plus noise signal was fed into the model, the variance of this signal
calculated and stored. A signal containing modulation was then fed through the model, the
output from this was used to calculated the average noise power of the output signal. The

signal power was then divided by noise power to calculate SNR,,,.
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This method of calculating the SNR makes the assumption that the system is linear and as
I have just stated it is not, for the reasons given above. Because of this, although the trends
of the results will be correct, the absolute values will not be correct.

Finally as shown in section 6.3 because Gaussian or white noise has power across the
entire frequency spectrum (Figure 6.4), a bandpass filter is used to try to cut out as much of
this noise as possible. Obviously the narrower the filter the better as far as this is
concerned, so that the signal to noise ratio at the input is as high as possible. The problem
being that the filter has to be wide enough to pass the modulation spectrum, normally
considered to be at least T, where Ty, is the data rate of the modulation, MHz. The input

SNR values given, correspond to noise bandlimited to 1 MHz

7.4.1 The effect of clipping on the spectrum of a noisy signal.

Because noise is always ultimately going to be the limiting factor in any communication
system, the study and mathematical description of its behaviour have become an integral
part of statistical communication theory. Of particular relevance to this system, is the effect
on the power spectrum of Gaussian noise of a ‘clipper’ or ‘limiter’ that chops off extreme
values of noise in a wave. This work was started by Van Vleck and Middleton in 1943 [23]
who looked at the effect of extreme clipping, and clipping at arbitrary levels. The analysis
that follows agrees with the results they published for the demodulator system. They
showed that the ratio of energy in the noise sidebands to that in the carrier increases as the
signal 1s clipped harder and harder.

In order to explain how the change in energy from the carrier to the sidebands affects this
system we look at Figure 7.9 a,b,c,d and e. These diagrams show how the amount of
clipping affects the distribution of energy, between the sidebands and the carrier
component of the signal, as different levels of clipping are used. The levels of clipping
being used limits the signal to 100%, 80%, 60%, 40%, and 20% of the maximum
respectively. It is clear that as the signal is clipped harder more energy is transferred into
the sidebands. The plots b,c,d, and e have all been limited to 0.1 on the amplitude scale so
that it is easier to see the harmonics. Plot a is shown normally as it has no harmonics and

shows more clearly how much of the signal is contained in the centre frequency.
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Figure 7.9 The effect of clipping on the frequency spectrum of the signal
(a)100%, (b)80%, (c)}60%, (d)40%, (€)20%.




7.4.2 The optimum clipping level

In order to find out if there was an optimum clipping level, an unmodulated carrier signal
was fed into the model and the output signal to noise ratio (SNR,,) was calculated from
the variance and mean of the output signal. The SNR,,, was plotted against the level of
clipping, for three separate levels of input carrier to noise ratio (CNR;,) of the carrier

signal, shown in Figure 7.10.

40 T T T T T T T T T
SNRout

30

20

] 10 20 30 40 50 60 70 80 90 100
clip level (%)

—  CNR,=13dB
............... ... CNR;, =20dB
____________ CNR,, = 30dB

Figure 7.10 The effect of clipping on the output SNR

It should be noted in Figure 7.10 and all subsequent plots containing clip level, that 100%
= no clipping .

Figure 7.10 shows clearly that there is an optimum level for clipping a signal and it is
proportional to the CNR;,. It is also clear that it is better to clip a signal too little than too
much. Figure 7.11 shows this relationship between the optimum level of clipping on the
signal and CNR;,. It was plotted with the deviation, 8f, set at 220 kHz. The minimum
clipping level for any frequency with a CNR;, above 40 dB is seen to be 95%, as the CNR,,

drops the amount that the signal has to be clipped increases quite markedly.
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Figure 7.11 Graph showing how the optimum clipping level changes with CNR,,

The minimum clipping level itself is not fixed, but is dependant on the value of &f being
used in the modulated signal. If a lower value of &f had been used the curve shown in
Figure 7.11 would be shifted down by an amount determined by Figure 7.12. This curve
shows the relationship between the minimum clip level at high SNR;, levels and the

deviation &f.

100
optimum L.l [ ......................
clip level

%)

80

60

40

0 50 100 150 200 250
deviation (kHz)

Figure 7.12 Graph showing how the clipping level is affected by the frequency deviation &f.

This means that the plot shown in Figure 7.11 will be shifted on the y-axis depending on
the frequency deviation of the signal. Figure 7.13 shows this for three different values of
of.
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Figure 7.13 Graph showing how Figure 7.12 affects Figure 7.11.

7.4.3 System SNR loss

At this point it was necessary to decide whether the advantages gained from clipping
outweighed the disadvantages. Figure 7.14 shows three CNR;, vs SNR_, plots, taken for a
of of 250 kHz; one with no clipping, one where the clipping has been set to 85% and the
other using adaptive clipping where the optimum clipping level is decided for each CNR,,.
This graph shows that even with the adaptive clipping there is a 1.6dB gain over no
clipping at all, and for a fixed level of clipping there is a risk of losing out over an
unclipped signal if CNR;, is not known to within 10dB

Figure 7.15 Shows how the SNR loss (i.e. the difference between the CNR,, and the
SNR,,) between the input and output of the system depends on the size of the frequency
deviation &f. This plot was calculated using no clipping of the input signal. From this graph
the expected degradation of the signal as it is demodulated by the system can be accurately
predicted for any given frequency deviation. The reason for the lack of linearity at the top
of the plot is due to the tranéfer function of the bi-cell which ceases to be linear at the
higher frequencies, see section 7.2. Obviously if clipping had been used the plot would be

shifted up or down depending on the level of clipping and the CNR;,.
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7.5 Summary and conclusions

Having derived the useful relationship between 8x and 8f for the system (Eq. (7.2)) in
section 7.1, section 7.2 goes on to show the effect of different gap sizes on the modulation
transfer function Figure 7.3, and verifying these results using Eq. (7.25) which confirms
that the linear range of the output increases with the gap size.

Section 7.3 derives Eq. (7.44) which shows the shows how the parameters P,, 6, and V,
are related to the minimum detectable frequency deviation. Figure 7.6 and Figure 7.7 show
how increasing o, and Py respectively improve the systems resolution. Finally by using the
parameters from the practical system in Eq. (7.46) a value for the minimum detectable
frequency is calculated as

&f = 19VSNR

We now move onto section 7.4 which looks at the effect of putting noise on the carrier
signal. Firstly Figure 7.11 shows that the effect of clipping a signal too hard is much worse
than not clipping a signal at all. With this in mind, an optimum level of clipping was
calculated for each SNR;, and each 6f. Figure 7.12 shows how &f affects the position of
the maximum clipping level.

Figure 7.14 shows the effect of clipping on the SNR loss of the system, adaptive clipping
clearly improves the SNR loss, but the result of getting the clipping level wrong is shown
to be drastic.

It has been shown by Brooks [2] that because the difference output subtracts any AM noise
common to both detectors on the bi-cell, the bi-cell system exhibits a degree of AM

rejection, given by

V
AMrejection(dB) = IOIOg[—"—] (7.49)
86 ,V2nof
which in the case of this system gives
AMrejection(dB) = 54 —101log(df") (7.50}

which gives positive values of AM rejection up to frequency deviations of 250 kHz.

81




It was decided not to clip the incoming signal, when the system is being used solely as an
FM demodulator, and rely on the inherent AM rejection of the difference channel. This
means Figure 7.15 showing how the SNR loss is related to &f is may be used for all signals

to predict the SNR,,, for a known CNR,_.
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8. PM System analysis

The system is able to detect phase changes on the carrier signal because of their effect on
its power spectral density (PSD) shown in the diffracted laser beam. It has been shown by
Reeve and Houghton [3] that the Fourier transform (the effect of the lens) of the signal
windowed in the AO cell causes the PSD to spread its power away from the centre of the
diffracted beam toward the edges at the detector. It will be shown in chapter 9 that the
symmetry of the spread of power away from the centre of the beam is related directly to the
size of the phase shift applied.

[t is possible to detect this distortion of the PSD on the sum and difference channels of the
bi-cell. The difference channel responds to the non symmetrical distortion of the PSD and
the sum channel responds to the spreading of light away from the gap of the bi-cell where
it is lost, and onto the detectors.

This chapter analyses and in most cases develops theory for several areas of the PM
demodulation process, these are:

1. The variation of the system output for descrete phase changes between +x rads.

2. The effect of the gap size on the demodulation of phase changes for the sum and
difference channels.

3. The minimum phase shift detectable by the sum and difference channels.

4. The effect of introducing noise onto the carrier signal, on the response of the system, and

optimum levels for clipping these ‘noisy’ signals.

8.1 Variation of output of bicell system for discrete phase shift

Consider the situation when a sinusoidal carrier of temporal angular frequency @ rads/sec
containing a single phase shift ¢ radians is applied to an AO cell, whose acoustic velocity
is V,. The peak output from the system occurs when the phase shift of ¢ rads is in the
centre of the Bragg cell aperture. This is when the maximum distortion of the PSD takes
place (see chapter 9). The signals in the left and right sides of the AO cell aperture at this

instant can be represented as
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= 2R(u)cos(%) - 2I(u) sir{%) (8.9)

The power spectral density is therefore

P(u) = 4R%*(u) cosz(%) +41%(u) sinz(%) — 8R(u)l(u) sin@) cos@) (8.6)
= 2R? (w)[1+cosd]+ 212 (u)[1-cosd — 4R(u)l{u)sing] (8.7
= 2R%(uw)+21% (u) + 2[R % (u) - 17 (u)]cosd — 4R()I(u)sing (8.8)

The outputs of the left and right hands element of the bicell are respectively

-g/2

s, =k IP(u)du and  sg =k jp(u) du (8.9)
—0 g/2

where g is the gap between the bicell elements and k is a system constant, giving

-g/2
sp = k _[2R2(u)+212(u)+2[R2(u)—12(u)]cos¢—4R(u)l(u)sin¢du
(8.10)
and
sp = k J‘2R2(u)+212(u)+2[R2(u)—12(u)]cos¢—4R(u)[(u)sin¢du
g/2
(8.11)

Remembering that R(u) is an even function and I(u) is an odd function it follows that Rz(u)
and Iz(u) are even functions and R(u)I(u) is an odd function. The above equations may

therefore be written as

s, = aj+ajcosp+aysing and sg = aj+apcosp—assing (8.12)
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where

—g/2
a; = k jZRz(u)+21 (u) du=k I?_R (u)+2I (u) du (8.13)
g2 —00
-g/2
a, = j'z[R (W) ~12(Wlu = k jz[R (u) - 12 (w)du (8.14)
g/2
-g/2
a3 = k I4R(u)](u)du-—k _[4R(u)1(u) du (8.15)
g/2 —m

Taking the sum and difference of the outputs of the bicell elements gives

Psype(9) = 2(ay +apcosd) and Ppirr($) = 2azsing  (8.16)

Solving the equations for a;, a,, and a, numerically for a Gaussian window, using Mathcad,
(see Appendix C) gives a positive value for a; and a; and a negative value for a,. Figure
8.2 shows the numerical solutions of Eq. (8.16) for the peak deviations in the sum and

difference outputs for a series of phase shifts between - and +n radians.

SUM 1.5

B a2 o 72 x
~o - Phase change

Figure 8.2 numerical solution of equation 8.16.
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The output level caused by a phase change in the centre of the Gaussian aperture was
subtracted from the output level for the carrier only and plotted against the various bi-cell

gap sizes.

Pulse
amplitude

Gapsize in units of @,

Figure 8.4 Pulse amplitude versus gap size_

Figure 8.4 shows how the amplitude of the spikes, shown in Figure 6.16, which will be
shown to be produced by instantaneous phase shifts (chapter 9) are affected by the size of
the gap between the detectors with respect to the standard deviation of the Gaussian beam
at the detector o,. The solid lines represent the sum output and the dotted lines represent the
difference. The relationship was plotted for three different phase shifts; n,n/2 and n/4. It
can be seen from Figure 3.2. that the optimum gap size for the difference output would be
zero, whereas the sum output gains its maximum level for a gap size of 3 o,. It was decided
that a good compromise would be to set the gap size to be between 2 ¢, and 3 o,. The

mathcad file used to generate Figure 8.4 can be found in appendix C.
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8.3 Shot noise limited resolution for PM

8.3.1 Sum channel

In a similar way to the frequency modulation analysis, section 7.3, this section looks at the
smallest instantaneous phase change that can be detected by the demodulator system. The
output voltage from either the sum or difference channel when the phase change is in the
centre of the AO cell, is subtracted from the normal output from each channel when no

modulation is on the carrier. This leaves the change in voltage caused by the phase change.

Psum(®)

Figure 8.5 Graph showing APgy Psum(9), and Pgy(0).

From Eq. (8.4) it can therefore be written that

APpirr = Ppirr($) = Ppirr(0) = 2Pjaz sin($) —2 Pajy sin(0) (8.17)
and
APsym = Psum (9) — Psym (0) = 2Py (a| +a; cos(¢)) - 2Py (a| +a; cos(0))

(8.18)
where P, is the diffracted optical power, ¢ is the phase change and a;, a, and a, are
constants given in Eq. (8.13), (8.14) and (8.15). The sum and difference are then divided by
the shot noise giving

2
(APguMmR )

SNR M ='7§§g%§€%_' (8.19)
peBnPby

and

_ (8PpiprRy)? | (kPyR;)?

SNR pypf = -
PIFF = "2R,eB,P,  2R;eB P,

(8.20)
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where Py, is the total optical power falling on the two detectors when the phase change is in

the centre of the AO cell, this is therefore given by Pg(9).

Py = Pgym(9) = 2P (a; +a; cos(¢)) (8.21)

In order to find the minimum detectable phase change, we continue as for the FM case.

APgym = 2Pja; (cos(¢) - 1)) (8.22)
using Eq. (8.21) gives

APeypy = 2Fa; (cos(9) - 1)) 8.23)

2(a; +ap cos(9))

therefore

_ APsym _ 2 (cos(p) - 1)) (8.24)

Ks
Py a| +aj cos(¢)

as K¢ for SNR =1 is given by Eq. (7.37)

4eB,
KSSNR=| = m (825)
Eq. (8.24) can be written
4 -1
B, _ay(cos(¢) - 1) 526
R,Py, a;+ajycos(d)
substituting for Py,
2 2
4eB,, _a3 (cos(d) 1))7 (8.27)
Ry 2P (ay +azcos($)) g +a, cos(9)?
which is equal to
2eB, a3 (cos(d)-1))>
f=—¢ (8.28)
R; P ay + a, cos(d)
collecting the cos(¢) terms together gives
2eB,(a) +a; cos(9)) = Ry, P,a% (cos(d) - 1))2 (8.29)
2eB,ay +2eB,a5 cos($) = Ry, Pia3 (cos($)? —2cos(d) +1) (8.30)

which can be written as a quadratic
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Ry Piay? cos(6)” — 2Ry Pia3 —2eB,a;)cos(d) + Ry Pad — 2eB,a; =0 (8.31)

which can be solved for cos($). Two roots are produced, which when the values for aj, a
and a;, numerically calculated using mathcad are substituted in gives one reasonable and
one impossible value for cos(¢) . It is possible, as for the FM analysis, to get an expression

which links SNR and minimum detectable phase shift.. This is done by rearranging Eq.

(7.36) to give Eq. (7.45)
4
K= |2Bn jSNR . (8.32)
R Fy

We can then substitute this in Eq. (8.25) and thus the reasonable root of Eq. (8.31) can be

written in terms of the system SNR and thus a value for Prminsum) Calculated.

Using the normal system parameters, as given in chapter 5, gives

e
‘bmin(sum) = 3_0\/SNR (832)

8.3.2 Difference channel

Similarly for the difference output we get

APppr = P 2a3(sin($)) (8.33)
using Eq. (8.21) gives
__Pp2a;3(sin(9))
APpipp = 2(a; +ay cos() (8.34)
therefore
K. = APpiFr __a3(sin(§)) 8.35)
DT TR 4 taycos(d) '

which can be rearranged and expressed in terms of K,

91 20050) k- _ ging) (8.36)

as
50 the minimum resolvable phase for a given system with a unity SNR is found using Eg.

(7.37) from
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a) +az cos(9) |4eB,

(8.37)

sin ) =
(¢’ mln) a3 _RA. Pb

Again values for a;, a, and as, calculated using mathcad are substituted in and linking the
SNR and minimum phase for the difference. In the case of the difference we can assume
that as ¢, 1s small cos(¢) = 1 so that

4¢B
sin(@ ;) = 192 1270 [oNR (8.38)
n
az \R\Fy

which using the normal system parameters gives

T
Prmincdim = 9166 VSNR (8.39)

8.4 The effect of clipping on PM

When considering the response of the system to phase modulation the first point to be
noted is that both the sum and the difference channels are used to demodulate the signal.
The response of the difference channel to band limited Gaussian noise will be identical to
that when the system is being used as an FM demodulator. Therefore it is only necessary to
consider the effect noise will have on the sum output.

Figure 8.6 shows the relationship between the optimum level of clipping on the signal and
the CNR of the signal at the input to the system CNR;;. The optimum clipping level for any
frequency with a CNR;, above 40 dB is seen to be 70 %, and again as in the case of the
difference channel, as the CNR, falls the amount that the signal has to be clipped increases

quite markedly.
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Figure 8.6 Optimum clipping level versus CNR;,

By comparing Figure 8.6 to Figure 7.10, which shows the optimum clip level of the
difference output versus the CNR;,, it can be seen that the overall shape of the curves are

similar although the curve for the sum falls off at half the rate as shown in Figure 8.7.

100

Optimum e
clip level P
(%) 80 -

60 _" /

40

------

dBin

Figure 8.7 Graph showing how the optimum clipping level for the sum channel differs from the optimum
clipping level for the difference channel.

As with the difference channel, it was decided to look at what was being gained by
clipping the signal. Figure 8.8 shows three CNR;, to SNR_, plots, taken for a phase change
of n/2 rad; one with no clipping, one where the clipping has been set to 65% and the other

using adaptive clipping where the optimum clipping level is decided for each CNR;,.
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Figure 8.8 Graph showing the effect of different levels of clipping SNR,,, versus SNR;,.

This graph shows that with the adaptive clipping the SNR has a gradient of 2 whereas the
gradient of the slope for no clipping is 1. It can also be seen from Figure 8.8 that even a

constant level of clipping is preferable to none at all

8.5 Summary and conclusions

This chapter has shown how the AO demodulator performs when it is being used as a
phase demodulator. Section 8.1 derived equations relating the instantaneous phase shift ¢
to the output of the system. Concluding that the sum and difference of the outputs of the

bicell elements gives

PSUM (d)) = 2(31 +as COS¢) and PD/FF(¢) = 203 sind) (8]6)

where ¢ is the discrete phase shift and a,, a,, and a, are constants calculated from Eqgs.
(8.13), (8.14) and (8.15) respectively.

Section 8.2 goes on to show the optimum gap size of the bi-cell in terms of the standard
deviation of the laser beam at the detector, o,. Figure 8.4 shows that there is a conflict
between the optimum gap size for the difference channel and the sum channel. It was

decided that a good compromise would be a gap size of between 2 o, and 3¢,
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The shot noise limited resolution of section 8.3 derives two equations for the minimum
detectable phase changes, one for the difference channel and one for the sum channel. For
the parameters used in the practical system the minimum detectable phase shift for the sum

channel 1s
n
¢min(sum) = 3_0‘ \jSNR

and for the difference channel is

s
9166

Finally in section 8.4 the effect of various levels of clipping of the carrier signal (CNR;,)

VSNR

¢min(diff) =

on the output signal to noise ratio (SNRy,) are presented. It is shown that the level of
clipping required for the sum is greater than the level required for the difference channel. It
is also shown that any level of clipping improves SNR_,,. Obviously the signal can only be
clipped once so there has to be a trade off between the performance of the two channels.
For purposes such as Doppler detection, (see chapter 9), and FM signals the difference
channel contains all of the useful information, so obviously the system would be set up to
optimise its performance. As a surveillance receiver the information is contained on both
channels, but as using Eq. (8.16) for Ppre(¢) it is theoretically possible to calculate the
phase shift from the amplitude of the spike, it would seem reasonable to optimise the

clipping level for the difference channel again.
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9. Simulated results from the model

The mathematical model described in chapter 6 was used to simulate the response of the
AQ demodulator to a variety of modulated signals, these are; discrete phase shift of n, +
7/2, + /4 and * 3n4 ; frequency shift keying signals ; phase shift keying signals ; a pulse
doppler signal; and a carrier signal containing AM noise.

The model (the listings of which can be found in appendix C) created these modulated
signals and simulated the effect of each of the components, described in chapter 5, on the
overall output of the system. These results were then used to explain exactly what was
going on in the system and why the output of the system responded in the way it did to
different input signals.

It is also shown how it is possible to decode the waveforms produced by the sum and
difference channels in response to the digitally modulated inputs. The simulation results
gained from the software were based on a 50 MHz carrier signal modulated by the
appropriate form of modulation. In each case the model was used to produce a plot
showing the effect of the modulation on the shape of the Gaussian beam profile during the
transition stages, and the sum and difference output of the bi-cell. The plots of the beam
profile show five representations of the diffracted beam as the change in modulation (be it
frequency or phase). These five plots show the effect on the beam as the change in
modulation; 1) approaches the AO window, 2) is one quarter the way through the AO
window, 3) is half way through the AO window, 4) is three quarters the way through the
AO window, 5) has passed all the way through and out the other side.

9.1 Digital phase modulation

This section shows how instantaneous phase shifts of ©, £ n/2, + n/4 and % 374 affect the
power spectral density, PSD, of the diffracted beam and hence the effect on the sum and
difference output channels of the system. It is shown that the system can accurately
identify all of these individual phase shifts by examination of the sum and difference

channels.

96



9.1.1 Phase shift of n.

A 7 phase

shift is put onto the 50 MHz carrier signal, the effect of this on the shape of the

beam at the detector can be clearly seen in Figure 9.1 with the intensity dipping to zero in

the centre of the beam (when the phase change is halfway through the cells aperture). This

effect was previously described by Reeve and Houghton [3].

0.5

Power Spectral Density
T T T T
Left cell Right cell
- - h ~
::___.1':-'::——1 1 —--:——_I‘-‘:_—_:
8 6 4 4 6 8

Displacement at detector in units of o,

Figure 9.1 Simulation of beam spectral density function in response to BPSK input signal.

The system

output shown in Figure 9.2 shows how the sum of the bi-cells outputs {upper

trace) increases as the phase change goes through the cell due to the power being taken

away from the gap between the two cells and spread onto the active areas. As the change in

distribution is symmetrical there is no change on the difference channel.

Volts

-

Time ps

Figure 9.2 Simulation response to n PSK input, on a 50 MHz carrier frequency.
upper trace : sum. lower trace : difference.
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9.1.2 Phase shift of /2

Figure 9.3 and Figure 9.4 show how the spreading of the intensity described above is no
longer symmetrical but is shifted to one side or other of the centre of the beam according to

whether the phase change is n/2 or -n/2.

Power Spectral Density
1 I I T ]

Left cell Right cell

(-l o 7]
~
- ~

o I iy e B e S

-3 -6 -4 4 6 8

Displacement at detector in units of g,

Figure 9.3 Simulation of beam spectral density function in response to +n/2 input signal.

Power Spectral Density
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Displacement at detector in units of g,

Figure 9.4 Simulation of beam spectral density function in response to -n/2 input signal.
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Figure 9.5 shows that the sum still increases as the phase affects the shape of the pulse
although not as much as for the m phase change, this time the difference is also affected due
to the non symmetry of Figure 9.4 and Figure 9.3. A positive spike on the difference
channel indicates a phase change of n/2 and a negative spike indicates a phase change of -

/2.

Volts

Time ps

Figure 9.5 Simulation response to +n/2 and -n/2 input on a 50 MHz carrier frequency.
upper trace : sum. lower trace : difference.

9.1.3 + n/4 and + 3n/4 phase shifts

Rather than show all four PSD’s for + n/4 and = 3n/4, here are shown the PSD’s for -r/4
and -37/4 only. As in section 9.1.2 for the +r/2 phase shifts the PSD’s for +n/4 and +3n/4

are simply mirror images of Figure 9.6 and Figure 9.7.

Power Spectral Density
! T T T —
Left cell Right cell
s ]
o [T s L
-8 -5 —4 4 6 8

Displacement at detector in units of o,

Figure 9.6 Simulation of beam spectral density function in response 1o -n/4 input signal.
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Figure 9.7 Simulation of beam spectral density function in response to -3n/4 input signal.

The system output shown in Figure 9.8 shows how the sum of the bi-cells outputs (upper
trace) is propertional the phase change due to the different amounts of power being taken
away from the gap between the two cells and spread onto the active areas. Again positive

and negative spikes represent + and - phase changes of n/4 and 3n/4.

Volts

LS\ JA\

Time ps

Figure 9.8 A 50 MHz carrier modulated by £n/4 and +3n/4.
upper trace : sum of bi-cell. lower trace : difference of bi-cell

9.1.4 Summary

Section 9.1 has shown that the PSD of the beam and hence the output of the system have

different responses to each of the phase changes applied. It is therefore possible to identify
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individually each of the phase changes. The distinguishing outputs on the sum and
difference channels are shown in Table 9.1. It should be remembered that a,, calculated

numerically in chapter 8, is always negative.

Phase shift Sum Difference
T tallest spike Constant
+n/2 medium size spike o a; + a, cos(¢) * spike oc a5 sin(¢)
+n/4 small spike o a, + a, cos(¢) + spike o< a; sin(¢)
+3n/4 tall spike o a; + a, cos(¢) * spike oc a3 sin(d)

Table 9.1 Summary of the effect of phase shifts on the sum and difference channels

9.2 Digital frequency modulated signals

Frequency shift keying (FSK) is binary frequency modulation of the analogue carrier. Thus
a voltage controlled oscillator can be used with the two voltage levels of the data, shifting
the carrier to two descrete frequencies, one of which represents binary 1 and the other
binary 0. In a simple system no care is taken at the transition points to preserve the phase,
this results in phase discontinuities at these transition points. Systems that do preserve the

phase at these transitions are called continuous phase - FSK (CP-FSK).

9.2.1 Continuous Phase - Frequency Shift Keying (CP-FSK)

A 50 MHz carrier signal was deviated by £250 kHz. Figure 9.9 shows the shape of the
diffracted beam at the detector does not change very much, except that it broadens slightly
when the transition between the two frequencies is in the centre of the acousto-optic cells
aperture. The only effect is to shift the position of the beam along the axis by an amount
proportional to the frequency deviation. This is an example of a CP-FSK signal. If there is
any constant voltage change on the difference output it indicates a change in frequency
from the carrier frequency. The system output shown in Figure 9.10 is an example of a CP-

FSK signal with alternate positive and negative frequency changes.
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Figure 9.9 Simulation of beam spectral density function in response to CP.-FSK input signal.

Volts

___________________

Time pus

Figure 9.10 Simulation response to CP-FSK input on 50 MHz carrier frequency.
upper trace : sum. lower trace : difference.

9.2.2 Frequency shift keying (FSK)

The result of the phase discontinuities of normal FSK can be clearly seen by the distortion
of the PSD in Figure 9.11, this causes the pulses on both the sum and difference at the

transition points of Figure 9.12.
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Figure 9.11 Simulation of beam spectral density function in response to FSK input signal.

Volts

Time ps

Figure 9.12 Simulation response to FSK input on 50 MHz carrier frequency, pulses on the sum caused by
phase changes during frequency transitions. Upper trace : sum. lower trace : difference.

9.3 Practical Phase Shift Keying signals

This section presents the outputs from the various PSK modulation techniques discussed in
section 2.3. In PSK the phase of the carrier signal is switched between two or more values
in response to a binary message. The majority of practical digital modulations use two-
dimensional signal constellations in which the first dimension is the cosine carrier signal
and the second is the sine carrier signal of the same frequency. These rely on accurate
phase reference in order to keep them orthogonal, a scheme that needs a reference is called

a coherent modulation. Conversely a scheme that can work without a phase reference is
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called an incoherent modulation. Because the AO demodulator will have no idea of the bit
rate of any of the signals it is demodulating, in all these examples the bit rate is assumed to
be the time between the two closest changes of modulation. Over a long enough signal

sample this will be true.

9.3.1 Binary Phase Shift Keying (BPSK) / Differential phase shift keying (DPSK)

For binary modulation a 180° phase shift is often used because it simplifies the modulator
design, this is known as phase-reversal keying (PRK), or BPSK. No phase shift denotes
binary 0 and a n phase shift denotes a binary 1. In a DPSK scheme, the data are encoded
into the transition from interval to interval. Differential encoding uses the rule that there is
no change in the output state if a 1 is present at the input and there is a change if a 0 is
present.

BPSK and DPSK signals can be identified by a mixture of s.pikes and no change on the
sum channel and nothing on the difference channel. With reference to the results of section
9.1 it can be seen that the wave form of Figure 9.13 was created by phase changes of w, 0,
n, ®, 0, w, n. The BPSK codeword that produced this output was 1011011, a DPSK
codeword producing the same output would be 001001 due to the encoding discussed in

section 2.3.3, see Table 9.2

Qutput phase n|0|n|n|0|=n|n
DPSK codeword ¢loj110]0]1

Table 9.2 Decoding a DPSK waveform.
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Figure 9.13 Simulation results of phase changes using n and 0.

9.3.2 Quadrature phase shift keying (QPSK)

As described in section 2.3.4, a QPSK signal has a maximum phase shift in any one bit of
n. QPSK modulation carries four symbols, each with a different phase. These phases are
spaced by 90° and normally are y = {45°, 135°, 225°, 315°}, which correspond to 00, 10,
11, 01 respectively. The example of a QPSK signal shown in Figure 9.14 is a result of the
instantaneous phase shifts n/2, n, -n/2, n, n/2, -n/2 (From section 9.2). If we assume that
the original state of the signal was 00 or n/4, then we can write the QPSK phase states as
3n/4, 7n/4, Sn/4, /4, n/4 3n/4, 7/4. Thus we can recreate the codeword 10 01 11 00 00 10
00.

- : JL/LA /\ M

Figure 9.14 Simulation response to a QPSK signal
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9.3.3 Offset quadrature phase shift keying (OQPSK)

OQPSK is similar to QPSK except that the carrier phase transitions are transmitted in two
periods. This results in instantaneous carrier phase transitions of only #n/2 from the
previous phase state, as compared to QPSK (and BPSK) that contain = transitions. Again
by looking at section 9.1. it can be seen that Figure 9.15 which was created by
instantaneous phase changes of -n/2, 0, n/2, n/2, /2, 0, -n/2. Again assuming an initial
phase of 00 or n/4, these would result from the transmitted signal phase 7n/4, 7n/4, n/4,
3n/4, S5n/4, 5n/4, 3n/4. Which according to section 2.3.4 translates to 01 01 00 10 11 '11 10,
which would make the values for a' and a®

2 0011

a2 1010
This is shown more clearly in Table 9.3. The binary digit in bold the ‘corresponding

binary’ row is the one which is changed by either the I or Q channel alternately

initial | a’ a- a a- a a’ a a>
phase

Recorded /2 |0 2 | n/2 n/2 0 -m/2

phase

accumulative /4 Tn/d | In/4 | n/4 | 3n/4 | 5n/4 | 5n/4 | 3n/4

phase

corresponding binary | 00 01 01 00 10 11 11 10

| channel 0 0 1 1

Q channel 1 0 1

Table 9.3 Decoding the OQPSK waveform

T TR

Figure 9.15 Simulation response of an OQPSK signal
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9.4 Truth Table

The truth table shown in Table 9.1 characterises the type of waveform that will be
produced on the sum and difference channels in response to each form of modulation
investigated in section 9.3. Using this table it is possible to identify the type of modulation
detected by the system from the waveforms.

(1) CP-FSK. CP-FSK signals are characterised by a shift in level on the difference channel
while the sum remains constant. Unlike the case for PSK signals where the output is a
spike which only occurs while the phase shift is within the laser window, the level change
persists for as long as the frequency remains constant. If there is no phase discontinuity
when the frequency changes, as in continucus phase FSK or MSK, then only the level
changed is observed. The magnitude of the level change, and hence the detectability of the
signal, is proportional to the change in frequency.

(1)ESK. As for CPFSK signals are characterised by a shift in level on the difference
channel while the sum remains constant. The difference being a phase discontinuity at the
frequency change results in spikes on both the sum and difference.

(111) BPSK. Assuming that the two phase shifts are 0 and = radians this is characterised by
a constant difference channel with a spike on the sum channel at each phase shift.

(1iv) QPSK. The four phase shifts are 0, £n/2 and n radians; therefore the possible phase
shifts are also 0, £7/2 and = radians. A spike on the sum channel indicates the presence of a
phase shift and the corresponding state of the difference channel indicates the nature of the
change. The occurrence of all three phase shifts identifies the type of modulation.

(iv) Offset QPSK. Here the only possible phase shifts are +n/2 radians. The absence of the

7 radians phase shifts identifies the type of modulation.
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Modulation Sum Difference
FSK glitches due to ¢ changes | o« frequency and glitches due to ¢ changes
CP-FSK Constant ¢ frequency, no glitches
BPSK Spike Constant
QPSK Spike oc ¢ * spike
OQPSK Spike + spike

Table 9.4 Relating the response of the sum and difference channels to the forms of modulation

9.5 Pulse Doppler measurement

Pulse doppler radar as explained in chapter 3 uses the doppler frequency shift produced by
moving .targets. The recorded doppler shifts can either be used to calculate the relative
speed of the object or more commonly to separate small moving targets from undesired
stationary targets (clutter).

In order to simulate the returning signals from a pulse doppler radar two pulses were
created using the model, one without simulated doppler shift and the other with 10 kHz of
frequency shift. Firstly a 2 ps pulse of a 50 MHz carrier signal is applied to the system, the
sum channel shows that a pulse has been detected and the effect of no frequency shift on
the difference output is a straight line, Figure 9.17. If however we simulate some doppler
shift on the pulse by raising or lowering the frequency of the carrier signal by 10 kHz, we
get the trace shown in Figure 9.18. Again the sum channel indicates the presence of a pulse
but the difference trace is raised or lowered by an amount proportional to the change in
frequency. Figure 9.16 shows how the diffracted beam behaves as the pulse moves into the
Gaussian window and travels through the AO cell. Using Eq. (3.1) and assuming that the
original transmitted frequency of the radar was 9 GHz before being mixed down to 45
MHz we find that the velocity represented by 10 kHz is

y = 3¥10°*10*10°
2/, 2%9%10°

= 166 m/s (9.1)

It may be noted that the bi-cell gap has been narrowed, in order to improve the

performance of the system for small frequency measurement. In each case the pulse on the
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top trace identifies that there is a signal present, while the height of the bottom pulse above
or below zero is proportional to the change in frequency. The spikes seen on the difference

trace are due to phase discontinuities at the beginning and end of each pulse.

Power Spectral Density

! T T T T | T T

Displacement at detector in units of o,

Figure 9.16 Simulation of beam spectral density function in response to a 2 ps pulse of a 50 MHz

0.2 T T T
Volts '

015 '

0.05— ! ' 1

~0.01 | | 1 | | 1 | |

Time ps

Figure 9.17 A 2 us pulse of a 50 MHz
top trace : sum output of bi-cell divided by 50. bottom trace : difference output of bi-cell
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Figure 9.18 A 2 ps pulse of a £ 50.01 MHz
top trace : sum output of bi-cell divided by 50. bottom trace : difference output of bi-cell

Skolnik gives an equation for the accuracy of frequency (doppler-velocity) measurement

[9] for a perfectly rectangular pulse as

&f = ¥ 9-2)

1T(2E /N )2

where 8f in this case is the rms error in frequency measurement, T is the pulse width and
2E/N, is the signal to noise ratio. The solid line of Figure 9.19 shows is a plot of Eq. (9.2)
for a 1 ps pulse and signal to noise ratios of between 10 and 40 dB. The second trace is the
calculated rms frequency error from the AO demodulator model. This trace was produced
by calculating the rms error for 6 values of SNR. The rms error was calculated by
producing a 1 us pulse with the appropriate noise, taking the standard deviation of the
signal when the AO window is filled with the pulse, and dividing it by the mean shift
caused by a given frequency deviation. From these values the rms error is calculated, for a
number of pulses and the average value taken. It is clear that the AO demodulator has a
smaller frequency error. For example an SNR of 20 dB gives an rms frequency error of
around 55 kHz for Eq. (9.2) whereas the model predicts an error of 22.5 kHz for the AO

demodulator, an improvement of almost two and half times.
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Figure 9.19 Plots showing the improvement in rms frequency error of the AO demodulator fora 1 s pulse

The rms error is still large even with the improvement that the AO system gives, therefore
either high SNR’s are needed or longer pulses will have to be used. Obviously if the
duration of the pulse is lengthened the rms error will be reduced, as shown in Figure 9.20
for a 2 us pulse. Again the top trace is calculated from Eq. (9.2) and the lower trace is the
predicted response of the AO demodulator from the model.

I-106
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Figure 9.20 Plots showing the improvement in rms frequency error of the AO demodulator for a 2 ps pulse
9.6 AM noise analysis

An example of the AM noise suppression of the system can be seen in Figure 9.21 the top

trace shows the AM signal being added to the unmodulated carrier signal and the bottom
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trace shows the difference output of the bi-cell. AM and laser intensity noise rejection is at
a maximum at the undeviated carrier frequency. The laser SNR (normally quoted in dB’s)

is the ratio of steady state power to noise power and can be expressed [2]

(9.3)

Laser SNR = 1010g(WJ

noise power
The laser SNR will be unchanged as the beam is diffracted by the AO cell, therefore the
beam on the detector will have an identical SNR. The laser intensity noise will therefore
manifest itself as AM noise at the detector which will be suppressed by the AM rejection of
the system. The AM rejection is related to the frequency deviation 8f by Eq. (7.49). In this
case the AM noise suppression is 34 dB. This is an important result for the pulse doppler

measurement as the frequency deviation is measured on the difference channel.
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Figure 9.21 Input signal 50 MHz, no modulation, 10 MHz AM noise.
Top trace : AM noise. Bottom trace : difference output from bi-cell .

9.7 System response to phase changes

In order to determine how the system output changed in response to different phase
differences, the Mathcad model was used. The relationship between the amplitude of the
sum and difference output signals when a phase change, ¢, is in the centre of the Gaussian
window, to that when only the carrier is present, was plotted for a number of phase values

between 0 and n. Figure 9.22 and Figure 9.23.
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Figure 9.22 Simulated phase response of the difference channel,
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Figure 9.23 Simulated phase response of the sum channel.

The plots were reproduced more accurately using another Mathcad model which plotted
100 points of the phase between -n and +n. On these results was superimposed sine wave
and a k-cosine wave as derived in section 8.1, to show how the theoretical results compared
with the output of the model, Figure 9.24. and Figure 9.25. The similarity of the two plots
shows that the model confirms the theoretical results. Experimental verification is

demonstrated in section 10.1.

Phase shift

Figure 9.24 Numerically calculated phase response for the difference channel.
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Figure 9.25 Numerically calculated phase response for the sum channel.
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10. Experimental results

The results shown in this chapter were all taken from the experimental set-up described in
chapter 5. The appropriate signals were generated, either straight from the 2045 signal
generator or on the computer and then down loaded onto the 2045. The system was set-up
for either FM or surveillance (FM and PM) purposes by changing the focal length of the
lens, in order to change the relative gap size of the detector. The stored output waveforms

were then transferred back to the computer from data 6100, and plotted using Mathcad.

10.1 Modulation transfer function

A chirped signal was applied to the AO cell, in order to sweep the beam across the bi-cell
detector. The beam was swept from -2g, to 26, which is equal to the manufacturers quoted
beamwidth at the ¢ point. To calculate the frequency span needed for the chirp to move
the beam by 46, it is necessary to go back to Eq. (7.2).

Mf
ox = —39§
X v f

a
knowing that 8x = 4o, and substituting in for o, , Eq. (7.5) gives
VG

TG,

Sf = (10.1)

which, substituting in for the laser and AO cell being used gave a required frequency span

for the chirp of 1.6 MHz.
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Figure 10.1 modulation transfer function for varying gap sizes

As the AO cell has a centre frequency of 45 MHz this gave a starting frequency for the
chirp of 44.2 MHz.

The Modulation transfer function shown in Figure 10.1 was plotted for 30, 20 and 10 cm
focal length lenses giving values for o, of 123um, 82um and 41pum, using a bi-cell with a
gap size of 127um, this gives relative gap sizes of 5, 3¢,/2 and 30,

This compares very well with the results shown in Figure 7.3 of the analysis of the system.
It can be seen that as the size of the gap size is decreased relative to o, the linear range of

the system is increased.

10.2 Phase transfer function

The signal generator was set up to give a range of phase shifts from zero to « in steps of
n/8 separated by Ips. The result of these phase shifts are shown in Figure 10.2 and Figure
10.3 for the sum and difference channels respectively. The solid line linking the peaks of
the sum output is the a;sinG curve, shown in figure 9.23 and derived in section 8.1.
Similarly the solid line linking the peaks of the difference output is the a,+a,cos6 shown in
figure 9.22 and derived in section 8.1. Clearly there is close agreement between these

results.
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Figure 10.2 Experimental verification of Eq. (8.16). (sum)
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Figure 10.3 Experimental verification of Eq. (8.16). (diff)

10.3 Digital modulation

In this section results are presented from the breadboard system to demonstrate their
agreement with the modelled results shown in the previous section. The bi-cell has a gap
size of 127 um and was used in conjunction with a lens of focal length 10 cm. Using Eq.

(7.5) the value of oy can be calculated as 41 um, therefore the bicell gap is close to 3oy.

Signals for analysis were generated using the Analogic 2045 programmable arbitrary
waveform synthesiser so that precise frequencies and phase shifts could be obtained. This
section compares the performance of the experimental system in response to digitally
modulated signals. The actual signals generated by the 2045 are exactly the same as those
used in section 7.5 for the computer model. The sampled signal data generated in Mathcad
is downloaded on to the 2045 via the IEEE6400 link. In each of Figure 10.4 to Figure
10.10 showing the results of the digital modulation, the upper trace is the sum and the

lower trace is the difference of the bicell outputs
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10.3.1 Digital phase modulated signals

Section 9.1 showed how the different phase shifts produced different outputs from the
models sum and difference channels. This section presents the experimental results in the
same form as section 9.1 for these various phase shifts. The overshoot on the downward
edge of the spikes on the sum channel caused by the response of the detectors in the bi-cell
system. By slowing up their response time these can be lost, but obviously at the expense
of the bandwidth of the system. Figure 10.4 shows the response to a series of © phase
changes, Figure 10.5 shows the response to a series of + n/2 phase changes and finally
Figure 10.6 shows the response to * n/4 and * 3n/4 repeated once. When compared with

figures 9.2, 9.5 and 9.8 respectively it can be seen that the results are in very good

agreement.
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Figure 10.4 Experimental response to a n phase shift. Top trace : sum. bottom trace : difference.
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Figure 10.5 Experimental response to phase shifts of +r/2. Top trace : sum. bottom trace : difference.
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Figure 10.6 Experimental response to + n/4, + 3n/4 phase shifts. Top trace : sum. bottom trace : difference.
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10.3.2 Digital frequency modulated signals

10.3.2.a Continuous Phase - Frequency Shift Keying (CP-FSK)

The CP-FSK signal was generated on the PC ensuring that no phase changes occurred
when the frequency changed. The frequency deviation applied was + 25 kHz and the period
was 2.5 ps, Figure 10.7 . This result should be compared with the CP-FSK signal used on

the model shown in figure 9.10.

1 I ] 1 I I I

4 W’M&rﬁ_’mr

Volts

Time ps

Figure 10.7 Experimental response to a CP-FSK signal. Top trace : sum. bottom trace : difference.

10.3.2.b Frequency Shift Keying (FSK)

In generating the normal FSK signal no care was taken in maintaining phase at the
transition points. Hence the random phase changes shown by the spikes at these points, on
both the sum and difference outputs graphs. As for the CP-FSK the frequency deviation
applied was + 25 kHz and the period was 2.5 ps, Figure 10.8. Again this backs up the

results of the model shown in figure 9.12.
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Figure 10.8 Experimental response to an FSK signal. Top trace : sum. bottom trace : difference.

10.3.3 Practical Phase Shift Keying (PSK) signals

10.3.3.a Binary Phase Shift Keying (BPSK)

The output for a signal containing phase shifts of 0 and n radians is shown in Figure 10.9.
The BPSK codeword that produced this output was 1011011 where a peak represents 1 and
no peak represents zero, whereas the DPSK codeword would be 001001 due to the
encoding discussed in section 2.3.3. These are the same signals used for the model in

section 9.3.1 again very close agreement can be seen between the two sets of results.
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Figure 10.9 Experimental response to a BPSK signal. Top trace : sum. bottom trace : difference.

10.3.3.b Quadrature Phasc Shift Keying (QPSK)

The output for a signal containing phase shifts of 0, n/2, =, —n/2 radians is shown in Figure
10.1. As the phase changes shown are the instantaneous phase changes relative to the
previous change, the phase changes shown are cumulative. i.e. the phase changes are
/2, n,-n/2, n, 0, n/2, —n/2

which makes the actual transmitted phase states assuming the original state of the signal as
for the modelled results of section 9.3.2

In/4, Tn/4, Sn/4, n/4, /4 3n/4, n/4
Which again following the conventional encoding technique (section 2.3.4) would be the

codeword

1001 11 00 00 10 00
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Figure 10.10 Experimental response to a QPSK signal. Top trace : sum. bottom trace : difference.

Clearly there is very close agreement between the results obtained from the model and

those from the breadboard system.

10.3.3.c Offset Quadrature Phase Shift Keying (OQPSK)

The output for a signal containing phase shifts of * n/2 radians is shown in Figure 10.11.

The phase shifts here are -n/2, 0, n/2, n/2, n/2, 0, -n/2, -n/2. 1t is necessary to assume an

initial phase for the system, as for the results of section 9.3.3 it is assumed to be binary 00

i.e. /4. The presence of a phase change (+ n/2) on the signal denotes a change in state by

either the 1 or the Q channel alternatively. Obviously no phase change means that the

channel has not changed state. Table 10.1 decoding an OQPSK output from the system

shows how the codeword can be decoded from the output waveforms, a more detailed

explanation of the decoding can be found in section 9.3.3.
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phase change -n/2 |0 w2 |n/2 |n/2 |0 -n/2 | -n/2

channel [ Q I Q I Q I Q
input signal 0 1 0 0 1 1 1 0

Table 10.1 decoding an OQPSK output from the system
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Figure 10.11 Experimental response to an OQPSK signal. Top trace : sum. bottom trace : difference.

10.4 Shot noise limited frequency resolution

For the frequency resolution results the smaller bi-cell was used as its gap size was only 10

pm, the lens had a focal length of 15 ecm. Using Eq. (7.5) the value of oy was therefore 60

pum, therefore the bicell gap is close to o/6. A Marconi 2022E signal source was
programmed to give a 45 MHz carrier signal. FM modulation at 1 kHz with a variable
deviation width was used as a test signal. Figure 10.12 (a), (b), (c), and (d) show the
difference channel output for frequency deviations of 1kHz, 100 Hz, 50 Hz and 20 Hz
respectively. The shot noise clearly begins to mask the signals at the lower frequency

deviations, and the 20 Hz signal is bearly distinguishable above the noise.
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10.5 Shot noise limited phase resolution

In section 8.3 the minimum detectable phase change was calculated to be n/30 on the sum
output and n/9166 on the difference output. Figure 10.14 shows the sum and difference
response to phase changes of n/8, /16, n/32, n/64. Similarly Figure 10.15 shows the
response to phase changes of /512, n/1024, n/2048, n/4096. These show that the theory
presented in section 8.3 is of the right order for the sum and difference channels, where the

minimum values were calculated to be ©/30VSNR and 7/9166VSNR.
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Figure 10.14 Experimental response to phase shifts of n/8, n/16, n/32, and /64 . top trace : sum. bottom
trace : difference.

127



.0.02 | | | ! 1
0 1 2 3 4 5 6
Time ps
0.02 T T T T j
Volts
0 7
002 - -
-0.04 ] ] | | {
0 | 2 3 4 5 6
Time us

Figure 10.15 Experimental response to phase shifts of n/512, n/1024, n/2048, and n/4096. top trace : sum.
Bottom trace : difference.

10.6 Pulse Doppler measurement

As in section 9.5 if we simulate some doppler shift on the pulse by raising or lowering the
frequency of the carrier signal by 10 kHz the difference trace is raised or lowered by an
amount proportional to the change in frequency, Figure 10.16. Again this compares well

with the results of the model shown in Figure 9.18.
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Figure 10.16 Sus pulses of 45 MHz £ 10 kHz signal separated by 5 ps.
Top trace : difference. Bottom trace : sum
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11. Conclusions

Before the overall conclusions are drawn this chapter emphasises the important results and
conclusions that have been drawn from this study of the AO demodulator system. Again
the operation of the system has been split into different sections, frequency modulation,
phase modulation and digital modulation. Each area has been considered individually as
they perform in different ways, using different characteristics of the system and relying on
different parameters to optimise their performance.

The first section considers the frequency modulation operation of the AQ demodulator, its
limitations, how to interpret its results and how to optimise its performance. The next two
sections consider the phase modulation and the digital communications operation of the
system in the same ways as for the FM conclusions. Finally before the overall conclusions,
the recommendations for future work details where the areas of interest lie for future

investigation into the AO demodulator.

11.1 FM AO demodulator

Firstly it is important to note that the analysis for the frequency modulation assumes that at
any one time only one phase shift is in the Gaussian laser window at the AO cell. This
obviously limits the data rate at which the system can operate to the reciprocal of the transit
time (time for the acoustic wave to travel through the beam). The analysis of the FM
performance of the system started by looking at the effect of the gap size on the linear
range of the system. It showed in section 7.2 that by increasing the gap size of the detector
refative to the standard deviation of the beam at the detector the linearity of the system is
improved over the frequency range used to generate its modulation transfer function MTF.
This was confirmed experimentally in section 10.1, where the MTF was plotted for three
different gap sizes. This improvement in linearity is gained at the expense of the overall
system sensitivity.

It has been shown theoretically (Eq. (7.46)), using the model (Figure 7.6) and
experimentally (section 10.4) that the AO demodulator is capable of resolving frequency

deviations of around 20 Hz on a 50 MHz carrier for carrier to noise ratios of above 80 dB.
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The effect of increasing the laser power and the width of the Gaussian laser window in the
AOQ cell are also shown to improve the frequency resolution of the system in section 7.3
The noise analysis for FM demodulation showed how the level of clipping required was
affected by the carrier to noise ratio at the input to the system, CNR;,, and the frequency
deviation of the signal &f. Firstly it was shown that the effect of clipping a signal too hard
is much worse than not clipping a signal at all. With this in mind, an optimum level of
clipping was calculated for each CNR,, and different frequency deviations. The effect of
clipping on the SNR loss of the system is also demonstrated, it shows that adaptive
clipping improves the SNR loss, but the result of getting the clipping level wrong is shown
to reduce the SNR,,, by as much as 10 dB. The conclusion drawn from ail this is that,
unless the system had an estimate of the CNR;, of within 5 dB, it would perform better
with no limiter at all.

The pulse response of the system (section 9.5) shows the ability to resolve small frequency
changes on a single pulse, the minimum resolvable size of a pulse for the system being
decided by the cell access time, 1. The pulse response has also been compared with the
performance of existing pulse doppler demodulation techniques as described in Skolnik
[9]. Tt was shown that the AO demodulator offered a 150% improvement over the standard
rms error equation given in Skolnik.

Finally the ability of the system to suppress AM noise [2] on the signal at the detector is
demonstrated, this is one reason why the system can demodulate doppler pulses with a

greater accuracy than existing systems.

11.2 Phase modulation

Again it is important to note that the analysis for the phase response of the system, as for
the FM analysis, assumes that at any one time only one phase shift is in the Gaussian laser
window at the AO cell. The analysis of the phase response of the system first derived
equations relating the instantaneous phase shift ¢ to the output of the system, concluding

that the sum and difference of the outputs of the bicell elements gives

Psum(9) = 2(aj +aycosd) and Ppipr(®) = 2ajzsing
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By looking at the graph produced to identify the optimum gap size for the system, Figure
8.4, it can be seen that there is a conflict between the best size for FSK signals and the best
size for phase modulated signals. FSK requires the gap to be as small as possible to gain
the biggest pulse, whereas the maximum for phase modulated signals appears when the
size of the gap is between 2 o, and 3 G,.

The shot noise limited resolution of section 8.3 derives two equations for the minimum
detectable phase changes, one for the difference channel and one for the sum channel. For
the parameters used in the practical system the minimum detectable phase shift for the sum

channel is
it
: = —<SNR
¢’mm(sum) 30
and for the difference channel is

T
Drmin(aim = 9166 VSNR

The minimum detectable phase shift of the difference channel is better than that of the sum
channel because the initial slope of a sine wave from zero is one whilst that of a cosine
wave is zero (Figure 8.2). Thus the output signal from the difference channel will climb
above the shot noise level for a smaller value of phase shift than the sum channel.

Finally the effect of various levels of clipping of the carrier signal for a given carrier to
noise ratio (CNR;,) on the output signal to noise ratio (SNR,,,) are presented. It is shown
that the level of clipping required for the sum is greater than the level required for the

difference channel. It is also shown that any level of clipping improves SNR .

11.3 Digital modulation

The analysis of the response of the system to digitally modulated signals, such as FSK and
PSK, centred around predicting the system response using the model and then verifying
these predictions with the experimental set-up. The modelled and experimental results
show that the system output for each type of signal has a distinctive signature. Signals
with a phase change of n radians cause a spike on the sum channel with the difference

remaining constant; signals with phase changes of +n/2 cause equal sized spikes on the
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sum channels and equal but opposite polarity spikes on the difference. Signals with phase
shifts of +x/4 or £3n/4 can be shown to give spikes on the sum channel related to the phase
shift (Eq 8.16), and the polarity of the spike on the difference again gives its sign. FSK
signals in which there is no phase discontinuity at the frequency transition give a change in
the difference channel proportional to the frequency shift with no change in the sum. FSK
signals with an arbitrary phase shift at the frequency transition give the same result but
with additional spikes due to the phase shifts; the size of the spike on the sum channel is
dependent on the phase shift and the polarity of the spike on the difference gives its sign.
Using these results it is possible to distinguish between the following types of digital
modulation.

(i) BPSK. Assuming that the two phase states are 0 and m radians this 1s characterised by a
constant difference channel with a spike on the sum channel at each phase shift.

(ii)) DPSK. As with BPSK the two phase states are 0 and n radians characterised by a
constant difference channel with a spike on the sum channel at each phase shift, although
for DPSK the decoding of the output will differ.

(1ii) QPSK. The four phase states are 0, +n/2 and = radians; therefore the possible phase
shifts are also 0, £n/2 and = radians. A spike on the sum channel indicates the presence of a
phase shift and the corresponding state of the difference channel indicates the nature of the
change. The occurrence of all three phase shifts identifies the type of modulation.

(iv) Offset QPSK. Here the only possible phase shifts are +n/2 radians. The absence of the
7 radians phase shifts identifies the type of modulation. The signal processing required to
decode OQPSK would be more complicated than for the other forms of modulation, due to
the encoding technique.

(v} FSK. FSK signals are characterised by a shift in level on the difference channel while
the sum remains constant. Unlike the case for PSK signals where the output is a spike
which only occurs while the phase shift is within the laser window, the level change
persists for as long as the frequency remains constant. If there is no phase discontinuity
when the frequency changes, as in continuous phase FSK or MSK, then only the level
changed is observed. A phase discontinuity at the frequency change results in spikes on
both the sum and difference channels. Thus not only is the system capable of identifying
the presence of FSK signals, it can also indicate the type of FSK modulation being used.

The magnitude of the level change, and hence the detectability of the signal, is proportional
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to the change in frequency. For an MSK signal the frequency change is 28f = 1/2Ty,, where
Ty, is the interval between frequency shifts. In the experimental example shown T}, was 5

us so that the frequency shift was 100 kHz. Since it has been shown that this type of
system is capable of detecting frequency changes of the order of 20 Hz, detectability is not

considered to be a problem.

11.4 Future work

The analysis of the AO demodulator has, to all intents and purposes, been covered by this
work. The model written can readily be used to simulate the response of the system to any
signals not mentioned in this thesis. Future work would need to centre on the practical
applications of the demodulator system, i.e. setting up the system to receive real signals
such as PSK, FSK, pulse doppler and CW radar. In this way the practicality of using this

system in environments outside the laboratory can be judged.

The step that is not covered by this thesis is the signal processing of the output waveforms
from the system;

(1) For the radar type applications this would involve selecting a threshold voltage such that
the probability of false alarm was acceptable to the application involved.

(i1) For the digital communication application of the system, the signal processing would
have to make a number of decisions based upon the results shown in section 9; firstly it
would have to recognise that a signal is present, it would then look at both the sum and
difference channels to decide whether the modulation is FSKor PSK. For the signal to be
FSK the difference channel would have to cross a threshold level for a given duration in
order to differentiate between a shift in frequency and a phase spike. Finally having
decided which form of modulation is on the signal being received the system must attempt

to decode the message being transmitted.

[t might also be possible to develop modulation methods, using the versatility of the
system i.e. its ability to demodulate such small frequency and phase deviations, such that
only an AO demodulator would have the ability to detect all the information contained on a

signal. This would be very useful for secure communication type applications.
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11.5 Overall conclusions

It is concluded that using the optical system described, together with some detection and
logic circuits, it is possible to identify and decode a number of types of digitally modulated

signals, without any a priori knowledge apart from their carrier frequency.

The ability of the system to handle both frequency and phase modulated signals is
particularly valuable. Although apparently very simple, the system performs functions that
would be difficult to achieve electronically in real time. In summary these functions are as
follows.

(1) The signal propagating through the AO cell is windowed by the Gaussian profile of the
laser beam. The time window depends upon the laser beamwidth and the acoustic velocity
in the AO cell; by focusing the beam into the AO cell, time windows down to a few
nanoseconds are achievable. This places an upper limit on the data rates that can be
processed since only one transition may occur within the window.

(ii) The light distribution at the detector is proportional to the instantaneous Fourier
transform of the windowed signal.

(iii) The response of each element of the detector is proportional to the instantaneous
power in the windowed signal over frequency bands defined by the size and position of the
elements. In effect the system responds in real time to variations in the spectral content of
the signal as the frequency and/or phase shifts propagate through the laser beam window.
(iv) Taking the sum and difference of the signals from the bicell elements results in
distinctive signatures for the different types of modulation. AO cells are currently available
for operation at carrier frequencies from around 30 MHz (tellurium dioxide) to 3 GHz
(gallium phosphide). Acoustic velocities vary from 617 m/s for tellurium dioxide to 6320
m/s for gallium phosphide. To perform a similar operation at the lower end of this
frequency range might be possible using DSP techniques; at the upper end it would not.
The properties of AO cells allow the system to be tuned over an octave bandwidth merely

by moving the detector.

The effect of clipping on both the sum and difference channels has been shown in sections
7.4 and 8.4. This showed that the optimum level of clipping a signal for the sum channel

requires harder limiting than that required for the difference channel. Obviously the signal

134



can only be clipped once so there has to be a trade off between the performance of the two
channels. For purposes such as Doppler detection, (see chapter 9), and FM signals the
difference channel contains most of the useful information, so obviously the system would
be set up to optimise its performance. As a surveillance receiver the information is
contained on both channels, but as using Eq. (8.16) for Pp;ee(9) it is theoretically possible
to calculate the phase shift from the amplitude of the difference spike, it would seem

reasonable to optimise the clipping level for the difference channel again.
Finally it is concluded that the AO demodulator system has the potential for being a

versatile solution to electronic support measures (ESM) requirements for both radar and

communications applications
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APPENDIX A

1. Matched Filters

In a number of systems a deterministic signal f(t} is transmitted and received, along with
noise n(t) at the receiver. The problem that the receiver has, is to decided at time t,,
whether there is signal and noise present or if there is just noise. Matched filters are used to
maximise the signal to noise ratio of signal power to average noise power, and hence

enhance the receivers decision. Here is a brief overview of such filters.

Consider an arbitrary linear time invariant filter with impulse response and transfer
function h(t) and H(w), respectively. The response of f,(t) generated by the application of

f(t) to the filters input is

7,0 =—— J'F(m)H(m)ef“”dm (A1.1)
2n

where f(1) & F(w)}

Average output noise power Ny is

No=m [&m@IH@) do (A12)
T

—®
where € vy (0) is the power density spectrum of the noise n(t) represented by the random
process N(t). The ratio of the signal power at time t, to average noise power, which we

wish to maximise, is

o 2

(%) j' F(o)H(o)e!® 0 do
[i-‘:): 1 ‘:‘; (A1.3)

(L) o @R do

-0

By applying Schwarz’s inequality, we have

|[F)?
Al4
( oj 2 J‘QNN(CD) (A14)

The maximum occurs only when we choose the optimum transfer function as
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1 F*(w)e /0 ,-Jolg
2nC €y (@)

It is called a matched filter because its transfer function depends on the signals spectrum

Hop (@)= (AL.5)

F(®). If the signal is changed, the optimum filter must be changed.

In the special case of white noise where { yy (@) =N, /2 (constant) at all frequencies and

w0

2
V_A’_O)LSL Ilp(w)|2dm=_£5 (Al1.6)

n2(r) ™ n/

where E is the energy in f(t) for a 1-ohm load, the optimum filter transfer function is

1
Hopr(m)= N nC

2}

F*(0)e /@0 (A1.7)

Its impulse is readily found to be

1 *
hopr((’))=mf (tg—1) (A1.8)

If f(t) is real, this optimum impulse response is a replica of f{t) centred at t, but running
backwards in time. At the point t = t;, the signal output of the matched filter is given by
substituting Eq. (A1.7) in Eq. (A1.1) with 1/N,nC = 1:

_ L ) do -
folto)=5= fIF@)*do = £ (AL9)

Thus the output of the matched filter at the point t = t; 1s independent of the particular
waveform, but depends on the signal energy. The mean square noise output of the matched

filter is [Eq. (A1.9) in Eq. (A1.6)]

n%(t):E% (A1.10)

An alternative realisation of the matched filter is as follows. Let the input to the matched

filter be y(t) = f(t) + n(t) and the corresponding output be

g =y)® Tty —1) = [y —1)® y(1)

= 7" -0 -8t (ALID)
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Welet £ =t - £, so that Eq. (A1.12) becomes

8= [/ QG+t

=1t - t), (AL.12)

where

rp@= [ EwG+o (AL13)

is the time cross-correlation function for energy signals. Noting that y(t) = f(t) + n(t), we
find
(1) = 1(t - t) +rp(t - 1), (Al.14)

where
@ = [ orernda (AL15)

is the time-autocorrelation function for energy signals. If the cross-correlation between f(t)
and n(t) is zero, then the peak output g(t,,) is given by r(0).
The incoming waveform y(t) is multiplied by f(t), this requires that the signal f(t) be

known a priori and either stored in memory or supplied from another source.

2. Carrier recovery in QPSK

Since QPSK and QAM are coherent systems, their receivers require locally generated
coherent carriers. A common method of carrier recovery uses a modified Costas loop, as
illustrated in Figure Al. The network has phase ambiguities at multiples of =n/2.
Performance of Costas loops can be optimised by special selection of filters at the carrier

product device outputs or by using integrate-and-dump filters.

LPF limiter o )e
QPSK Toop N
in T VCO filter z
90° +
@ LPF lim iter
Recovered

carrier

Figure Al The Costas loop.
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3. Probability of error in transmission
To begin this introduction to probability of error, we will assume that the binary levels at
the receiver are 0 and A and not use the matched filter. The observed waveform at the
receiver y(t) also contains additive noise n(t) so that at a time t = t; the signal could either
be

y(t;) = A +n(t,) (signal present) (A3.D)
or

y(t;) =n(t,) (no signal) (A3.2)
Because n(t;} is random it is necessary to use probability to decide whether the signal is
present or absent.
To calculate the probability of error (i.e. the probability that the receiver say a signal
present when it is not or vice versa), we first need a decision threshold designated by p. We
assume that the noise n(t;) is Gaussian distributed with zero mean value and a mean-square

value of

n*(1) =02 (A3.3)
Using the standard equation for a Gaussian distribution we can write the probability

density function of the input when there is no signal present as

L 2120?)
Po(y)=——e" (A3.4)

° V2no
The probability density function of the input when the signal is present is also Gaussian,
but has a mean value equal to A

2 2
;e—()’—A) (20 %) (A3.5)
nG

)=

These probability density functions are shown in Figure A2.
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(a)

Py(y)

(b)

Figure A2 Probability density functions for the binary decision case

It can be seen that there are times when y > p even though the signal is absent, these are

called false alarms. The probability of false alarm designated by P,g, can be written as
O 2,0, 2
P= e )y (A3.6)
EQ !\/’2?0_ Y

In the same way if y < u when the signal is present , this is termed a false dismissal. The

probability here given by P, is

_m I (-0 1202)
P = Im—e dy (A3.7)

[f we now define the net probability of error as being

P.="/ (Peo +Pay) (A3.8)
Which holds so long as the binary levels (zero or one) are equiprobable.
In this case it is obvious from Figure A2 that the sum of these two areas will be a minimum
if

H=A/2 (A3.9)
As a result of symmetry we can write

2 2
B = [Ny (A3.10)
2no

With the change of variable z = y/o, this becomes
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4]

1 2

P, = J' e " 2y, (A3.11)
s 2no

This can also be written, in terms of the function Q(x), which has its values tabulated for

convenience, as

P, = Q(u/o) (A3.12)
Inserting the decision threshold p = A/2, we obtain
P, = Q[A/(20)] (A3.13)

The probability of error i1s dependant on the signal-to-noise ratio at a given time. Because
the matched filter discussed in Al is the best system to maximise the peak-signal-to-noise
ratio in the presence of white noise. This case is now considered.
The matched filter is designed to maximise the SNR at time t = t,, and we shall assume that
t, = T. It can readily be shown that the output of the matched filter at time t,, = T is E, the
energy in f(t), giving

y(T)=E +n(T) (signal present} (A3.14)
or

y(T)=ny(T) (signal absent) (A3.15)
A comparison of Egs. (A3.14) and (A3.15) with Egs. (A3.1) and (A3.2) shows that this
problem has already been solved with A being replaced by E, and

ozzng(f):’f_;, (A3.16)
where 1/2 is the (two-sided) power spectral density of the white noise input to the matched
filter. Substituting E for A and V(En/2) for & in Eq. (A3.13) gives the probability of error

for matched filter detection as

P = Q( E] (on-off binary) (A3.17)

The polar binary case follows in the same way except that the output of the matched filter
1s

y(T) = *E + ny(T) (A3.18)
substituting 2E for A and Y(En/2) for ¢ in Eq. (A3.13) gives

F. = Q[\E} (polar binary) (A3.19)
n
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4, Likelihood Ratio

The radar detection problem is a binary hypothesis-testing problem in which H; denotes
that no target is present and H, is the hypothesis that a target is present. The Neyman
Pearson [9] method of optimality maximises the probability of detection Py for a given
probability of false alarm P; by comparing the likelihood ratio [Eq. (A4.1)] to an

appropriate threshold T which determines the Py,. A target is declared present if

)P(Xh---,xanl) ST (A41)

L(x,....x
" p(Xy,....%y [ Hp)

where p(x,,...,X,)|H,) and p(x,,...,x,)|Hp) are the joint probability density functions of the n

samples x; under the conditions of target presence and target absence respectively.
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APPENDIX B

Derivation of optical Fourier transform

Figure B1 illustrates the light distribution ¢(x,y) in the plane (x,y) due to the distribution
y(u,v) in the plane (u,v). Each point P in the (u,v) plane is considered as a point source, the

distribution in the (x,y) plane is therefore the sum of the spherical waves from each source.

y

v ry

p(u,v)

Figure B1 Spatial light distribution at point q(x,y) due to point source at point p(u,v)

This can be expressed as
0(x,y) = kjfme_jkrdudv (B.1)
r

where k is a constant, r is the distance between two points and k is the wave number. If we
keep close to the origin and assume that the distance between the (u,v) and x,y) planes is
large then the divisor r can be taken as a constant z, the distance between the planes. The r
in the exponent must be evaluated
= (x-u)’ + (y-v)* +2° (B.2)
=x2+y1+z2 +u? +v2 - Jux - 2vy (B.3)

if we let x* + y* + 22 = R? then

2, .2 ~
. R\/l N u +2v ~ 2ux 22vy (B.4)
R R
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2,2 B
~RI1I+ L W, (B.5)
2R R
2,2
R LI IV _WX-W, (B.6)
2R R
therefore
L _jk(u2+v2) ; Klux+u)
o(x,y) == Hw (u,v)e ¥Re 2R ¢° R dudv (B.7)
2
A lens has the effect on an optical system [19]
k(u? +v?)
T
e / (B.8)
thus a lens where 1, = R cancels the term
J kw? +v2)
e 2R (B.9)
therefore in the focal plane of the lens
k(ux+uv)
d(x,y) = ge‘JkR H\p wve |/ dudv (B.10)
j27t (ux+uv)
=k [ fwave Mo dudv B.11)

which is a Fourier transform between the (u,v) and (x,y) planes.

For the analysis of the system it is necessary to know how the Fourier transform affects the
intensity distribution of the Gaussian profile. It is well known that a Gaussian profile is still
Gaussian after the action of a Fourier transform, but we need to know the effect on the
scaling factor ¢. In order to do this we must first apply our transform to a Gaussian profile.

The intensity profile of a one dimensional Gaussian spatial intensity profile is

ul

2
I,=e¢ %0 (B.12)

where o, is the beam width standard deviation in the AO cell. The amplitude profile is
therefore
A, =, (B.13)

which can be written as
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Iu2

2 a2

A, =e “290 (B.14)
4o 2

A, =e 990 (B.15)

If we now take the Fourier transform in 1-D via the optical Fourier transform

()
g
4= e T (B.16)
which gives the Amplitude profile in the focal plane A, (i.e. the at the detector) as
2
5 7
Ay =e ~ 7 (B.17)
since the detector measures the intensity we must find the intensity of the transformed
Gaussian
2
ofZoe] 2
I/ =e S (B.18)
which simplifies to
8n 203 2
AT
I =e ~/ (B.19)

We can now equate the exponent of the transformed intensity profile we can find o, , the
standard deviation of the transformed Gaussian, using Eqs.(D.12) and (D.19)

2.2

8n 020 _ 12 (B.20)
A [f 20,
which can be rearranged to give
Al
o, =—7 (B.21)
4no

This is the standard deviation of a transformed Gaussian expressed in terms of the optical

Fourier transform parameters and the original intensity profile standard deviation.
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APPENDIX C

MATHCAD Files
1. AO demodulator model

set up sampling

I
N:=4096 fg:=400-10° i:=0.N-1  L:=i .= N
fg n —0..7 LY,
n ‘_N' S
Ts :=50-10° fl o=
5= n TS
definitions and functions
-3
0.49-10
LaserDev := ——— Va =617 StdDevTime := M
4 Va
LaserPower := 15-10"3 Responsivity :=0.35 StdDevPoints := StdDevTime:f ¢
DiffractionEff := 0.5 TransimpGain = 1.5- 10° StdDevPoints =79.417
A:=830-10° electron := 1.6:10°°
LaserDev 2
X _—X
10 __SudDevPoints
rect(x) =®(x +~ 0.5) - d(x -~ 0.5) fact(x):=10 ) 162
gauss X, =———-¢
2162

create bandpass AWGN
._ 6
fe:=50-10
Bw = 1.10°
Bw Bw

foog for g

P :=iirpass butter(4), 5 3
400-10°  400-10

x:=0,0.001...5
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calculating power spectrum of gaussian windowed signal, and setting
up windows for the bi-cell

; f1-9.56-10% fl - 10.92-10°6
> 2 Wl =re¢t —M8M8M8M W2 =re¢t —MM ——
P :=[ |FFT recenter a | J 1.2-10°¢ 1.2-10°8

z :=max(P) z=2959-10"°

Beamlint : = LaserPower- DiffractionEff Beamint = 0.007

expressions for spatially integrated intensity of light on each
photodiode as functions of time shift

- 3
Cl(1) ':Z[ iFFT s IFFT Gel 2mfl 107

i 2nf108g

C2(1) ::Z_HFFT sIFFT Ge

calculate difference outputs for a set of different time shifts

K:=132 k:=0..K T T -4

w| x

OPC2 :={C2(1)} OPC1 = (Ci{D)}

noisel := ,\/OPCI -Responsivity-electron-Bw

ise2 1= +/OPC2 R ivity-electron- ) . . .
noise '\/ C2-Responsivity-clectron-Bw noisel := nmsel-ﬁ noise2 .= nonse2-ﬁ

k:=0,2.132

noisel, '=-noisel, nois.eZk i~ - noise2,
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OPC1 :=({OPCI-Responsivity) + noisel)-TransimpGain-Beam[ni

OPC2 :=(( OPC2 -Responsivity) + noise2) TransimpGain: BeamInt

graph showing the outputs of each detector cell

207.09
OPCZk
— 12203
OorCl,
36.98

OPS :=(OPC2 — OPCI ) OPS| ;= (OPC2 + OPCI}

graph showing the sum and the differcnce of the two cells

Volts

200 —

Time

SNR, standard deviation, variance, and mean of output signals

2
27)? . _&]
|0|0g[;—aé(6%5m]n 10 Iogl: Val'( OPS)

var(OPS) =2.91-10°
stdev(OPS) =53.944

var(OPS1) = 238.896
stdev{OPS1) =15.456
mean{ OPS1) =213.302 mean({OPS) =4.36
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2. Creating the power spectral density plots

definitions and functions

6 :=0.1225-10° Va:=617 o
GV.Z_
Va
_GV _I av _ _ . 8
dt = 2o fs:= g o =40 fs =2.015+10
i:=0..1999

creating the gaussian beam

3 ((i- 1000)-dt)?
ST e ,

%

i 05—

l ] |

defining the signal with modulation change

carrier frequency frequency shift
fs _fo
=7 4= 109
j=0..1999

y; = cos(2-n-(f- fd)-j-dt)

j :=2000.. 3999
y, = cos(2-m-(f+ fd)-j-dt+ §)

moving the signal across the gaussian in 5 steps

q=0..4 1:=0.1999

Si o TWY

i.q 15879 .1.g-60

500 1000 1500 2000
i

phase shift
¢ =n

taking the Fourier transform of the Gaussian multiplied by the signal

- >
S = recenter CFFT 94 $9” = mag §547
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scaling the displacement axis

j =1000..1999 . fs-(j — 1000) ¢ p :=max(8)
1T 2000
S
S:= E 47 o-fr ‘ -
X0 ::T-IO M = X0 409 X0 = (xa - mj
j=1467.. 1531

Change in beam profile in response to a QPSK signal

Power Spectral Density

| [

0.5

Displacement at detector
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3. Calculating the optimum gap size forFSK and PSK modulation

definitions and functions

6 :=0.1225-10° Va:=617  ovi=—
Va

OV 1 ov _ _ e

dt = o5 1= 5 =40 fs =2.015¢10

generating the Gaussian beam

J [((ilOOO)-dt)z}
w, = fexpl - —————

2:ov

i:=0..1999

o | | |
0 500 1000 1500 2000

1

generating the modulating signal

carrier frequency frequency shift phase shift
fs
f=— _fo0 T
10 fd = 550 $ = 7]
J:=0.1999
Y '=cos(2-m-(f- fd)-j-dt)
j :=2000.. 3999

yji=cos(2-m-(f- fd)-j-dt + )
multiplying the signal by the Gaussian
i:=0..1999
ST WYL 099

taking the Fourier transform of the signal and Gaussian

S :=recenter( CFFT(s)) S ‘= mag(8S)
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scaling the displacement axis

1:=1000..1999 f(j— 1000) p .= max(S)
=500 10
< s
o= 4-1- o fr
P xcjirv—aJ-IO6 M = XG99 xo‘::(xo'—m;
power spectral density
! | | | T T
05 -
0 1 L — 1 |
~18 135 -9 45 0 9 135 18
displacement at the detector
S .
S:zﬁ XQ) oo = 24.881 j=0..20 J i
summing the light falling on each cell
1199 - g 1398
LHS;== %' s, RHS; := S,
a= 1000 a=1199+qJ

calculating the sum and difference
Sum :=LHS + RHS

WRITEPRN(sum) :=Sumg
nsum .= READPRN(sum)

Diff :=RHS - LHS

WRITEPRN( diff) := Diffy
ndiff := READPRN(diff)
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Difference

0.19 T I T T T T T T T
0.09 |- _
—0.007 | | | I | l-----— e, SO S ]} == - - - == - - -
0 1 2 3 4 5 6 7 8 9 10

Sum

0.55 T T j
0.28 |

0 1 | ]
7 8 9 10

subtracting the background voltage from the pulse amplitude voltage

Sum = Sum - nsum DifT := Diff - ndiff

loading the data for each form of modulation

WRITEPRN(sum3) := Sumg WRITEPRN(diff3) = Diff,
suml := READPRN(suml) diff] := READPRN(diff1)
sum2 := READPRN(sum2) diff2 := READPRN(diff2)
sum3 := READPRN(sum3) diff3 := READPRN(diff3)

Difference

0.5 T I I T ] I
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025 -

Pulse
amplitude

mV
05

0325
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4. Effect of gap size on the linearity of the MTF

definitions and functions

If :=0.05 A:=632.810"° Va =617 i:=0..100
ot :=20-10°°

i ) gap .=1.50ct g :=gap
5"1 150 ct

calculating the light falling on the left and right cells as the position of the gap is moved
across the Gaussian beam

gap
5x. - =2°¥
L 2 ) X2
1 2
Psl. = e 200 dy
,\}2-n-ot2
gap
J8ote =
r gap
8-ot- =~
2 ] <2
1 2
Psri = -e 2ot dx
qﬂz-n-clz
gap
1%+ =3

calculating the difference in optical power between the left and right cell

Psdiff := Psl - Psr

. ot
i =0.100 5xi.—m
power series approximation of the difference in optical power between the two cells

1 24‘g4‘cl2— g6 - 384-g2-cit4 - 30726t°
dxat. = 6x .-
i 1536 i ot’
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graph showing the approximated and calculated, difference values as the gap is moved
across the beam

optical power

I I T T T

beam displacement

calculating the error between the two methods

x;
—(MIfat)
o = ———
Psdiff, := 103
Perror - | _ | PSOIEL o Ps,:=107"
€rror .= - (PS)J

graph showing the error between the two method

error
% 20 T T T T

0 D I ! |
0 02 0.4 0.6 0.8 !

beam displacement
load previously stored error plots for diferent gap sizes

WRITEPRN(errorl} := Perror

3 '= READPRN(error) ¢ = READPRN(error2)

b := READPRN{ errorl ) d :- READPRN(error3)
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graph showing how the %age error decreases as the gap size increases

Error (%)
\
\
\
\
\

- _ -
5 — —
// - —— -1 i
0 T - I -
0 01 0.2 03 0.4 0.5 0.6 - 0.7 0.8 09 1

Beam displacement (relative to 1 std dev
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5. MTF for varying gap sizes

definitions and functions

If :=0.05 A:=632.810"° Va:=617
ot =20-10°6

calculating the power of the light falling on the left and right cells as the gap is move
across the Gaussian

i:=0..500 _4-oti gap..=2-6t
5xi =500 2-ot
" gap
&x, - = 2
1 2
Psli = _ e Zot dx
JZ-n-ctz
.-8-ct + _g_;_g
N gap
1 )
Psr, = e ¥ g
/\f2-'rc-ct2
_ gap
ki

calculating the difference between the power of the light falling on the left and right
cells

P20 500 Psdiff .= Psl - Psr WRITEPRN(gapl) :=Psdiff

the MTF of the bicell system for a given gap size

! T T T | T T T

05

[=}

total intensity

|
et
[

— | | | | | | I
1 - - = — - — — .
—410 2 310 > 210 ° 1010 ° 0 1*10 ° 2°10 310 ° 4%10

Beam position (std dev)
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loading stored MTF plots of varying gap sizes

a .= READPRN(gap) ¢ .= READPRN(gap?)

b := READPRN(gap!l) d .= READPRN(gap3)

graph showing the MTF of the system for different gap sizes

Tota! intensity (Left cell -right cell)

Beam Position (std dev)
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6. Calculating values for al a2 and a3

set up sampling

[
N =2048 fg=20010°  i=0.N-1  [i=i gt
S
definitions and functions
-3
0.49-10
LaserDey = — = Va =617 StdDevTime := 257D
4 . Va
StdDevPoints := StdDevTime-f
LaserDev x 2
1 2G 2
gauss X, 0 =—————-¢
2102
create half the Gaussian
LaserDev .
g = |pauss 512—[,——2—— j=511..2047
Bi_si11 7§
take Fourier transform of the Gaussian
>
G =FFT recenter g
plot of the Gaussian
80.71 I | T
Bj 4035 -
0 | I | ]
] 10.31 20.62 3093 4124 51,55

i
StdDevPoints
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plot of the Fourier transform of the gaussian

1.45

j=0.

) o

0.1

254

76.2

101.6

127

127

summing the Fourier tansform of the Gaussian minus the portion lost in the gap

G 1024
G::Ea a:- Z G

taking the real and imaginary parts of the above summation
[:=Im(a) R :=Re(a)
calculating the values of the constants al a2 and a3 as given by the theory
al =2- R+ 1

a2:=2- R’°_- 2 ald=_4-R-1

al =0.723
¢.=0

a2 =-049 a3 =0.531

plotting the sum and difference responses for phase varying instantaneous phase
shifts

$:=-4,-39..5

SUMI(¢) :=2-(al + a2-cos(¢)) DIFF1($) :=2-a3-sin(¢)

SUMI($)
DIFFI(¢) ~~. _ T

~ - -~
b I ]




7. Sum and difference response to instataneous phase shifts

definitions and functions

¢ :=0.1225-10°3 Va =617 ——
Va
create Gaussian
i=0..1999
, ((i - 1000)-dt)*
Wi = exp -——2——
2-ov

create signals

carrier frequency frequency shift

i _f0
f'_? fd 500
j:=0..1999
¥iq i=cos(2-m-( - fd)-j-dt)
j :=2000..3999
Yia :2005[2-11-(f— fd)-j-dt + ¢q]

multiply signal by the Gaussian
i =0.1999

Siva " WiYii999,q

take the Fourier transform of the signal and Gaussian

S9” = recenter CFFT s9°
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av

§97 = mag s~

dt::E fs::a
' | T
0s 4
0 ! L !
500 1000 1500 2000
i
phase shift
q:.=0.16
am
2 R
§ =8



j :=1000..1999 g - 5( - 1000) , .6 pi=max(S)

i 2000

b =0..200 g - §
p

scaling the displacement axis

4-m- t)'-i’rj

. 6 . . j
j. T~10 m—xo’l499 XO‘.-(XO’—m

Xo

graph showing the how the PSD of the beam is affected by the phase shifts

X:=1.5
1499 - (X) 1701
LHS_ = Z S1.q RHS,_ = Z S, 4
a= 1300 a= 1499 + (X)
Dmattq =sin ¢q
Sum '=LHS + RHS Diff :=RHS - LHS Smatt, = 1 - cos g
<> <> <|> S <| >
Sum = Sum max Sum Sum<> - uimn s Diff<1> -
min Sum
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Sum

<>
Sum3

Sum<4>

Sum™>”

<> .

<>

<3>
:=Sum

>
= Sum<4

>
= Sum<5

!

<2>
max Sum 2

<3>
max Sum >

>
max Sumq

<5>
max Sum >

<>
Sum 2

<3>
Sum3

Sum

<§>
Sum™

min Sum

<4> .

>
Sum<2
2>

<>
Sum3

T . <
min Sum

1>

~ Sum™”
min Sum<4>

Sum<5>

. 3>
min Sum™

Diff

Diff?

Diff "™ =

Diff "

2> _
T e
max Diff 2

>_

Diff <2~

Diff>
max Diff >~

Diff4”
max Diff %~

Diff<>”

5>
max Diff>

plots of the phase response of the difference and sum channels, for different gap sizes
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APPENDIX D

Response to bandlimited gaussian noise.

In sections 7.4 and 8.4 signals were created to represent the type of bandlimited noise that
would appear on the system. These signals were fed into the model in order to try to
analyse how the system responded. The results from the system were then used to create
the graphs of SNR and clipping levels. Presented in this section are six examples of the
output from the sum and difference channels from the model and the experimental setup,
for comparison. Both systems used exactly the same signal as the signal created for the
model was downloaded ontov the 2045 used to drive the AO cell.

The signals were all filtered by a 1 MHz bandpass filter with a centre frequency of 50
MHz. The signals in Figure D.1 and Figure D.2 had a carrier to noise ratio of 35 dB, Figure
D.3 and Figure D.4 had a carrier to noise ratio of 25 dB, Figure D.5 and Figure D.6 had a
carrier to noise ratio of 15 dB. The final two set of results also had carrier to noise ratios of
15 dB, this time the signals were also clipped. Figure D.7 and Figure D.8 were clipped at
80% of the maximum signal, and Figure 17 and Figure D.10 were clipped at 60%.

In all cases it obvious that the model and experimental signal compare very well, with little
difference in their variances. These results backup the modeled noise analysis for FM and
PM described in sections 7.4 and 8.4, for the clipping levels required and SNR loss of the

system .
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Figure D.1 Difference output for a 45 MHz carrier signal with CNR,, of 35 dB.
trace : experimental

Top trace : model. Bottom
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Figure D.2 Sum output for a 45 MHz carrier signal with CNR;, of 35 dB. Top trace : model. Bottom trace :

experimental

169



0.4

-04

20

0.4

02

o

| ]

8 10

20

Figure D.3 Difference output for a 45 MHz carrier signal with CNR,;, of 25 dB. Top trace : model. Bottom

trace : experimental
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Figure D.4 Sum output for a 45 MHz carrier signal with CNR;, of 25 dB. Top trace : model. Bottom trace :

experimental
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Figure D.5 Difference output for a 45 MHz carrier signal with CNR;, of 15 dB. Top trace : model. Bottom
trace : experimental
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Figure D.6 Sum output for a 45 MHz carrier signal with CNR,;, of 15 dB. Top trace : model. Bottom trace :
experimental
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Figure D.7 Difference output for a 45 MHz carrier signal with CNR;, of 15 dB and 80% clip level. Top trace
: model. Bottom trace : experimental
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Figure D.8 Sum output for a 45 MHz carrier signal with CNR,, of 15 dB and 80% clip level. Top trace :
model. Bottom trace : experimental
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Figure 17 Difference output for a 45 MHz carrier signal with CNR,, of 15 dB and 60% clip level. Top trace :
model. Bottom trace : experimental
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Figure D.10 Sum output for a 45 MHz carrier signal with CNR;, of 15 dB and 60% clip level. Top trace :
model. Bottom trace : experimental
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