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Abstract

A device has been designed that cancels the leakage signal between the fransmit and
receive antenna in a Stepped Frequency Continuous Wave Ground Penetrating Radar.
The front end of the radar operates at high signal levels and, as a result, a large signal is
coupled directly from the transmit to the receive antenna. This signal uses a significant
part of the dynamic range of the data-capturing device, an analogue-to-digital converter
{ADC). The objective of this cancellation is thus to increase the effective instantaneous
dynamic range of the radar system.

Simulations show that 10-bit amplitude and phase resolution in the digital cancellation
circuit would achieve maximum cancellation in the presence of phase noise and other

sources of error. This resuit is confirmed when the hardware is tested.

The device was constructed and operates as intended. Tests show that cancellation ex-
ceeding 53dBm is possible through careful calibration. It was concluded that the device
could successfully be integrated into the SFCW GPR and that it would achieve an increase

in the instantaneous dynamic range.
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Chapter 1
Introduction

This dissertation describes the theory, design and integration of an Intermediate Fre-
quency Cancellation (IFC) module for use in a stepped frequency, continuous wave,
ground penetrating radar (SFCW GPR). The objective of this cancellation device is to
increase the overall instantanecus dynamic range of the radar system.

The front end of the ground penetrating radar system operates at high power levels. The
high-powered transmit signal that directly couples into the receive antenna of the radar
must be removed from the received data. This signal takes up a large portion of the
dynamic range of the data-capturing device, a 16-bit analogue-to-digital converter (ADC).
If this unwanted component could be cancelled out, the resultant signal could be amplified
before it is sampled by the ADC. This would increase the instantaneous dynamic range of
the system, since smaller targets will now be detectable and fewer radar scans are required

to lift the signal above the system noise.

The method of cancellation makes use of a frequency generation technique known as
Direct Digital Synthesis (DDS). DDS was chosen because it allows high resolution phase
adjustment of the synthesized waveform, which will be shown to be of great importance
in this application. The operation of the DDS technique will be outlined in this document,

but for a rigorous treatment the reader is referred to Goldberg {24].

It will be seen that it is impossible to cancel the coupled signal perfectly. Various factors,
such as uncorrelated phase noise in the transmit, receive and cancellation synthesizers and
quantization errors in amplitude and phase of the DDS, are responsible for this. Imperfect
calibration of the cancellation signal will also cause a deterioration in performance. The

cffects of the resulting partial cancellation are shown in this paper.

1.1 Objectives of Dissertation

The objectives of this dissertation can be summarized as follows:

1. To design hardware that will cancel the leakage signal from transmitter to receiver
in a SFCW GPR radar, with the objective of increasing the instantaneous dynamic
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will show that there is no significant gain in signal-to-noise ratioc when one has more
resolution in one than the other. This result is an important one and is used in the hardware

design phase.

The next part in the chapter deals with phase noise in signal sources and oscillators. An
ideal oscillator exhibits a perfect spike at its output frequency in the frequency domain.
All real oscillators exhibit phase noise, however, and this causes a spectrum that is not
infinitely narrow. Phase noise and its causes are discussed as a measure of frequency
stability in the frequency domain. The time domain version of frequency stability, jitter,
is also explained and it will be shown how to convert from a phase noise plot to a jitter
figure. This conversion is essential, since it is used in the simulation of the IF Cancellation
Module. Allan Variance, another measure of frequency stability is also documented for

completeness.

The chapter concludes by showing the effects of phase noise and amplitude and phase
discrepancies in the SFCW radar by means of simulation. The simulation software was
developed by Langman [40] during his PhD thesis. The simulation will show radar range-
profiles and show how the performance deteriorates as phase noise, amplitude and phase
errors are introduced in the various components in the system. Note that these are quali-
tative rather than quantitative simulations, the objective being to show the effect visually

instead of mathematically.

Chapter 3

In Chapter 3, a model for the IF Cancellation Module is developed. The objective of the
model is to create a simulation of the system which will show the effects of phase noise,
quantization in the DDS and phase offsets on the IF signal.

The model includes the RF stage of the radar system. The transmitted signal is mixed
with a receive signal and bandpass filtered to produce the system IF. The transmit and
receive signals both contain phase noise, but the noise is largely correlated.

The cancellation signal is then generated, using exactly the same architecture as a real
DDS would. The quantized DDS signal is filtered and added to the [F. The simulation
shows the effects of phase noise in both the IF and the cancellation signal at various bit
resolutions for the DDS. An important result is that there is no improvement in cancella-
tion at relatively high levels of phase noise if the DDS resolution is increased.

The main shortcoming in the simulation is the IF bandpass filter. This could not be mod-
clled completely, since the Matl.ab flters are difficult to edit. After some experimentation,

the results seem promising, however.

Chapter 4

Chapter 4 contains a description of the hardware design process. The details will be kept
to functional block-level, but should give the reader a good insight into what would be

3



required to reproduce such a cancellation module. Detailed circuit diagrams are contained

on the included compact disc named Appendix B.

The module takes the form of a 4-layer printed circuit board (PCB). Various considera-
tions must be taken into account when designing a PCB to ensure a high degree of signal
integrity and low electro-magnetic interference (EMI). The steps taken to ensure this are
highlighted in this chapter. Test-software is also developed to verify the functionality of

the module, but will not be used in the eventual radar system.

After testing the hardware, it could be concluded that the module fulfils all the functional
requirement set out in the beginning of the chapter and operates as intended. It must be
noted that some minor alterations could improve the operation of the module, but are not

essential for its functionality.

Chapter 5

In Chapter 5 the performance of the system will be evaluated. This phase measures the

true success of the concept of IF cancellation and the hardware design.

First, spectral purity of the cancellation signal is measured. This measurement indicates
that the DDS indeed generates a clean signal, with a narrowband Spurious-Free Dynamic
Range (SFDR) in excess of 80dBC and wideband SFDR of 70dBC being measured. The
phase noise of the generated signal is also measured here, and a plot of this measurement

is included.

The second, and more important measure, relates to the level of cancellation that can be
achieved. Two IF Cancellation Modules were used for this test - one generating an IF and
the other generating a cancellation signal that is added to the IF. The test indicated that
the possible cancellation exceeds 53dB and that the RMS error between the two signals is

smaller than 4mV when the optimum phase difference and amplitude balance is achieved.

After the measurements are taken, the results are compared to those obtained from simula-
tion. The comparison will show that the simulation model was accurate in its predictions
pertaining to digital word lengths of amplitude and phase, but incorrect in predicting the
RMS error between the IF and cancellation signals.

Chapter 6

The final chapter is an overview of this report and will draw conclusions from the results
obtained during this dissertation. The most important of these conclusions is that the
concept and physical incarnation of an IF Cancellation Module gives promising results.
A high degree of cancellation is possible with the module and, with correct calibration,
could dramatically improve the dynamic range of the SFCW GPR for which it has been
designed.



1.3 Background to Problem

Before the problem addressed in this dissertation can be stated, the basic operation of
SFCW radar must first be explained. The explanation given here merely serves to give a
conceptual understanding of the architecture; for a full treatment of the topic, the reader
is referred to Langman [40] and Noon [47].

As the name suggests, a SFCW radar transmits a number of frequencies, with equal steps
between the different frequencies. An example of the frequency-time relationship of the
transmit waveform is shown in Figure 1.1, where "F_u’ is the highest and "F_I" is the

lowest frequency fransmitted.

frequency

A
F u---

F_1--1

Figure 1.1: A frequency-time plot of the transmit waveform of a stepped frequency con-
tinuous wave radar

The reason for using some form of frequency modulation in the transmit waveform is
two-fold. Firstly, CW radars work on the principle that the returned wave’s phase shift
is proportional to the distance to a target [40, 41]. If a single frequency were used, the
unambiguous range of the radar would be limited to half the wavelength of that frequency
{41} In using more than one frequency, the range of the system can be increased. Sec-
ondly, the return from any one of the frequencies in SFCW is a single vector consisting of
the sum of all the scattering vectors [36]. The contributing vectors ¢an only be resolved

by applying a Fast Fourier Transform (FFT) to a number of different frequencies.

The radar of interest in this dissertation uses a “Heterodyne Dual Synthesizer Architec-
ture”, as described by Langman [40]. A block diagram of such a system is shown in
Figure 1.2.
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Figure 1.2: Block diagram of “Heterodyne Dual Synthesizer Architecture”, taken from
Langman {40]

The system consists of separate transmit and receive synthesizers, locked to the same
reference oscillator and offset in frequency by the system IF. The transmit waveform is
amplified and radiated through the transmit antenna. Reflections from targets are received
by a separate receive antenna and mixed with the receive synthesizer. The resulting signal
is then filtered at the IF to remove harmonics, after which it is ready to be captured by an
ADC for further processing.

Continuous Wave (CW) radars, as opposed to pulse radars, have both transmitter and
receiver on at all times. One of the most severe difficulties encountered by designers
of CW radar systems is the transmit-receive leakage problem, according to Stove {55].
This refers to electromagnetic energy that is coupled directly from the transmitter into
the receiver. Skolaik [53] even suggests that CW radars can never be designed to meet a

nominal power budget.

Kabutz, et al. [41] lists the effects of this leakage (in ascending order of severity) as
s Decrease in receiver sensitivity
e Saturation of the receiver

e Destruction of the receiver

The specific effect in any given situation is dependant on the transmit power levels in-
volved, as well as the degree of isolation that can be achieved between transmitter and

6



receiver. Note that not all CW radars use separate transmit and recelve antennas, but in

the GPR in question in this dissertation, two antennas are used.

Kabutz, et al. [41] goes on to list various techniques to eliminate this feedthrough signal.
The terms "feedthrough’, 'leakage’ and ’direct coupled’ signal will be used interchange-
ably in this document, but they all refer to the signal that is coupled directly between a

transmitter and receiver in a CW radar system.

The applicable techniques described involve accurately characterizing and recreating the
leakage signal with a 180° phase difference. This recreated signal is then added to the
original signal so that subtraction of the leakage is achieved. The cancellation circuitry
can be placed either in the RF or in the IF stage of the system.

If placed in the RF stage, the cancellation system must be positioned immediately before
the first IF mixer. This option must be taken if the RF receiver stage’s dynamic range
is not sufficient to accommodate the signal and feedthrough. The disadvantage of this
approach is that the cancellation module would have to operate over the entire bandwidth
of the SFCW radar.

If the RF stage can handle the signal and feedthrough, cancellation can be done in the
IF stage. This is easier to implement, since cancellation only needs to take place at one
frequency.

1.4 Problem Statement

The problem at hand can then be stated as follows:

Design a hardware module that can generate a high quality (i.e. high
SFDR) sinusoid at one particular frequency (the system IF) that is instanta-
neously adjustable in both amplitude and phase. The module must take as an
input a signal of the same frequency and be able to add the generated signal
to the incoming signal. The resulting signal after the summing process must
be amplified to variable gain levels, depending on the requirements of the rest
of the radar system.

Show, through comprehensive testing that the designed module operates
as intended and can be integrated into the SFCW-GPR for which it is de-
signed.

To realize the solution, simulations will need to prove that the concept is viable. The rest
of this paper describes the theory, simulation and design of a hardware module that meets

these requirements.



Chapter 2

Theoretical Considerations of IF

Cancellation

Chapter 2 presents the theory required to realize the IF Cancellation Module. Firstly, sig-
nal cancellation in the context of this paper is defined. It is shown that the most effective
method of cancellation is adding two signals that are in exact anti-phase with respect to
each other. Motivation for the use of Direct Digital Synthesis (DDS) will also be given.

The chapter then continues by explaining the operation of DDS. A breakdown of the
system architecture will show that DDS has two main sources of error. Phase truncation
and amplitude quantization produce spurious signals in the DDS output spectrum. The
level of these spurs are dependent on the amplitude and phase resolution and a simulation
will show that there is no significant gain in signal-to-noise ratio when one has more
resolution in one than the other. This result is an important one and is used in the hardware

design phase.

The next part in the chapter deals with phase noise in signal sources and oscillators, An
ideal oscillator exhibits a perfect spike at its output frequency in the frequency domain.
All real oscillators exhibit phase noise, however, and this causes a spectrum that is not
infinitely narrow. Phase noise and its causes are discussed as a measure of frequency
stability in the frequency domain. The time domain version of frequency stability, jitter,
is also explained and it will be shown how to convert from a phase noise plot to a jitter
figure. This conversion is essential, since it is used in the simulation of the IF Cancellation
Module. Allan Variance, another measure of frequency stability is also documented for

completeness.

The chapter concludes by showing the effects of phase noise and amplitude and phase
discrepancies in the SFCW radar by means of simulation. The simulation software was
developed by Langman [40] during his PhD thesis. The simulation will show radar range-
profiles and show how the performance deteriorates as phase noise, amplitude and phase
errors are introduced in the various components in the system. Note that these are quali-
tative rather than quantitative simulations, the objective being to show the effect visually

instead of mathematically.
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Figure 2.2: (a) Vector diagram of typical received radar signal - reflections from targets
plus direct feedthrough coupling, (b) Simplified radar range profile showing targets and
direct coupling signal

the return signal such as background noise will average out statistically and real targets
will become larger in amplitude and hence detectable by the system. Range profiles with
different stacking numbers using the SFCW GPR simulation of Langman [40] is shown
in Figure 2.3:

It is seen that a large number of stacks, more than 64, is required to make the targets
visible. Even in this event, the target signals (at 3m and 6m range) are barely above the
noise floor.

If the feedthrough signal could recreated and subtracted from the total signal and the
result amplified, cancellation would be achieved and the situation would look as shown in
Figure 2.4.

Now that the coupling signal has been removed, the target returns can be amplified and
all three are detected by the ADC.

If stacking is used in this case, the following is seen by simulation:

As can be seen, after 64 stacks the targets are clearly visible above the noise fioor. This
compares favourably with the simulation results shown in Figure 2.3 in that fewer stacks
are needed and the signal-to-noise ratio has improved. Since less stacks are required,
more scans can be taken during a specific time.

Dynamic range in a system is defined as the ratio between the maximum allowable signal
and the minimum detectable signal in that system. Since the minimum detectable signal
has been decreased, this ratio will be bigger and an increase in the system dynamic range

has thus been achieved.

2.1.1 Creating the Cancellation Signal

The most important aspect of this subtraction method of cancellation is accurately recre-

ating the leakage signal. The leakage signal will be a series of sinusoids of varying am-
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Figure 2.3: Four Range profiles with direct coupling signal and various stacking numbers
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Figure 2.4: (a) The returned radar signal with the feedthrough cancelled and the result
amplified, (b) A range profile representation of (a)
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Phase imbalance has more drastic effects. Consider the situation where the amplitudes
of the leakage and cancellation signals are equal, but their phase difference is not exactly
180°. A vector diagram of this scenario is shown in Figure 2.6. For clarity, the contribu-

tions from other targets are ignored.

i Direct
Coupling

180+phi

# >’X
Cancellation ?\\\\Spurieus
‘ Signal

Signal\\\\\

Figure 2.6: The creation of a spurious signal due to phase imbalance between the direct-
coupling and cancellation signals

As can be seen in Figure 2.6, a spurious signal can be created if the feedthrough and
cancellation signals are not exactly 180° apart in phase. This is shown by simple vector
addition. The magnitude of this spur is proportional to the phase imbalance. Three main

factors will contribute to this phase discrepancy.

Firstly, the phase resolution of a Direct Digital Synthesizer, which is used to generate
the cancellation signal, is limited. The phase is accurate to %‘?‘,? degrees, where n is the
number of bits in the phase accumulator of the DDS. For n = /2 (which is not uncommon
in modern DDS), the phase resolution is 0.09°. This may seem adequate, but it must be
remembered that the signals reflected off real targets are of the order of -70dBm and even
a small phase error such as this can cause a spur that is of the same order of magnitude as

real targets.

Secondly, all signal sources exhibit phase noise. Ideally, a signal source produces a single
spectral line with no energy at any other frequency. In reality this is never the case and
phase noise is a measure of the energy in frequencies close to that of the source. It is
usually denoted by L{f,.) and is defined as the noise power in a 1Hz bandwidth at an
offset frequency f,, from the source’s primary frequency [28].

These phase imperfections will be present in both the feedthrough and cancellation sig-
nals. Some of the phase noise will be correlated since all the signal sources in the system
run from the same master reference: the system clock. The correlated phase noise should

not present a problem, since it will be cancelled. There will also be uncorrelated phase

13



noise between the two signals as well as additive external noise, however, which is ran-

dom in nature. The vector diagram below shows the implications of these random phase

fluctuations.
Y Phase Noise
A Vector
Direct
Coupling
- 4
Cancellation
Signal
Phase Noise///// !

Vector

Figure 2.7: The feedthrough and cancellation signals in the presence of phase noise. The
dotted lines represent the areas in which the phase of the signals could vary due to added
phase noise vectors.

The dotted lines in Figure 2.7 represent possible positions of the two vectors. As can be
seen, the presence of uncorrelated phase noise also results in spurious outputs, since it
causes the directly-coupled and cancellation signals to not be in exact anti-phase. The
phase error will not be a constant, however, and this will cause spurs to appear and dis-
appear in a random fashion. This, in effect, will result in the system noise floor rising,
which is undesirable.

The third cause of phase error is attributed to inaccurate calibration of the IF cancellation
module. An algorithm will need to be devised that establishes a 1809 phase difference
between the cancellation and feedthrough signals. This is what is meant by calibration in
this paper. Failure of this algorithm to ensure the signals are in anti-phase will result in

the same spurious signal being created as is shown in Figure 2.6.

2.2 Direct Digital Synthesis Explained

Direct Digital Synthesis (DDS) or a Numerically Controlled Oscillator (NCO) is the clos-
est to an all-digital frequency synthesis technique available today. Goldberg [24] defines
frequency synthesis as “a system that generates one or many frequencies derived from a
single time base (frequency reference), in such a way that the ratio of the output to the
reference frequency is a rational number.” A frequency synthesizer thus derives an output
frequency (usually a sinusoid) from a clocking source by division or other means.
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Thierney, ef al. [57] proposed a Digital Frequency Synthesizer in 1971, but it has only
been made feasible in the last 15 years by the massive evolution of digital electronics.
Vankka, ef al. [60] reports that in past years DDS has been limited to produce narrow
bands of closely spaced frequencies. Recently, however, DDS systems with bandwidths
of above 400MHz have become available from popular IC manufacturers.

A DDS system digitally builds a waveform from the ground up. This is in contrast to
analogue synthesis techniques such as phase-locked loops (PLL) and Direct Analogue
(DA} synthesizers which use oscillators as the main frequency generation mechanism.

2.2.1 Basic System Architecture

A block diagram of the DDS architecture is shown in Figure 2.8:

Clock

Phase .| Lookup » DAC Qutput
Accumulator " Table " Tl Filter

4

e Qutput

Control

Figure 2.8: The basic Direct Digital Synthesizer system architecture. Note that the output
filter is not strictly part of the system, but is included for completeness

The system clock acts as the frequency reference (from the definition of a frequency syn-
thesizer above) in a DDS. The "Phase Accumulator’ is in effect a digital counter with vari-
able increments who’s output addresses a Lookup Table (LUT). The LUT usually takes
the form of Read-Only Memory (ROM) containing uniformly spaced sampled values of

a sinusoid for one cycle.

The LUT outputs the appropriate amplitude information as indexed by the Phase Accu-
mulator. The output from the Phase Accumulator thus acts as the phase of the sinusoid,
hence its name. The output from the LUT is fed to a Digital-to-Analogue Converter
(DAC), which converts the data to the analogue-domain. From here the signal passes

through a {usually external) low-pass filter to produce a smooth sinusoid.

The rapid phase changes required for the IF cancellation is easily achieved by simply
initializing the accumulator with appropriate values.

2.2.2 Theory of Operation

The output frequency of a DDS is dependent on the “frequency control word’, W, which is
a digital word presented to the input of the Phase Accumulator. For a N-bit accurnulator
and a reference clock frequency f.u., the output frequency is given by

_ Wi

fomé - 2N )




where W < 2V-1 This constraint comes from the sampling theorem [60] and shows
that the maximum theoretical output frequency of a DDS is limited to %"3 In reality,
the maximum useable output frequency is limited to about 40% of the clock reference
[24, 60] due to the difficulty of filtering image frequencies close to the Nyquist rate.
The accumulator has modulo 2 operation and overflows at the same rate as the output

frequency.

The frequency resolution of a DDS system is

feur
2:’\1 )

Af =

Given the levels of integration in modern-day digital electronics, it is easy to sce that

sub-hertz resolution is possible.

The output phase at any time index sample value » is given by

2mn

b(n) = A

and the output amplitude A for any n is then

A(n) = sin(6(n)) = sin(%@)

N
Note that this formula assumes no quantization effect of the sine-I.UT and implies infinite
word-length of the sinusoid samples in the LUT. In practice, the LUT will have limited
precision and its output amplitude will be an approximation to the precise value of a
sinusoid at that specific phase value. Quaniization and its effect on a DDS system is

considered in a later part of this chapter.

2.2.3 Spurious Signals in DDS

Apart from the wanted output signal, DDS also produces unwanted artifacts. These take
the form of spurious signals (spurs) caused by the limited precision in the digital circuitry.
Papay [48] claims that spectral purity is one of the most important specifications in syn-
thesizers. He classifies the creation of spurs as “numerical distortion” and shows that
amplitude quantization (AQ) and phase truncation {PT) are the main causes of degrada-
tion in spectral purity. Jenq [35] confirms this statement. INTEL [33] reports that spurious
signals are the most significant limitation in DDS performance. The following sections
will explain these sources of error and show their effect on the output spectrum of a DDS,
but before AQ and PT are explained, note the following definitions of important DDS

specifications, given in {6] for completeness:
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1. Signal-to- (Noise + Distortion) Ratio

This is measured at the output of the DAC. The signal is the RMS magnitude of the
fundamental frequency. The noise constitutes the RMS sum of power in all the other
frequencies up to half the sampling frequency (f .1 /2). but excluding the DC component.
It will be shown later that SNR = 1.76 + 6.02m dB, where m is the number of bits in the
DAC output.

2. Spurious Free Dynamic Range (SFDR)

Harmonics of the fundamental, as well as images of the clock frequency will be present
in the output spectrum of a DDS. SFDR refers to the difference in magnitude between the
fundamental and the largest spur. There are sub-categories of wideband and narrowband
SFDR. Garcia, et al. [21] explains further that SFDR must be measured over the Nyquist
bandwith {wideband) and the band of interest (narrowband} in the system.

3. Total Harmenic Distortion (THD)

This is the ratio of the RMS sum of the harmonics to the RMS value of the fundamental.
Expressed mathematically,

VHP 4+ H3 + H3 + ..+ H?
THD = 20log ; ,

memﬁamem:ct

where Hp is the highest order harmonic.

Amplitude Quantization

Due to the finite word-length of the sine-LUT, samples presented to the DAC will be
approximations to the actual values of a sinusoid at a given phase {58]. This is what is

meant by amplitude quantization.

For a sine-wave of amplitude A the signal power is A?/2 watts [56]. The guantization
error is evenly distributed over [~/ 4/2, /A 4/2) and the error power is A% /12, where
O4 = 277 and e is the number of bits in the amplitude word [56, 58]. For a long period
of observation, the signal-to-quantization-noise ratio is then

A 12
SNE = 10log ( — X —)
2 A%

= (1.76 + 6.02m) dB
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This shows the ratio to improve by approximately 6dB for each additional bit in the digital

word

The rounding operation implicit in quantization (minimum distance or nearest neighbour),
as well as the fact that DDS output has odd symmetry causes odd harmonics of the fun-
damental frequency [48, 58] to be generated. The levels of the generated harmonics fluc-
tuate wildly and it is complicated to calculate exactly, but Kester [37] reports that it is
highly dependent on the ratio of output-to-clock frequency. If fout/f g = L/P (some L
relative prime to P) then the number of AQ-spurs is (P4) -1 [48]. Assuming that spec-
trum is calculated over the period, P, the carrier-to-spur power spectral density is given by
Vankka [58]

C P

T = 1.76 4+ 6.02m + 1010g(Z) dBe
Because of the sampling processes in DDS, some harmonics can also be aliased back into
the band of interest. Papay [48] calculates that for P = 4 there is no quantization since
the samples match the exact sinusoid values and only DAC nonlinearities cause DDS
distortion. For P = &, on the other hand, energy from all harmonics concentrate on one
spur (by imaging/aliasing from other Nyquist zones) and causes a significant degradation
in SFDR.

Phase Truncation

Although no spurs are generated due to phase truncation if £ /fout is an integer (which
will be the case in the IF cancellation module), the effect of PT in DDS will be shown for

completeness.

Consider a DDS with a 32-bit phase accumulator. 232 entries would be required in the
LUT to convert each accumulator value to an amplitude. If 8-bit amplitude precision were
used, the LUT would have to be 4-gigabytes in size. This clearly is not practical. The
solution is to use a fraction of the most significant bits (MSBs) of the accumulator to
address the LUT [22, 24]. The phase information is thus truncated.

In the literature, the part of the accumulator presented to the LUT is called the integer part
and the discarded bits are known as the fractional part. If the frequency control word, W,
contains a fractional part, the data points will be clocked out with a non-uniform phase
increment. This creates the effect of presenting a non-uniformly sampled sine wave to the
DAC [48]. Jeng [35] shows that a non-uniformly sampled sine wave contains spurious
harmonic components. He calculates in a subsequent paper [34] that the maximum and
minimum possible SNRs due to phase truncation are

S/Npr(mazx) = 20log(K) — 3.92 dB

S/NPT(TTHTL> = 2010g<K) - 5.17 CgB)
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respectively, where K is the number of entries in the LUT. These formulae simply give
an upper and lower bound on expected SNR due to phase truncation. Furthermore, if W
is represented by an integer and fractional part, i.e. W =R + /P (Q, P relative prime to
each other) then the number of harmonics, including the fundamental frequency, is given
by P and their relative locations in the spectrum are dependant on @ {48]. Thus, if P =
1, then W is an integer and the only harmonic is the fundamental frequency and hence no

phase truncation takes place.

Combined Effect of Amplitude Quantization and Phase Truncation on
DDS Output Spectra
Vankka [59] gives expressions for the combined effect of both spur generating mecha-

nisms in terms of &, the number of bits used to address the LUT and m, the number of bits

in the amplitude word. The superposition principle is used in the analysis to obtain

. s /2 1N\, .
SNR~ 176 + 10log 0% +22_m {CISBJ
The noise power is divided into P spurs (£ is also the number of samples in the spectrum)
and the carrier-to-noise power spectral density is given by

C a2 1\ P
— 5y 1.7 Olog | —— 4 = . N
W 1 6+1Jlob< Sk ”*“sz) +1010g[2> [dBc],

where dBC denotes dB’s below the carrier (fundamental) power level. A plot of the SNR
versus k and s is shown in Figure 2.9.

As can be seen, the optimum points are when amplitude bits equal the phase accumulator
bits. In other words, no significant SNR increase will be achieved by increasing either of
the bit-lengths beyond the other. It will be seen in Chapter 5 that this result holds when

measuring the system performance

Other Sources of Spurious Signals in DDS

It must be noted that there are other sources of error in a DDS. These include phase-noise
in the reference clock, DAC nonlinearities and clock feedthrough. Phase noise and its
effect on this system will be discussed in subsequent sections.

The effect of DAC integral and differential nonlinearities on spectral purity is compli-
cated and beyond the scope of this writing. Goldberg [24], Intel [33] and Gentile [22]
note, however, that these nonlinearities produce harmonics of the fundamental, but that
their levels are impossible to predict exactly. This form of error is known as harmonic

distortion.
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however, the output from any sine wave generator or frequency source is actually given
by [52, 31}
u(t) = [A + e(t)] sinfwst + (1)),

where €(t) and (¢) are random processes denoting amplitude and phase fluctuations, re-
spectively. From standard amplitude and phase modulation theory [56], the presence of
e(t) and w(t) will cause modulation sidebands at frequencies offset from the carrier fre-
quency (w,). This has the result of V(w) not containing two §’s, but instead power-spectral

densities of non-zero width [62].

A phasor representation of this modulation is shown in Figure 2.10.

Sideband Amplitude Phase
Vectors Modulation Modulation

Figure 2.10: Phasor representation of modulation caused by sideband offset from the
carrier frequency, taken from Robins [51]

In the above phasor diagram the rotating vectors represent the sidebands of the carrier.
Depending on the alignment of the these vectors, they cause either pure amplitude modu-
lation (AM), pure phase modulation (PM) or a combination of the two.

All treatments encountered pertaining to phase noise theory in oscillators assume negligi-
ble amplitude fluctuations €(¢). Some reasons for this is

1. High-quality oscillators have some type of amplitude stabilization [52],

2. RF mixers usually run at saturation power levels and are thus insensitive to oscilla-

tor amplitude fluctuations [25],

3. Limiter stages are often used in many systems as interface to a frequency reference
and thus suppress amplitude variations [52].

For these reasons amplitude fluctuations can be ignored in phase noise analysis and the

expression under consideration for a free-running oscillator is then simply [13, 5, 52]
vit) = Asinfwet + p(t)]

Modulation of the carrier due to @(¢) alone still causes phase modulation sidebands, char-
acterized in the frequency domain by the spectral density S,(f) and this is known as
phase noise.
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Jitter and phase ncise essentially refer to the same phenomenon. Jitter, however, is a time
domain representation of frequency instability, whereas phase noise is only defined in the
frequency domain. In the discussion to follow, the main focus will be on the frequency
domain measure of frequency instability although conversion to the time domain jitter

parameters will also be shown.

Formal Definition of Phase Noise

Short-term frequency instability of a signal is usually described in terms of its single
sideband noise spectral density. The units of this measure is “decibels below the carrier
per hertz” (dBC/Hz) and the expression is defined as [26]

‘Ciot(d(&w) o 1010g (Psédeband {wQ o Aw, 1HZ)) )

P carrier

where Pyigepand (wo + Dw, 1H z)means the single sideband power at a frequency offset
Dw from the carvier in a 1Hz measurement bandwidth. It must be noted that this definition
includes the effect of amplitude fluctuations e(t), but, since this is regarded as negligible
in most applications, Ly (Aw) can be seen as the pure phase noise of a signal and will
henceforth be denoted £{Aw}).

Grebenkemper [25] and Abidi [ 1] further show from phase modulation theory for small
angles that
L{bw) = 5,(f)/2

Allan, et al. [4] and Lance, et al. [39] confirm the above relationship and state that it only
holds if [;° S,(f)df < Iradian, i.e. the relationship is valid for f far enough from the
carrier frequency. It will be seen later that spectral content close to the carrier is difficult

to measure and impossible to predict exactly.

2.3.2 Leeson’s Phase Noise Model

Leeson [43] in 1966 was the first to derive a simple, intuitive model for the noise spec-
trum of a feedback resonator oscillator [1]. In his model ¢(¢) is treated as a zero-mean

statiopary random process that describes deviations from the ideal phase of the oscillator.

Leeson claims that a basic requirement for an oscillator noise model is that it must show
clearly the relationship of the power spectral density S, (Aw) of frequency to the known
or expected noise and signal levels and resonator characteristics of the oscillator. Leeson’s
model gives a semi-empirical mathematical formulation for £{/Aw) and his original work
results in a typical power spectral density of phase as shown in Figure 2.11.

Zhang, et al. [62], Goldberg [23], Lee, ¢t al. [42] and others have added correction factors
to the original Leeson equation to account for //f device noise (flicker noise, discussed






2.3.3 Power Law Noise Processes in Oscillators

Frequency sources contain noise that appear to be a superposition of causally generated
signals and random, non-deterministic noises [39]. Many papers contained in the National
Institute of Standards and Technology (NIST) Technical Note 1337 explain the typical
phase noise behaviour of an oscillator as being the result of a combination of five noise
processes. These noise processes are models of precision oscillator noise that produce a
particular slope on a spectral density plot [31]. The noise originates at baseband and gets
up-converted to sidebands close to the carrier frequency by means of the nonlinearities

inherent to an oscillator.

Each process has an integer value for o and has been given a name. This section will

define these noise sources and attempt to explain the origin of each.

a) Random Walk FM (Random Walk of Frequency)

This noise occurs close to the carrier frequency and drops off as 1/f%. It is difficult to
measure. Lance, ef al. [39] relates the noise to the oscillator’s physical environment and
offers factors such as mechanical shock, vibration and temperature as possible causes.
Lesage, et al. [44], however, claims that the true ongins of this noise is still not well
understood. Since its origin is not well known, it is impossible to predict and is usually
not included in the phase noise specification of a frequency source. Random walk FM is

a source of long term frequency instability.

b) Flicker FM (Flicker of Frequency)

Flicker frequency modulation subsides with a 1/ f* power law on a plot of £(Aw). Its
presence can be attributed to the direct up-conversion of baseband 1/ f (or Flicker) noise
which is usually present from 1Hz to about 10kHz. Howe, et al. [31], Hooge [29] and
Robins [51] claim that the origin of 1/ f noise is still largely unknown. Lance, et al. [39]
relates the noise to the physical resonance mechanism in the active oscillator, as well as
active electronic components in the device and environmental properties.

1/ f noise sources and its analysis is a large topic of discussion. For a full review of the
subject, the reader is referred to Hooge [29].

¢y White FM (White Frequency, Random Walk of Phase)

This noise is commonly found in passive-resonator frequency standards [31, 39] and goes
down on a L{Aw) plot as 1/ Drucker [19] describes white FM as broadband noise
that is shaped by the Q (quality factor) of the oscillator. It arises from additive white
noise sources internal to the oscillator loop [52] such as thermal noise .
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discussion is required to ensure a complete account of frequency stability. The following

explanation of Al:an variance is taken from Howe, et al. [31].

It must first be understood that frequency measurements always involve two oscillators,
where one of them is usually inside the measurement equipment. The fractional frequency
deviation or difference of oscillator v; with respect to a reference oscillator vy is then
defined as

vy g

y(t) = ,

Vg

where y(¢) is a dimensionless quality. The time-deviation of an oscillator over a time ¢ is

then given by
't
o(t) = [ yit)ar
0

It is impossible to measure instantaneous frequency, since this would require an infinitely
short sampling time from the measurement equipment. There is always some time-
window 7 over which the oscillator is observed. The average fractional frequency over
time 7 is then defined as (t +1) 0
T T — X
glt) = -
where 7 is often called the sampling or averaging time and is determined by the gate time

of the measurement equipment (usually a frequency counter).

A logical way to extract the statistical properties of #(¢) would be to calculate its variance
and standard deviation. Howe, e/ al. [31], Stein [54] and others show, however, that these
statistical properties increase as the number of measured data points increase when non-
white noise sources are present in the oscillator. In Section 2.3.3 it was seen that flicker
noise also modulates the oscillation frequency and hence traditional statistical measures
are of no value, as it depends on the number of sample points. For this reason the Allan

variance was proposed and is mathematically expressed as [52]

2 1 M-} 5
oy (1) = ST =) }; (Tk+1 — T )",

where M is the nember of sample points and 7 is the gate time of the measurement equip-
ment. Note that the Allan variance assumes zero dead-time. Dead-time is caused by
time-delays due to processing in the measurement equipment that, in turn, causes infor-

mation of the oscillator signal to be lost.

2.3.5 Conversion Between Frequency and Time Domain Measures of

Frequency Stability

It will be seen later in this report that it is easier to incorporate frequency instability in a
system simulation by using time domain measures {jitter, Allan variance) rather than the
phase noise specification £{Aw) in the frequency domain. For this reason it is necessary
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to be able to convert from the phase noise spectrumn of an oscillator to the desired time-
domain equivalent of instability.

Converting from the time domain to £{Aw) is not a trivial task and many papers claim
that it cannot be done. McFerran [46] says that time-domain data does not contain enough
information to reconstruct the power spectral density of an oscillator exactly, although it
can be approximated by a conversion table using the power-law model discussed previ-
ously. There are , however, papers that show attempts to do this conversion, most notably
Hajimin, ef al. {27], Demir, et al. [17] and Zanchi, et al. [61], but it is beyond the scope
of this paper.

Converting from phase noise to jitter basically involves integration of the phase noise plot
L{Aw). The bandwidth of integration is an important factor in the phase noise conver-
sion, since it directly influences the calculated jitter-number. The system in which the
phase noise specification is being used must therefor be examined to establish an upper

frequency limit for the integration.

Phase Noise to Jitter Conversion

As mentioned, jitter is calculated from a phase noise plot by integration. Various papers
describe this process, with slight differences between them. This explanation is taken
from Adler [2] and Fordahl [20]. The method was verified by comparing the result cal-
culated from a phase noise specification of an oscillator with the jitter spec. An example
calculation is shown in Appendix A

The first step is to identify the power-law slopes {?lg) and their respective positions in the
plot of £{Aw). The phase noise value (in dBC) at the lower offset frequency comer of
each of these slopes is then converted to noise power in watts. This value is multiplied by
the area under that particular part of the curve, caiculated by integration. That is

frs
P = Puanes X / L(f)df

Stow
The contribution from each part of the curve is then summed to produce the equivalent
sideband power at the maximum frequency of integration. Mathematically, this is ex-

pressed as
pwm; = P; + Pg -+ P3 4 ]3‘“

where F,is the last unique slope in the phase noise plot.

Next Pyaris converted back to dBm and the quantity, Fyp,,, is known as equivalent side-
band level of the integrated phase noise. The calculated sideband is treated as small-index
phase modulation, which allows one to calculate the phase deviation. Jitter can be ex-
pressed in various units. RMS Jitter in degrees is given by

360 Py
Jdegrees = g X 10—"2%-‘23



Similarly, the RMS jitter can be calculated in seconds. For an oscillator of frequency f

this is given b)’
st(
o grees

‘]SSCO?’L'S - g
4360

An example of this calculation can be found in Appendix A where the phase noise curve

of a real oscillator is used to show that the calculated jitter value matches that of the

oscillator specification.

2.4 Effect of Phase Noise and Amplitude and Phase Er-

rors on Radar System

This section will demonstrate the success of perfect cancellation, as well as the effects of
the various imperfections discussed thus far in this chapter, by means of simulation. The
sirnulation was originally developed by Langman {407 for use in his thesis., Modifications
were made to the software to accommodate phase noise and amplitude and phase errors.

The output of the simulation is in the form of radar range profiles and it will be seen
that the signal quality deteriorates as each of these errors are introduced. The simulation
merely serves to show that the imperfections do indeed affect the signal quality negatively
and should not be seen as a quantitative attempt. The errors, however, are realistic in
magnitude and can be reasonably expected in the radar system.

The final part of the simulation will show that when all these errors are present, the range
profile deteriorates to the point where it is difficult to distinguish between detected targets

and noise.

2.4.1 Perfect Cancellation

For the purpose of this simulation the leakage signal (1o be cancelled) is modelled as
a “large target” at close range. The first two profiles show that a small target that is
close to the radar can be masked by this feedthrough signal (Figure 2.13). After perfect
cancellation and amplification, the small target at close range is visible (Figure 2.14).

The range profile of Figure 2.13 indicates that there is only one detected target at 6 meters.
The large return at virtually zero-range is the leakage signal. After perfect cancellation,
however, it is seen that there are in fact two targets, one of them being masked by the
leakage signal prior to cancellation.

The profile of Figure 2.14 clearly shows the presence of a second target at a range of
0.5m. It has been established that perfect cancellation will be impossible, though, so the
following sections show the effects of imperfect cancellation.
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guantitative, but rather to show the effect of these imperfections.
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Chapter 3

Simulation of the IF Cancellation
Module

In Chapter 3, a model for the IF Cancellation Module is developed. The objective of the
model is to create a simulation of the system which will show the effects of phase noise
and quantization in the DDS and IF signals on the cancellation process.

The model includes the RF stage of the radar system. The transmitted signal is mixed
with a receive signal and bandpass filtered to produce the system IF The transmit and
receive signals both contain phase noise, but the noise is largely correlated.

The cancellation signal is then generated, using exactly the same architecture as a real
DDS would. The quantized DDS signal is filtered and added to the IF. The simulation
shows the effects of phase noise in both the [F and the cancellation signal at various bit
resolutions for the DDS. An important result is that there is no improvement in cancel-
lation at relatively high levels of phase noise if the DDS output resolution is increased
beyond 10 bits.

The main shortcoming in the simulation is the modelling of the IF bandpass filter. This
could not be modelled accurately, since the MatLab filters are difficult to edit. After some

experimentation, the results seem promising, however.

3.1 Simulation Model

The MatLab simulation of the system is based on the block diagram shown in Figure 3.1.
The code used to realize this model is included on the attached compact disc named
Appendix B in the file ’if_canc.m’.

TX and RX denote the transmit and receive signals, respectively. A function was written
that takes the following input parameters:

1. Number of cycles for simulation

2. Number of samples per TX cycle
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TX RX

BPF & IF

%

BPF @ IF

Radar
Processor

Figure 3.1: Simulation System Block Diagram

3. Transmit Frequency

4. Intermediate Frequency

5. Jitter (in RMS radians) of the TX and RX synthesizer
6. Clock Jitter in the cancellation signal.

7. Output precision (in bits) of the DDS.

The output of the function is the RMS error after subtraction of the cancellation signal

from the IF signal.

3.2 Simulation Parameters

A large enough number of cycles needs to be specified to allow time for the filters to
settle. It was observed that at least 2000 cycles of the TX signal was required to get stable
results at IF, with 20 samples taken per TX cycle. The TX frequency was chosen to be
200MHz and the IF is 2MHz. This implies an RX frequency of 202MHz.

Jitter and Phase Noise

It is standard practice by clock source manufacturers to specify frequency stability in
terms of phase noise. Since the system is simulated in the time domain, the phase noise
characteristics (frequency domain) of the oscillators need to be converted to their time
domain equivalent, namely period jitter.

The method described by Adler [2] was used to calculate the jitter for the TX and RX
synthesizers from its phase noise curves, which were calculated using SimPLL [8]. The
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2. 10 bits amplitude and phase resolution in the DDS would achieve the same level
of cancellation as higher bit resolutions in the presence of realistic levels of phase

noise in the transmit, receive and cancellation synthesizers.
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A Field Programmable Gate Array (FPGA) was chosen as the controlling device. The
device directly supports bi-directional LVDS, thus no additional circuitry is required to
provide the interface to the rest of the system. It also contains encugh gates to store a high

phase-resolution sinusoidal LUT, as well as the controlling firmware.

4.2.2 Converting Between Single-Ended and Differential Signals

The incoming IF s:ignal is differential and needs to be converted to single ended in order
to be added to the cancellation signal. Similarly, the IF signal selected to be output from
the module needs to be converted from single-ended to differential. Differential signals
are advantageous in that they offer a high degree of common-mode rejection. This will
largely cancel noise from from high speed digital signals in the system that couple to the
information carrying IF signals.

It is, however, more convenient to operate on single-ended signals. Commercial opera-
tional amplifiers are available that are specifically suited to converting between single-
ended and differential signals. These operational amplifiers are used in the circuit and

they require minimal external components.

4.2.3 Subtracting the Cancellation Signal from the Incoming IF

Cancellation is achieved by subtracting the generated cancellation signal from the incom-
ing IF. Operational amplifier subtraction circuits require precise resistor matching [30] to
achieve acceptable performance. An operational amplifier adder also needs accurate re-
sistor matching, but consists of fewer resistors, so matching is simpler. The cancellation
signal can be generated in exact anti-phase to the signal that needs to be cancelled and

added, resulting in subtraction.

This approach was adopted, and a simple operational amplifier adder circuit was designed

for the cancellation purposes.

4.2.4 The Variable Gain Stage

After cancellation has taken place, the resulting cancelled signal will be low in amplitude.
This signal must now be amplified to the maximum input level of the data-capturing
device: an ADC located elsewhere in the system. The level of amplification must be
digitally controlled. Although there are digital variable gain amplifiers (VGAs) on the
market, most of these products vary the amplification in 3dB steps. This is too coarse for
the given application.

A better solution s to use an analogue VGA. An analogue VGA takes as input an ana-
logue voltage to specify the gain in the circuit. This voltage can be generated by using
a low-cost DAC, which is controlled by the FPGA (the controlling device in the circuit).
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The combination of the DAC and the analogue VGA creates a gain stage that is finely
adjustable via a digital input.

The VGA chosen consists of 2 stages and with correct circuit design, it is possible to vary
the amplification ranges. This comes at a cost, however, as the bandwidth of the amplifier
decreases as the gain configuration increases.

4.2.5 Creating a Selectable Output

It is required that the IF output from the cancellation module be selectable between the
incoming IF (i.e. the signal goes straight through the circuit), the generated cancellation
signal and the amplified cancelled signal. The selection must be digitally controlled by
the FPGA. RF switches were used in an arrangement as shown in Figure 4.2.

Incomin -
= g_>'/'
Subtractor T . Output
o ey
Cancellation - f
Signal > _J =

Figure 4.2: Switch configuration for IF Cancellation Module

The switches are controlled by the FPGA, which is not shown here. This is basically a
more detailed version of the switch configuration shown in Figure 4.1.

4.2.6 Printed Circuit Board Design Considerations

The printed circuit board {(PCB) is manufactured from FR-4 material and consists of four
layers: 2 signal layers on the outside, a power plane and a ground plane. The signal
integrity of the IF signals are of utmost importance in the radar system. Also, the quality
of the digital signals on the board are paramount to establishing reliable communications
with data-converters and external system modules.

Three of the main causes for degradation in signal integrity are discontinuities in the
signal return path, power plane impedance and coupling from adjacent signals (crosstalk)
[11]. Signal integrity problems are more critical in high-frequency designs, but simple

reasures can be taken to limit its effects in any circuit.

Providing Uninterrupted Signal Return Paths

Every electrical signal has a return path [12]. If there is a power or ground plane directly
underneath the signal layer, the return path will make use of this plane to take the mini-
mum impedance path with the smallest loop area [16]. This approach was adopted in the
hardware design. The two centre layers of the PCB consists of power and ground planes.
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It is also important that the plane is not split directly beneath the signal trace . In the case
of an interrupted return path, the return current diverts to the smallest alternative loop
path, usually passing through the nearest decoupling capacitor [38]. This causes huge

impedance discontinuities and results in ground loops.

The PCB was laid out with the above facts in mind. As a result, all signal traces were

routed to pass over solid planes.

Common Mode Noise in Differential Signals

The DATA, Clock, incoming and outgoing IF signals are differential pairs. Noise from
external sources coupling into these channels will couple mutually into the pairs and can
thus be seen as common mode noise. One of the reasons for using differential signals is
that common mode noise is cancelled in differential receivers [30], thus providing a high

level of signal integrity.

This measure largely takes care of crosstalk from adjacent signals, since the coupling is
common to both signals in the differential pairs.

Guard Traces Surrounding Critical Signals

Benedict [10] suggests that guard traces be placed either side of the differential signals
on the PCB. Guard traces are tracks that run parallel to the signal pairs and are connected
to ground with vias at regular intervals. This reduces crosstalk by an order of magnitude
[49].

Guard traces of twice the signal trace-width were placed one signal trace-width from
the signal-carrying conductor on either side. This complies with the rules set out by
Benedict [10].

Decoupling of Power Supplies

Decoupling of ICs ensures that varying instantaneous current demands can be met without
causing a momentary fluctuation in the supply voltage. This is particularly crucial when
using digital components.

Alexander [3] gives very complete guidelines for designing a Power Distribution System
(PDS) using bypass/decoupling capacitors. The guidelines mostly pertain to high-speed
systems, however. For the IF Cancellation Module, standard decoupling practice was
used, namely placing 100nF capacitors as close as possible to each supply pin of each IC.
Also, 22uF capacitors were used as decoupling for the power supplies.
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4.3 Testing of Hardware

4.3.1 Testing Basic Functions with Test Software

Test software was developed in VHDL to be loaded onto the FPGA. The software had to

test three functions:

1. The correct generation of a 2MHz sinusoid

2]

. The operation of the variable gain stage DAC

(ad

. Toggling of the switches that route the output signal

Testing of the LVI3S communication links is inherent, since the clock source for the FPGA
comes from elsewhere in the system via the LVDS Clock link.

The 2MHz sinusoid was generated successfully. The resistor across the secondary wind-
ing of the transformer needed adjustment to ensure maximum signal-power transfer be-
tween it and the bandpass filter to which it is connected.

The variable gain stage works as intended. Data is written successfully to the gain-
adjusting DAC by the FPGA. With the placement of certain resistors, the gain range can
be altered. Maximum gain is 48dB.

The routing switches also operate correctly under control of the FPGA.

4.3.2 Testing Subtraction and Conversion Between Single-Ended and

Differential Signals

The final tests for full hardware functionality involve verifying whether the single-ended
to differential amplifiers (and vice-versa) and the subtraction/addition circuit work as
planned. Both these functions can be verified with a single test that utilizes two IF Can-

cellation Modules.

One of the modules is configured to produce a 2MHz sinusoid, with the switches pro-
grammed to pass this generaied signal directly through to the output. The second module
now uses this signal as its IF input. The second module now also generates a 2MHz sinu-
soid and routes it, via the switches, to the input of the opamp adder. The incoming IF is
also routed to the adder circuit.

After addition has taken place, the signal is passed through the variable gain stage and
then to the single-ended to differential converter, which is the output of the circuit.
Initial attempts showed that the differential-to-single-ended amplifier went into saturation
due to the DC-biased incoming IF signal. The DC-component was removed to some

degree by the insertion of 100pF capacitors at the input of the amplifier. The signal was
not a perfect sinusoid, but was of a high enough quality for testing purposes. Note that
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this DC-blocking will not be required in the real system, since the incoming IF (coming

from the RF demoedulator) will not have a DC-component.

It could now be seen that all the components operate perfectly. The incoming and can-
cellation signals add as expected and the output amplitude can be controlled by the VGA.
Due to shortcomings in the controlling software, the phase of either of the generated sig-
nals could not be changed, so the 180° phase difference could not be achieved at this
point. This will be tested in the following chapter, however, when the performance of the
module is measured.

The single-ended amplified signal is correctly converted to differential by the final ampli-
fier and output to the rest of the system. From this final test it can be concluded that all

the hardware functional requirements have been met.

4.4 Conclusions About Hardware Design

Following the design and testing of the initial hardware, the following conclusions can be

drawn:

1. All aspects of the hardware functions as intended.

2. Slight modifications can be made, namely adding more DC-blocking capacitors,
especially in the IF signal paths. Although not required for operation in the system,
it would facilitate easier testing of the hardware.

3. The signal integrity is at an acceptable level. No inter-module communication er-
rors were encountered during the testing phase, and the DDS output has a SFDR of
70dBC (see Chapter 5) while noisy digital communications take place.

A second version of the hardware will be manufactured in the future that contains the
modification mentioned above. In Chapter 5, the performance of the module will be tested
and it will be shown that the hardware can successfully be integrated into the SFCW GPR
for which it has been designed.
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Chapter 5

Performance Measurements of IF

Cancellation Module

In Chapter 5, the performance of the system will be evaluated. This phase measures the
true success of the concept of IF cancellation and the hardware design.

First, spectral purity of the cancellation signal is measured. This measurement indicates
that the DDS indead generates a clean signal, with a narrowband Spurious-Free Dynamic
Range (SFDR) in excess of 80dBC and wideband SFDR of 70dBC being measured. The
phase noise of the generated signal is also measured here, and a plot of this measurement
is included.

The second, and more important measure, relates to the level of cancellation that can be
achieved. Two IF Cancellation Modules were used for this test - one generating an IF and
the other generating a cancellation signal that is added to the IF. The test indicated that
the possible cancellation exceeds 53dB and that the RMS error between the two signals is
smaller than 4mV when the optimum phase difference and amplitude balance is achieved.
After the measurements are taken, the results are compared to those obtained from simula-
tion. The comparison will show that the simulation model was accurate in its predictions
pertaining to digital word lengths of amplitude and phase, but incorrect in predicting the
RMS error between the IF and cancellation signals..

5.1 Output Spectrum of the DDS

First, the output spectrum of the DDS is measured using a Agilent E44078 spectrum
analyzer. A plot of the spectrum of the 2MHz signal with a frequency span of 10MHz is
shown in Figure 5.1.

As can be seen, spurious frequency components are present at harmonics of the fundamen-
tal frequency. This is consistent with theoretical predictions made in Chapter 2 relating to

common DDS output spectra.

Shown in Figure 5.2 is a narrowband spectral plot with a width of 100kHz, the width
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temperature increases. Also, cancellation in the eventual radar system will be slightly
reduced from the measured result here, since the phase noise between the two signals will

not be correlated as is the case here.

Nexi, the RMS error between the two signals was measured using a Hewlett Packard
54645D Oscilloscope. The scope was set to measure the RMS voltage of the subiracted
signal. Once again, the result was dependent on the ambient temperature, but at room tem-
perature, an RMS error of 3.9mV was registered. This result is adequate if one considers
that the noise in the system exceeds 2.6mV RMS when no signals are present.

5.4 Review of Measured and Simulation Results

A comparison between the simulation and measured results can now be presented.

In Chapter 2 it was shown through simulation that no signal-to-noise advantage is gained
by using more amplitude than phase bits or vice versa in the DDS architecture. Fur-
thermore, it was shown in Chapter 3 that 10-bits amplitude resolution in the DDS would
achieve similar cancellation results than higher bit-resolutions in the presence of realistic
levels of oscillator phase noise. In attempting to achieve exact anii-phase between the IF
and cancellation signals earlier in this chapter, it was found that 10-bits phase resolution

achieved the same cancellation as using more bits in the phase accumulator.

This implies that the simulation of Chapter 3 is correct, since it indicated that 10-bits
amplitude resolution would achieve maximum possible and it was found in practice that
using more than [0-bit phase-resolution did not improve cancellation. In other words,
the simulation findings in chapters 2 and 3 are correct and one can conclude that the

developed model is conceptually accurate.

On the other hand, there is a significant difference between RMS error predicted and that
which was measured. Simulation indicated that the RMS error would be about 30uV,
whereas 3.9mV was measured. This discrepancy could be due to 3 factors

1. The bandpass filters could not be accurately modelled in MatLab

2. System noise due to analogue components and Electro-Magnetic Interference (EMI)

from adjacent electronic devices were not included in the model.

3. Passive components have unpredictable tolerances and slight mismatches of com-
ponents in crucial circuits, such as the operational amplifier summer, will cause a

degradatior. in performance.

These factors are not trivial to include 1n this model, but could serve as recommendations

for similar projects in the future.

In terms of the SFCW GPR system for which this device is intended, it shows that the
instantaneous dynamic range of the system can theoretically be increased by 53.7dB with
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the use of the IF Cancellation Module. This relies on the fact that the device can be
accurately calibrated to efficiently cancel each of the stepped frequencies mixed down to
IF. A lookup-table would have to be created that contains the phase offset and amplitude
information of each of the mixed-down transmit frequencies.
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errors into account. The model s used to simulate the device in MatLab. Chapter 4 con-
tains descriptions of the hardware design issues, without giving circuit level details. The
chapter also shows basic tests that were performed to verify that the hardware functioned

correctly.

In Chapter 5 it is shown that the device achieves high levels of cancellation (53dB) and it
is proven that the device could indeed be used to increase the dynamic range of the radar

system if it is correctly calibrated.

The most important conclusions that could be drawn from this study are:

1. The concept of IF Cancellation using direct subtraction of the leakage signal in a
Continuous Wave radar is viable. After careful adjustment of amplitude and phase
of the cancellation signal, 53.7dB cancellation could be achieved. If the phase and
amplitude of the cancellation signal could be calibrated to cancel the entire band of
transmit frequencies in the SFCW GPR, an improvement in instantaneous dynamic

range of the order of 50dB can be achieved in the radar system.

2. The designed hardware functioned as intended, although slight modifications could
be made to simplify testing of the circuit

3. The Direct Digital Synthesizer that was designed to generate the canceliation signal
performs as well and better than commercially available devices in terms of spectral
purity. Narrowband SFDR was measured at 85dBC and wideband SFDR was seen
to be 70dBC. Jitter introduced by the FPGA does, however, cause a deterioration in

the phase noise characteristic of the DDS compared to its clocking source.

4. The simulation model developed is conceptually correct and could be used as an
aide in the hardware design process. It correctly predicted that 10-bit amaplitude res-
olution in the DDS would achieve as effective cancellation as higher bit-resolutions
due to phase noise in the oscillators. It was also predicted that no improvement in
signal-to-noise ratio is achieved by using more amplitude bits than phase bits in the
DDS or vice versa. These predictions complemented each other when it was found
in practice that no cancellation improvement is gained by using more than 10-bit
phase
It was seen, however that the simulation was numerically inaccurate, since an RMS
error between the IF and cancellation signal of 304V was predicted, while 3.9mV
was measured. Various factors could be responsible for this, most likely the absence

of circuit noise in the model.

5. A summary of the most important measured quantities is given in 6.1 :
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Table 6.1: Summary of Measured Results

| Narrowband SFDR (100kHz) | 83dBC

Wideband SFDR 70dBC

DDS Phase Noise at: 10Hz 80dBC
100Hz 82dBC |

1kHz 80dBC

10kHz 100dBC

100kHz 1204BC

Maximum Cancellation 53.7dB

Best Achieved RMS Ervor 3.9mV

RMS System Noise 2.65mV

|
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Assume a clock frequency of 32MHz:

jRMS degrees

JRM S seconds = 360 x 32 x 106

= 5.08 picoseconds

This result coincides with the oscillator jitter specification of 6ps RMS jitter maximum.
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