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/ Abstract
(

)

Both a coherent and incoherent target filter are
compared on an output signal-to-noise power ratio basis. Three
spread spectrum waveforms are tested: intrapulse biphase
coded, interpulse frequency hopped, and interpulse frequency
hopped with subpulse chirp. In all three cases, the incoherent
target filter provided superior output power. Typical
incoherent/coherent signal power ratios were 1-3 dB, 0.75 dB,

and 0.18 dB for the phase coded, FM, and FM with subpulse

chirp respectively.
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i‘z 5;? I. Introduction
g d
5 Problem Statment
1
:; The application of spread spectrum technology in
N

military radar systems may provide several desirable

characteristics normally associated with spread spectrum

' g

w
.
" l‘
N "l.hj

communication system techniques. Spread spectrum communication

Teb oo

systems are well known and provide the following benefits to
%i‘ the communicator: 1) high resistance to jammers, 2) low
Eﬁk probability of signal interception, 3) simultaneous use of
it signal spectrum by multiple users, 4) multipath suppresion,
:§ and 5) high resolution ranging. The feasibility of applying
-é& spread spectrum to radar has been studied by Salzman (Refl11)
& (ip with the emphasis on exploiting the low probability of
%3 intercept and jammer resistance characteristics of such
i&i wideband signal formats. The general conclusion of the study

asserts that spread sprectrum is applicable to airborne radar
(utilizing coherent pulse trains) within a decade or two. The

major obsticle is the high sampling rates required to process

the signal. The sampling rate must,in general, be on the order

s}: of the signal bandwith: approximately 100-500MHz for a typical
e

#%v spread spectrum scenario. The utilization of such bandwith
N

roc extent yields high range resolution properties. It is possible
f§§ that a 30 meter target could be resolved to 1 meter, resulting
4 3’_&

::f in the appearance of 30 distinct returns. This target spatial
féf break-up or super-resolved return can appear in several
VY

‘Y different range bins. Futher, each individual return may be
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2
‘i i too weak for detection. Therefore, simply integrating the
A adjacent range bins (non-coherent filtering) would lead to
LE incomplete range collapse losses. In an effort to put the
f% distributed target back together, a target filter has been
suggested by Salzman (Ref11). This is a narrowband , matched-
'§ filter designed to collapse the doppler-filtered return signal
} into a centriodal peak at the proper time-delay value. The
o objective of this study is to determine if the target filter
;3 is feasible. More specifically, is a narrowband filter more
h effective in target range collapse than a non-coherent filter.
%- The criterion for comparision is the resultant signal-to-noise
%ﬁ ratio.
:5
g Scope
o 'I) The study will cover radars using several different
ﬁ waveforms with extents on the order of 100 MHz. Various
2 modulations will be computationally simulated and include: bi-

phase coding, pseudo-random intrapulse and interpulse

frequency hopping with subpulse chirp applied to the frequency

 ‘ hopping signals. Pseudo-random codes will be generated to
control the phase and the frequency variations and thereby
spread the spectrum. Other waveforms are not considered for
reasons developed in chapter II. Return signal formats will be
constrained to be a superposition of time- delayed versions of

the transmitted signal. This is applicable to the noise-type

g N:-‘.-'.‘ PN r ' A }:‘;‘J O

waveforms simulated under the assumption of negligible doppler

LS

=T

- shift between scatterers (Ref4:52).
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Problem Solving Approach

In order to determine the feasibility of the narrowband
target filter, a computer simulation will be implemented.
Signal parameters are specified by the user and the program
generates a pseudo-random code sequence of length 63 which
spreads the signal (via frequency or phase modulation as
previously stated). Next, the user specifies one of three
types of calculations: 1) produce ambiguity diagram plot and
signal spectrum plot, 2) produce received signal spectrum plot
and matched-filter response plot, or 3) produce received
signal spectrum and target filter response plots. The received
signal is generated assuming Swerling I or II type target
cross-section fluctuations(RCS). Also, the target filter
spectral characteristics are assumed to be the product of the
signal spectrum and the range extended scattering function.
According to Salzman(Refl11), the range extended scattering
function has a Gaussian frequency spectrum. Various computer
runs will be made, testing the waveforms developed in Chapter
II and the coherent target filter response compared to the
incoherent target filter response. The results will be
complied and tabulated for each waveform and type of RCS
fluctuation. The basic scenario consists of ten scatterer
target occupying ten range bins.

Presentation

This study begins with an extensive review of the study
~ done by Salzman(Refl11), with emphasis on waveform selection.

The various type of modulation techniques are presented along

ARSI R R e L VR L T
R TR TR TS TR TR PR LR LR LRI




s
f*ﬁ '25 with fundimental definitions and elaboration on the problem of
. target super-resolution. The next chapter, chapter 1III,
:§§ develops the necessary theoretical tools to understand and
i}é implement the computer simulation. In this section are:
A complex signal notation, matched filter theroy, optimum
i% receiver in white Gaussian noise, received signal
73: characteristics, development of the radar ambiguity function,
. and a sampling theory review. Chapter IV describes the
?:& rudiments of the simulation software and in this aspect,

certain signal parameters such as pulse width, number of
subpulses, and time-bandwidth product are presented. Chapter V

presents the results of the simulation with tables and graphs.

Finally, ChapterVI states the conclusions and recommendations.




II Background

The successful operation of an airborne radar in any
hostile electronic warfare scenario will depend on: 1) the
radars ability to operate without being detected; 2) the
capability to resist electronic counter counter measures(ECM)
(Ref11:11). ECM consists of any electronic technique which
disrupts the operation of the radar system. Examples include
noise or spot jammers, repeater transponders, chaff, and
decoys. The ability to resist detection is generally termed
low probability of intercept(LPI), while ECM resistance is
termed electronic counter-counter measures(ECCM). Salzman
(Ref11:34) has concluded that coherent airborne radar systems
can optimize both LPI and ECCM capabilities via spread
spectrum techniques. The report also indicates that the most
significant advantages of a spread spectrum radar system can
best be utilized by the fighter/attack mission(Ref11:34).

The term spread spectrum is frequently used to describe
systems or signals which possess one of the following: 1)
signal modulation schemes with an RF bandwidth considerably
wider than required for normal operations or 2) waveforms with
time-bandwidth products on the order of 100 to 1000. Spread
spectrum communication most often means the transmit bandwidth
is several orders of magnitude greater than the data
bandwidth. Spread spectrum radar implies that the transmit
bandwidth is several orders of magnitude greater than the

reciprocal of the desired range resolution. Regardless of




H«

“ A
- &
(A

A

Irrary

'.’ Py ... -VD
‘I‘l..lsl\f

o

whether the spectral extent is much greater than required for

either data transmission or range resolution, the critical
feature of any spread spectrum system is the broad transmitted
bandwidth. These bandwidths may range from tens to hundreds of
mega-hertz. It is useful to note that the second definition
above is also referred to as pulse-compression. Historically,
pulse-compression was a result of energy conservation efforts
by radar engineers. For clarity, spread spectrum will mean
that the transmit bandwidth is much larger than the data
bandwidth(ie definition 1 above)(Ref11:9-10). These large
bandwidths will dictate special system hardware requirements
and prudent radar waveform selection.

The design of a spread spectrum radar system begins
with the selection of a signal waveform and it is this
selection which the system design must accomodate. The
paramount criterion for selection of a waveform will be the
maximum LPI/ECCM benefit given acceptable ease of system
implementation, complexity, and cost. The spread spectrum
waveforms discussed are categorized according to their
respective modulation techniques.

A RF carrier may be modulated via amplitude or angle

( -~ or frequency) and is represented in comlex form as

S(t)=U(t)expj(2ﬂ(f.0q5t))+ $t)) (1)

where u(t) is the signal envelope, f.is the carrier freguency,




o(t) the phase modulation, and f(t) is the frequency

modulation. The real part of s(t) constitutes the physical

f?ﬁ signal. Typical of coherent airborne radar are pulse-doppler
a:: systems which can be grouped as either intrapulse(internal to
N the pulse) or interpulse(pulse-to-pulse) modulation. Further
_gi& modulation classification would be discrete verses continous
l{? changes in phase, frequency, or amplitude. For a series of
TN

pulses the complex signal is
$(t)= D up(ty-Tlexpi[2[f, t+f, (ty -T))+ &, ] (2)

where the summation is not a mathematical one, but rather a
description of a series of pulses. The subscript n above
indicates discrete coding by either frequency(f,) or phase
(®, ). Imbeded in u"(t) is any continous modulation internal

to a given pulse and can further be expressed as

%,, u (t)= Ay(t)expljelt)] pft) (3)

where ©(t) is continous angle modulation, A, (t) amplitude

N

.éi modulation, and p,(t) is the pulse function defined by

22

> '.".:

oy Palt)= rect(é%ﬁi£)= u(t)-u(t- T );interpulse

; \:",‘-: ’

:%% rect(‘::’1)= u(t)-u(t-T) ;intrapulse

‘%K X where u(*) is the unit step function. The difference between
J &’

2 3 interpulse and intrapulse schemes is illustrated in figure 1.
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Salzman{Ref11:80) has designated the waveforms(medulation
techniques) shown in table I as candidate for the coherent
airborne mission. In order to select one of the signal formats
of table I, system implementations must be reviewed to insure
the feasibilty of any given selection. This has been done by
Salzman(Ref11:82-109) with the following modulations selected
for further consideration: random FH, bi-phase intrapulse
coding with dwell-to-dwell PRF stagger. The rudiments of the
above implementations will be discussed next. The system
configurations are offered for completeness and should not be
viewed as the only realization.

Varying the frequency from pulse to pulse ,as shown in
figure 2, constitutes interpulse, random frequency hopping.
The transmitted signal will be wideband but the processing can
be either wideband or narrowband. Wideband processing will
yield high range resolution and at the same time require the
frequency hop to be commensurate with the pulse bandwidth.
This will help to reduce clutter and range ambiguous targets.
A particular system is shown in figure 3. This implementation
has as its main advantage an A/D converter which requires
sampling rates that are currently realizable. In other words,
the bandwidth at the output of the phase detectors is on the
order of the pulse envelope bandwidth; thus requiring
conventional sampling rates of the A/D circuitry. Phase
shifting and combining samples of the pulse train will restore

the spread spectrum resolution. Physically, this is

accomplished in the range bins which correspond to a given

[ R O
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Spread Spectrum Modulation Techniques

Interpulse

Interapulse

Hybrid

linear frequency
hopping (FH)

random FH-*

phase coding-**
biphase
polyphase

pulse jitter-*

linear FM(LFM) or
chirp

FM variates

VFM
parabolic FM

phase coding-*¥*
biphase
polyphase
stepwise chirp

random FH-*%*

simultaneous multi
freg. pulse-**

random interpulse
FH with LFM-**

random interpulse
FH with intra-
pulse phase
coding-**

random intrapulse
FH with subpulse
chirp-**

any of the above
with pulse jitter

simultaneous multi
freq. with pulse
jitter-**

* ECCM/LPI at narrow per pulse bandwidth
** ECCM/LPI at wide per pulse bandwidth

Table I. (Ref11:81)

10
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.%? doppler shift. The process is repeated for each sample and

KL%

once the range bins have been processed for all samples, the
entire range process is repeated for each doppler bin. Doppler
) bins are seperated in frequency by the reciprocal of the code
length produced by the code generator.

Intrapulse modulation consists of a pulse train where
each individual pulse is modulated discretely. This modulation
can be viewed as a series of subpulses whose phase or
: frequency content is dictated by a pseudo-random code. The

utilization of bi-phase coding or frequency hopping for the

e a aa

subpulse modulation yields a maximum ECCM capability at a

olatet

minimum in target degradation and clutter rejection.

Biphase coding consists of a transmitted pulse with

~

e o,
o0

o subpulse shifted M radians in phase from the center

frequency. The phases of each subpulse are determined by a

known code. The frequency and temporal characteristics are
illustrated in figure 4. The generating code is N bits long

and is determined based on its affect on the waveform

&L ‘..:.‘. R«

ambiguity function. The ambiguity function is xeviewed in

~ R

Chapter III. Each subpulse represents one code bit and
requires B=1/T Hz. The critical feature is that the bandwidth

and hence the range resolution is determined by the fine

56 004

structure of the temporal signal. Comparatively, an uncoded
pulse would require B/N Hz, thus biphase coding results in

spreading the spectrum by a factor of N. The corresponding

& &84-A A

range resolution is r= 1/2 ¢cT, where c is the speed of light,

ﬂ tats r the range, and T the time extent of each subpulse. An

13
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example of one particular processing scheme is shown in figure

5. Since each transmitted pulse contains the full frequency
spread, the entire bandwidth must be procesed upon return of

the signal in order to insure complete correlation. This in
turn requires the A/D circuitry to sample at a rate as high as
the signal bandwidth. Therefore, biphase-coded spread spectrum
is currently limited to approximately 100 MHz or less by the
A/D. The most effective solution, in general, would be to
relieve the programable signal processor (PSP) from processing
the entire bandwidth. One such method might be a "target
filter" placed before the PSP, which would coherently
narrowband the return (pre-detection range collapse). The
target filter will be the focus of this paper and explained
more fully in later chapters.

Pseudo-random intrapulse frequency hopping is similiar
to intrapulse phase coding as previously discussed. The only
difference 1is that now each subpulse is frequency shifted
according to the pseudo-random code. Figure 6 reveals the
waveform modulation characteristics. Figures 7 and 8 depict
two processing techniques, the first is essentially a matched
filter receiver and the second is termed "stretch" processing.
The matched filter receiver uses tapped delay lines, filters,
phase shifters, attenuators, and a coherent summer to
correlate the return. The stretch receiver mixes the return
with a local oscillator that is stepped in frequency according

to the transmitted code. The result is that the processed

signal will have a frequency shift that corresponds to the
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i% 3}‘ target range. The siganl is sampled by the A/D, Fast Fourier
I‘ transformed to form range filters, and finally doppler
i} processed and range collapsed prior to detection. The stretch
:g techniques primary is that it removes the A/D limitations on
_i bandwidth. Ths sampling rate of the A/D needs only to be twice
zé’ the frequency content of the stretched signal over the
f“ frequency span of interest (ie Af in figure 8). There is an
:\ additional load placed on the programable signal processor in
:;j that it is required to perform a range FFT.
ﬁ% The actual design implementation of any of the
‘_ previously stated spread spectrum systems presents several
h challenges and limitations. These problem areas generally
eE consist of hardware limitations and difficulties associated
i ﬁ with spread spectrum waveforms.
j§‘ State of the art hardware limits the possible operation
Eg of a spread spectrum system in several areas. Current RF
': equipment restricts the bandwidth to a few hundred MHz with
5% available signal processors and A/D circuitry limiting the
?i receiver bandwidth to less than 100 MHz. Wideband antenna
,f design becomes difficult when constrained by such parameters
‘;3 as narrow beamwidth, high gain, and low sidelobes; all of
}3 which are important from both an ECCM standpoint and for
;‘ optimum target detection/clutter suppression in a
S; fighter/attack mission. The use of phased-array antenna
Eé systems, althrough costly, provide the desired bandwidth
ii < response necessary for a spread spectrum radar.

% o Another area of concern is in the proper use and/or
:
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design of wideband elements. The important figures of merit

include: phase and amplitude distortion, RF power levels,
dynamic range and noise figure. Most of the phase and
amplitude distortion is incountered in the transmission lines
which may be coaxial cable or waveguide. The frequency
response for 1long coaxial lines is generally non-uniform
resulting in amplitude distortion. Properly matched lengths of
up to 100 feet can achieve bandwidths of approximately 25%.
Radars operating at or above S-band utilize waveguide in order
to avoid propagation losses of the higher modes. However,
wideband operations create dispersive losses resulting from
the propagation of the TM modes. The delays are not constant
wiph frequency. These distortions can be corrected via
waveqguide filters, proper selection of wavequide size, and
digital correction in the radar signal processor. As far as
power amplifiers are concerned, the traveling wave tube can
achieve bandwidths of 10-30% and is generally the transmitter
type found in coherent airborne radar. Also, the use of solid
state devices such as GaAs FET amplifiers provide low noise
(noise figure 3dB), high dynamic range, wideband, and low
distortion, RF receivers.

Spread spectrum modulation can be classified as
intrapulse, interpulse, or hybrid as was previously
illustrated in table I. The technological limitations of
using these modulations is the subject of this section. The
pseudo-random polyphase intrapulse codes are common in both

radar and communications applications. The technology is well

21
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'Eg ik' developed. The hardware is readily available, 1low cost,
standard, and broadband. Polyphase code generators operating
%S at or above 500 MHz are currently available.
I On the receiving side, despreading processors or pulse
|

compressors (PC) can be either correlation or convolutional

matched filter processing. A matched filter convolves the
return with the filters impulse response (a time inverted and
shifted form of the transmitted signal). The output of the
;ﬁ filter is a narrow, time compressed pulse. State of the art
technology available to perform the operation include:

1) digital: bipolar,CMOS/SOS, charged-
coupled devices (CCD)

2) discrete time analog CCDS

3) surface acoustic wave devices (SAWD):
a fixed-code and programable,coherent
L3N memory, convolvers,MOS-hybrid.
o
aﬁ Thus, current technology exceeds present or near term system
.'\.I '
‘) requirements, capabilities, and frequency allocation

restrictions for matched filters.

The generation of either interpulse or intrapulse
frequency hopped (FH) signals requires a fast, coherent
switching frequency synthesizer. Two methods exist for
generating a FH waveform: direct and indirect synthesis.
Direct synthesis produces the output frequency from one
precise frequency source and uses mathematical multipliers,
dividers, adders, and/or subtractors. This allows faster
switching times and fine frequency resolution assuming the

.Qv time delay through the bandpass filters is negligible compared

to the switching transient. Indirect synthesis vyields the
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output frequency by mixing one or more voltage controlled
oscillators which are often phase locked to a frequency
reference. In either of the above cases, the ability to
produce the frequency translations of FH systems is presently
available.

Another hardware limitation involves the radar digital
signal processor. 1Its function is to condense the sensor data
several orders of magnitude so that the radar data processor
(RDP) can make decisions concerning the radars current
tasking. Fiqure 9 1is a generalized diagram of a typical
coherent airborne radar. Typical values for a conventional
radar would include a 3 MHz operating rate for the A/D
converter at the signal processors front end. For a spread
spectrum radar, the A/D may be réquired to operate at rates up
to the signal bandwidth. This will depend on the particular
system configuration as was reviewed previously. Present
capabilities of A/D converters have been greatly enhanced by
the integrated circuit chip. Current monolythic A/D converters
are operating at several MHz with 12 to 14 bits of resolution.
The tactical fighter/attack mission requires this level of
resolution due to the enviroment in which its operates (ie ECM
and clutter). Sampling rates for intrapulse phase codes
require the A/D to operate on the order of the transmit
bandwidth, which could be as much as 500 MHz. FH
configurations, however, can be designed to require much
lower, realizable sampling rates. Future predictions for A/D

converters are promising in terms of their effect on spread

23
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spectrum technology. GaAs FET devices are scheduled to deliver
rates above 1 GHz with 12 to 14 bits os resolution by 1985
while Josephson Junction technology will provide 10 GHz by
1990.

The quantized data output of the A/D is delivered to
the radar signal processor where algorithms perform various
inner-products on large data sets. Such operations include:
filtering, convolution, correlation, and spectrum analysis
(discrete and Fast Fourier transforms). Generally, the
processor; are programmable due to the complexity (ie number
of operational modes) of state of the art radar systems. The
use of spread spectrum waveforms places considerable burden on
the programmable signal processor(PSP), where a 500 MHz signal
bandwidth may require the PSP to operate at 1 giga-operation
per second(GOPS). This is currently unrealizable since present
PSP capability is in the area of about 20 MOPS. Projected
VLSI, GaAs technology should yield 1 GOPS within 10 years. The
conclusion to draw from the above discussions of the various
hardware limitations, design challenges, and future technology
is that as far as device technology is concerned, spread
spectrum is a viable concept for coherent airborne radar in
the near future (10 years). The development and implementation
of spread spectrum radar with current technology is feasible,
but only if certain problems (such as A/D sampling rates) can
be circumvented. Also, the transmit waveform must be carefully
selected as it has direct bearing on the receiver

configuration and thus feasibility of the design.
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Certain problems unique to excessively broadband
waveforms exist that are not encountered with low resolution
waveforms. The following discussion presents the major design
challenges of selecting a suitable spread spectrum waveform.
These characteristics are dependent solely on the waveform
modulation (FH,biphase coded) structure and its corresponding
spectral characteristics.

Waveform self-clutter 1is a problem with any radar
signal and can be thought of as any output from a matched
filter due to non-matched targets (ie targats with doppler and
delay which should not cause a response). The figure of merit
which is used to describe the self-clutter of a waveform is
the ambiguity function and its corresponding ambiguity

diagram. The function is defined as:

YA}, V) = fs(t)s*(t—‘y)exp[jZHvt] dt (4)

The function is the correlation of the signal with a doppler
shifted, range delayed version of itself. By taking the square
of the functions magnitude and plotting it against delay(T )
and doppler(v), we obtain a visual representation of the
output of a matched filter matched to the signal and whose
input is any combination of delayed and/or doppler shifted
versions of the signal. This can also be viewed as the output
of a correlation followed by envelope detection. A
cross-section of the ambiguity surface taken parallel to the

doppler axis and at T=T;wou1d represent the filter output
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corresponding to a fixed range (g) and doppler mismatched over
all possible values. The radar receiver approximates the
ambiguity function via a two-dimensional array of correlators
(time delay .vs. doppler shift) or a single array of matched
filters (doppler shifted). 1In order to resolve a target in
both range and doppler, the majority of the filter response
must be located at the center of the ambiquity diagram. This
is where the +,v combination for that target intersect.
Therefore, the ideal ambiguity diagram would be a single spike
at the origin and zero elsewhere. This 1is physically
impossible. The reason for this is made clear in Chapter III,
where a mathematical treatment of the ambiguity surface is
presented.

A receiver response to interference (clutter,noise,non-
matched targets) 1is largely a function of 1its ambiguity
characteristics. Complicating the problem is the fact that
there does not appear to be an analytic method to construct a
signal from a particular ambiguity surface. Therefore, a
particular signal(s) is selected and from this we can
construct the ambiguity surface and predict the waveforms
self-clutter properties.

The inherently high range resolution of a spread
spectrum radar (assuming the entire bandwidth is effectively
processed) presents a problem termed "target super -
resolution”. This super resolution is a direct consequence of
the Fourier integral property: large spectral extent

transforms to short time extent. For a target whose spatial
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extent is greater than the radar resolution (waveform

bandwidth), it appears to the receiver as several targets each
resulting from the targets individual scatterers. Assumming a
transmit bandwidth of several MHz, the resolution is
approximately one foot. Thus, a forty foot target is "broken

" into forty seperate returns. If the radar receiver

up
bandwidth were matched to the largest target extent, the
individual returns could simply be non-coherently integrated
and the complete RCS recovered. The individual scatterers of
the super-resolved target may be too weak to be detected. This
is the essence of the super-resolution problem and the focal
point of this paper. 1In order to compensate for the over
resolution properties of wideband radar signals, a "target
filter" is required. This filter will perform an integration
on the individual returns in one of two ways: post-detection,
non-coherent range collapse or pre-detection, coherent
integration.

The non-coherent target filter consists of post-
detection integration or equivalently range collapsing the
range data to match the target dimension. This is done after
envelope detection and requires the entire signal bandwidth to

be processed. If the majority of the target scatterers

occupied a single range cell,then the optimum processing would

'; 3
:j be single cell observation. Target scatterers which have low
S
SQ RCS and occur in several range cells require cell-to-cell
K
o integration for detection enhancement. Processing the entire
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signal processor capabilities. In certain instances, 500 MHz

bandwidths with phase coding for example, this makes the
1?} system unrealizable. Other disadvantages of post-detection
o integration include those normally associated with this type

of processing: collapsing loss and post-detection integration

,*sé loss. In an effort to reduce the bandwidth restrictiions and
l*%% PSP loading, a coherent, pre-detection filter is considered.
. A coherent target filter is a matched filter (ie
:’_’? correlator) which may depend on the return signal being
‘i%g narrowband. Assuming the signal spectrum is.represented as
étf S(jw), and the spectral characteristics of the scattering
ft; function (range-extended target) as H(jw), a matched filter
sag would have a spectrum which is S(-jw)H(-jw). The bandwidth of
* GED this filter may be narrowband (see Chapter III) with respect
{gﬁ to the signal spectrum. If this conjecture holds, a
Et? considerable processing advantage (on the PSP) could be
,: gained; the result being realization of a spread spectrum
}f_ radar system.
!E?E The objective of this thesis will be to explore
‘.f: narrowbanding effects of the transmitted waveform. This will
%ﬁi be accomplished via comparisons of signal-to-noise ratios for
&%} non-coherent filtering .vs. coherent narrowband filtering.
i:%ﬂ Two waveforms are considered: FH and biphase coded. Also,
S:ﬁ target models will include Swerling I and 1II amplitude
’.:f fluctions. The thesis will, in the process of simulating the
h . above filter, attempt to verify the results of Salzman (Ref11)
%33 'f; that the coherent filter is advantageous (SNR) only 20% of the
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time, (assuming intrapulse biphase coding ,length 63, Swerling

I and II fluctuations).




:ﬁ{ Jﬁ; IITI Theoretical Considerations
Complex Signal Representation
Many radar signals, systems, and filters of practical
» interest satisfy the narrowband criterion. This means the
<~
:ﬁ}' frequency content (signal) or frequency response (filters) is
IR
v:&i confined to a frequency band which is a small percentage of
PN
the center or carrier frequency (Ref12:55). A generally
‘iﬁ accepted figure of 10% has been applied in most radar
1ty ) )
*Eﬁ applications and will be adhered to through out this study
. (Ref2). Complex signal notation will now be presented assuming
. .\‘
liQ narrowband signals. This 1is not a necessary condition but
A
N
:if serves to simplify interpretation of the results. A real,
@ narrowband signal, f(t), can be expressed as
\‘,;-
¥
e,
20, .
o f(t)= Rel[u(t)exp(jw,t)] (5)
Iy &,
N ,
3o Since u(t) is by definition a slowly varying function of time,
>
ot its Fourier transform, U(w), is band limited to w>-w_ . The
i exponential factor serves to shift the spectrum to the right
o . . L
o by we , resulting in a purely positive spectrum. The
' ". s
';% component, u(t), is referred to as the complex envelope of the
'-..\
o real signal, £(t), and contains the angle and amplitude
-g_.r..
‘fﬁ{ modulation of the real signal (Ref3:58). The product
;ii u(t)exp(jw, t) represents the analytic signal and is further
o
" developed:
e e "-‘.:.n |
Sl
o f(t)= Refu(t)expljw,t)] (6)
1
o’
31
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= Relf, (t)) (7)

A
where f,(t)= £(t)+jf(t) (8)

A
f(t) is the Hilbert transform of f(t) and is defined by

‘*m
£(t)= 1/nf_s_(_?‘_)_ ar
=

-

where the integration calculates the Cauchy principle value.
The analytic signal spectrum has only postive frequencies and

is related to the real signal spectrum via

F(W) , w=0

U(w)= (2F(w) , w>0
{ 0 , w0

u(t) is a complex, lowpass function which can further be
written as

u(t)= x(t)+j y(t)

where x(t) and y(t) are the quadrature components of f(t). In

)

' this manner we can mathematically describe signals in the
R complex domain and derive the physical process via the above
s transforms. Further, any bandpass signal can be mathematically

processed in complex signal notation and physically

- interpreted as manipulations of the quadrature components

ﬁ: ) (Ref2). To illustrate this we start with equation 7 and a




sy bandpass, real signal 2(t):

Re[Z,(t)]
Rel{u(t)exp(jwet)]
Re[|u(t)| exp(iw,t) exp(idt)]

3 Z(t)
3

where ®(t) is the angle of u(t),

.'
i
Z(t)= RehP&(t)+Y!(t) explwe t+d(t) ]
N’
% =‘,X'(t)+Y’(t) cos[wot+ d(t)] (9)
N
‘.\'
7 using 2(t)= X(t)cos(wot)-Y(t)sin(w,t)
- = M(t)cos(wgot+o(t)) (10)
&
L O where M(t):\lxz(t)+Ya(t)
Y e(t)= tan“[Y(t)]
3 X(t)
‘ﬁ and comparing this to equation 9 we see that 2Z(t) can be
n represented as
W~

Z(t)= Re[ u(t) exp(iwet) exp(idp(t))]
= Rela(t) expjd(t) expjwet]

n where a(t)= M(t)= Ju(t)]

2 and ©O(t)= $(t) above.

-

‘i Thus, u(t) contains all the angle and amplitude information of
K<

b’ the real bandpass signal. Suppression of the exp(jwet) factor
s causes no loss of information; therefore the complex envelope
-

} u(t) will be used to represent the signals simulated in this
N

K 33

....... . e s s "s s R . - L L A S SRR R R A LY LR LS R R )
B AT AT IR o ST, VIt P Ut S0 hr R Tu i VAR 5 VRS L S LG e

MOV




study. The above has assumed the narrowband criterion so that

a(t) (the signal amplitude modulation) can be directly
associated with Iu(t)l and $(t) associated with any angle
modulation (@(t)).

In an analogous manner, complex notation can be
extended to the definition of filter transfer functions. The
real impulse response of a linear, time invariant filter may

be expressed as
h(t)= Re[2 h(t) exp(jut)] (11)

where E(t) is the complex impulse response function and the
factor of 2 is for convenience in later expressions. Let x(t)
and y(t) be the real input and output expressions respectively

and express their analytic counterparts as

x, (t)= x(t)+ jX(t)= ¥(t)expiat (12)
v, ()= y(t)+ 39 (t)= T(t)expiat (13)

Further,
y(t)= h(t)*s(t) (14)

where * denotes convolution and

Y, (t)= h(t)*x(t)+3jH[h(t)*x(t)]
= h(t)*x(t)+ih(t)*R(t) (15)

where H represents the Hilbert transform, and we have used the

property of Hilbert transform theory: if y(t)=v(t)*x(t), then

s .-"_-f ‘v
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9(t)=v(t)*§(t). Proceeding further,

y (£)= h(t)*[x(t)+3X(t)]
= h(t)*x,(t) (16)

PRSP PN

Equation 16 can be written in integral form as

y.(t):_[hmx (t-T) AT '
or ?(t)expjgt:fh(’.r)'f(t-T)eXPj (t-%) ar

also, . 9(t)=fh('r)exp-jm'>?(t—r) ar (17)

using the property for any complex function, z(t),
Re[z(t)]= z(t)/2 + z*(t)/2 and applying this to 2h(¥)expint

we obtain

h(?)= K(?)expjn?-+ E'(r)exp—jﬁ} (18)
and

h(Y)exp-jnT = h(3) + B (T)exp-j20T (19)

Equation 18 is now substituted into equation 17 to obtain

~

F(t) =[’ﬁ(?)§(t-?) ar +f?x'(t)?<‘(t-‘;~)exp-jzmdr

For narrowband signals, the second integral becomes negligible

(ie designates radian frequency) and
?(t)i/fg(T)x(t-}) av (20)

We see that the complex envelope of the output 1is the

35
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7.
'-;:'{é? o :
RIS
N convolution of the complex envelope of the input with the
*;‘4 complex impulse response of the filter (Ref12:74). The real
\"-
Z':;:; bandpass output is obtained via
N
e y(t)= Re[¥(t)expjwet]
ARe = Re[(X(t)*R(t))expiwyt] (21)
gl
| Given the transfer function of a narrowband filter, the
;‘: complex impulse response is determined by the following:
l-r:j::'
Lo
\ o . .
L H(jw)= H(w-A) + A (-w-n) (note equation 18 above) (22)
AD)
S
o For a filter with lumped circuit elements, the poles are
e a located near w=+ \ . If the pulse near + 0\ are associated with
::j:: H(w-f) and the poles near - . associated with H(w+fl), then
sy
."n‘
AN
~
. h(t)= Re(2 h(t)expiflt]
o a
' $'_f-\. - ~ ~
},.’-‘-: h(t)= 1/21!/H(jw)expjwt Adw
wS
n:'-'_!
D) Therefore, the procedure is to take the positive frequency
RS
q-:g'\ content of the real transfer function, shift it to the origin, j
-’,- !
Al and inverse Fourier transform to determine ﬁ'(t) (Ref12:74). |
. This can be seen graphically through the following three !
‘j:::'.: spectral representations:
» LS
aly
s IR
) ..’. *
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{
w
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Figure 10. Graphical Representation of Complex Signal Spectrum
The above procedure will be used to develope complex
representations for several radar signals and the simulated

target filter.

Matched Filter Theory

A standard engineering parameter used to measure the
effectiveness of a radar receiver is the signal-to-noise
ratio. The ratio is defined as the peak signal power divided
by the average noise power. The goal of any radar system is to
maximize this ratio thus improving the ability to detect and
track targets. Signal-to-noise also has an indirect affect on
the range and doppler estimation. The maximization of the

signal-to-noise ratio leads to the definition of the matched
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2 (tm)
S/N= e — (23)
ng (tg,)
For white Gaussian noise, we know that the autocorrelation
function is impulsive:

Rn(‘t)=§ga(’ﬂ (24)
where No,/2 = amplitude of the noise spectral density, (%) =
Dirac delta function. Thus,

+r 2
|[s ()nite-%) ar
S/N=la7m 2 (25)
fNo/2 B (tn-3) a¥

TR Ve A R TR T L AT AN A A T AT T Tt T IR TR TN I AT ST MY AT R AT m S TR TA TN T TR T TN e T AN

filter. Identical results can be achieved via decision theory,

specifically the optimum receiver in white Gaussian noise

(Ref3:143,145-149).
Assume an input waveform z(t)=sl(t)+n|(t) where: s, (t)=

input signal, n;(t)= noise component; and an output waveform

y(t)=sqo(t)+ny,(t). The objective is to determine the linear

filter, h(t), which maximizes the ouput signal-to-noise ratio

at some particular time t=t_,. The signal-to-noise ratio is

defined as:

performing the Fourier transform of the above and applying the

Schwarz inequality leads to
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) 1 |fH(w)S, (w) exp(jwty) dw, < 1flS,(w)|2 26)
S/N= —
2M No/2 flH(wf aw 2T N, /2

If H(w) is selected such that the equality is satisified, then

H(w)= 2k S’ (W) exp(-jwtpy) (27)
No

Therefore, the optimum filter in white Gaussian noise is

h(t)= 2k S| (t,-t) (28)
o

Next, we repeat the derivation using complex signal
notation. Again we seek the filter, h(t), which maximizes the
signal-to-noise ratio at t=t, . The input is x(t)=

o~ . . (A .

Re[%(t)exp(jwet)], the filter h(t)= Rel[h(t)exp(jw,t)], and the
output signal is y(t)= Re[?(t)exp(jwht)]. White Gaussian noise
is assumed to pass through the bandpass filter, thus R,(% )=
Re[R; (¥)exp(jwy,?) and Ry (¥)=N,/2 §(3). Equation 28 is utilized

to assert that

Yity= 1/2/%’(tm-t+?)?c'(?) ar

using the same definition of signal-to-noise ratio,
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ot .{::" ~ ~ .
E 2. 1/4 _/;(f)ﬂ(f)exp(zﬂftm) daf
S/N= - ( 30 )

e No/4 fln(ff"df
=

i~ The Schwarz inequality produces
-
i%: '/. R .
IH(f)J ae  flxce) as
2 S/N < ” f’H(f)‘zdf (31)
N
4 selecting the equality yields H(f)=X(f)exp(-jwt,) and via the

2 by
.
LR

Fourier transform:

A

n“-

25 .
s

h(t)= %" (t,-t) (32)

Y|
% In the next section, the optimum receiver in white
N
J
,ﬁ& Gaussian noise is derived. The result is a matched filter and
e we see that Decision theory and the maximization of the
3¢
ﬁx signal-to-noise ratio lead to the same conclusion.
Pl
LY "
AL
. Optimum Receiver in White Gaussian Noise
50
¢ﬁ: The determination of the optimum receiver will assume
Vo
;:a that we recieve a signal with known parameters, and apply
s Bayes detection criteria in the form of a 1likelihood ratio.
g&: Knowledge of the form of the likelihood ratio yields a test
-.':\ i
oy statistic which 1is used to interpret the structure of the
P
N . optimum Bayes receiver(Ref8:18).
o B
fol

First, sampling theory 1is applied to a bandlimited

.
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3 :K; signal, s(t), limited to (-w¢,w.). The signal is sampled in
f time every 1/2w, seconds and is written as:

3

»
; +o sin[2Wf, (t-k/2f; )]

& s(t)= E s(k/2f;) (33)

. — 2nf, (t-k/2£;)

.

-,

v

(¢ where f, =w_ /2T (Ref3:51-53).

) It can be shown that

s

* T

- E= Js®(t) dt = 1/2f Y £ (k/2f ) (34)

] o Kot

f where T is the signal duration. Equation 34 simply states that

@ by sampling at twice the bandwidth (Nyquist rate); we can

A "D represent the majority of the energy in the sampled domain. a
'j Assuming a known signal bandlimited to (-f.,f. ), the j
: noise is also bandlimited and the input waveform z(t) becomes R
b z, where 3z=g+n (z'=s‘+n') and each sample =z =z(i/2f;), o
T

b s =s(i/2f;), and n =(i/2f ), =1,2,3,....2£,T. The hypothesis

‘E of the signal plus noise (H,) is described by the conditional

] joint probability density function

. 1 N }

% P(2/Hy) = T exp(-1/2fcNe D (2, -5, }) (35)

z (2m® (N £, o

A

K]

. Where N = 2f.T and the power spectral density of the noise is

g No /2. In a similiar fashion, the noise alone hypothesis (He)

-
PO is represented via

-
-
‘A
L
-
-
d
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Yoo
PR
N 1
7 p(Z/He)= Ny N exp(‘1/2chotz% ) (36)
., (27) *(fc No ) oY)
The likelihood ratio is
P N
p(z/H,) expl-1/2feNe ) (z¢ -s¢ 'y
o Alz) = ? (37)
p(z/Hy) exp(-1/2f N, tzf)
[ty
'i Applying equation 34 to the likelihood ratio we have
o T, ~ ;
A(z)=l(z(t))=exp[—1/N.fs(t) dt + 2/N, Jz(t)s(t) dt] (39)
\. ° 1
\: o
~, R
0 Further, )
4;’ .‘
2 v
N In 1(z(t))= -E/Ne+ 2/N°./;(t)s(t) dt (40)
X °
] Thus, the Bayes likelihood ratio receiver is
5 T H,
2/N.fz(t)s(t) dt 2' Threshold + E/N, (40)
q. J Ho
M ]
29 .
i’ The left side of the inequality or test statistic is the
cross~correlation of z(t) and s(t). A matched filter is used
to perform the correlation and we note that the optimum
)
b detector in white Gaussian noise is the matched filter.
2,
E ,@ Specifically, for a fixed probability of false alarm, the !
2’.: matched filter is the receiver that maximizes the probability :
X
- 42
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of detection (Ref2).

As a final note on matched filters, we observe that
given a complex signal (analytic) ¥(t), the response of the

matched filter is

+ 00

p(l‘)=/¢/(t) v(E-T) at

The above complex autocorrelation function can be equivalently

represented as a convolution (designated by "*"):
p(T)= ¥ (T) * ¥ (41)

Equation 41 will later be used to simulate the complex matched

filter processing as convolutions (ie FFT algorithm).

Received Signal Representation

The basic radar signal examined in this study is a
high-resolution, coherent pulse train with some form of
frequency or phase modulation. The simulation will assume we
are processing the video (baseband) signal which resu - frem
an enviroment (target model) of many point scatterers
Simulating the received signal from a single scatterer will
permit the construction of the return from a conglomerate of
scatterers via superposition. This will automatically simulate
the phasor interference among several scatterers and 1is the
only way to effectively simulate the enviroment of high-

resolution radar (Ref4:10).
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The general form of the received signal from a point

scatterer, moving, fluctuating in amplitude or phase, and

antenna scanned is
s (t)= s (t-HEt)) (X /(4'“’) MG(t)v(t) (42)

where G(t) is the one-way antenna power gain, Y(t) is the
complex reflection coefficient(a voltage quantity related to
radar cross-section{( ¢ =|yf), and T(t) is the round trip delay
for the target (Ref4:6-10). Equation 42 is difficult to
simulate and therefore several simplifications are necessary.
If G(t), %¥(t), and v(t) are slow varying functions of time,
equation 42 becomes a délayed and doppler-shifted replica of

the transmitted signal:

Sp (t)= s_(t-T)exp(j2Tvt) (X WAC S SRR IR (43)
where T=2r/c (44)
v=-2r/)\ (45)
with r= range
v= doppler frequency shift
r= velocity
A= wavelength

The above specifications are generally termed constant-doppler
theory (slowly moving target with respect to a radar look

interval) and is valid if the following hold:

.Tis constant for r <« c¢/2TB (46)

\ " . 'b ' 'h e e AT, O
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'd"l
'\J:::.
N
Siﬂ‘ ;ﬁ} where TB is th time-bandwidth product
S and c=3X10 m/s
1.“':'.-:
'C‘- Al
A 2. v is constant for ¥ << /2T% (47)
-
o A factor of four is usually sufficient to ensure the
}{? conditions are satisified (Ref4:13). Continuing with equation
CORN
IO
< 42 and setting
s
NN 3
N V., = [A/(4TFI1/22 16y (48)
\,S\ k k kk
~
f:; where the subscript k refers to the k" scatterer, we now have a
o "ay
gﬁ, received signal of the form
b
o ’ sp(t)= VksT(t—?(t)) (49)
AN
o where T(t) is not approximated as constant. In terms of
o complex notation we can express
)
S s;(t)= uy(t)exp(jw,t) (50)
Xy and
o Sq (t)= Vyu [t-3(t)Jexp[j2Rf, (t-T(t))] (51)

%
Al
RENENEN

The delay 1is a function of time and depends on the target

[
o.l.' 1y

e, range at the instant of signal reflection:

2 3N T(t)= 2/c rlt-Ht)/2] (52)
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where r(t) is the range function. Performing a Taylor series

yields

J(t)=T, -v, (t-to) + additional terms (53)
B e
3k,and V% represent the time and doppler coefficients of the
o scatterer, and te is the time at which they are defined. If

equations 46 and 47 are satisified we can write

SR(t)= V',u.r(t—?“) eijZTT[fc(t-'X’K)+VK(t-t°)] (54)

Further, we assume multiple scatterers, thus
sa(t)= exp(j2nfc t) E Vguplt-%)explj2Mvct) (55)
K

The above equation will be simulated with the carrier term
suppressed and a simplification made which applies to noise-
type waveforms.

If the amplitude or phase modulation of a radar signal
is noise-like, equation 55 cannot be simplified further unless
we assume short pulses. For a pulse train as shown in figure
12, the bandwidth is approximately the inverse of the pulse
width B= 1/T, , and the time-bandwidth product is on the order
of unity (TB=1).

Resolution 1in delay is given by A%T=1/B and is also

determined by the pulse width: A%¥=T,. When T, is short enough

)

to achieve a given resolution in delay, it will be impossible
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Figure 11. Coherent Pulse Train (Ref4:55)

to resolve scatterers in doppler due to the property Av=1/Tp .
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thus it is possible to assume all scatterers have the same
doppler velocity (Ref4:51). Further, the doppler is assumed
G equal to zero for convenience. This yields a received signal:

e
;-; sy (t)= exp[j2me, t) 2 :V*u.r(t—'{") (56)
P‘.. K

E: Equation 56 (with exp[j2Wf.t] suppressed) will be directly
-
'%: simulated in this study. The assumption of short pulses (TB=1)
b=,

B is equivalent to assuming the doppler spread of all scatterers

> .

; is small (Ref4:52). It is the later assumption which we are

)
;{ simulating. The actual waveform may or may not have a time-
Tu”
Yo bandwidth product on the order of unity.
3 ..'

l‘

~
if Ambiguity Function

_ In order to quantitatively assess the performance of a /

RO
;: - particular radar waveform and its procersing filter(s), we
b
2

. 47
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need a function which describes the signals performance in a
multitarget enviroment. This function is the ambiguity
function and 1is a measure of the signals range and doppler
resolution (Ref1:127). Resolution is the ability of the radar
to resolve (detect) two or more targets. For the purposes of
this study, the multitarget enviroment consists of point
targets located on the same target. Further, The ambiguity
function can be though to represent the self-clutter of the
waveform as well a measure of performance in a multitarget
scenario. This will become evident as the properties of the
function are stated.

Suppose we have two point scatterers with different
ranges and we are using matched filter processing. Let x(t)=
a(t)cos[we t+e(t)] be the return from scattererl! and x(t-3)=
a(t-T)cos{w(t-¥)+ ¢ (t-3)] be the return from scatterer2. The
range seperation between the two is c¢3/2, where ¢ is the speed

of light. We will next use complex signal representations:

x(t)= Relu(t)exp(jwet)]
x(t-T)= Relu(t-Y)exp(ijwet)exp(-jw,T)]

The two scatterers (point targets) are assumed resolvable if

the average mean square difference between them exceeds a

specified threshold. Therefore, our objective is to maximize

-+ 00 z
?:f]x(t)-x(t-'r) at (57)

or ™

e= [ tu(t)-ul t-T)expl-jwe ) J{ult)-ult-Flexp(jwed) ] dt




. .
Ve \N 2.

"$' =2/Iu(t)|-2 Re[exp(-iweT) u'(t)u(t-}")] dat
i = 2[2E] - 2 Re[B(}exp(-jwe})] (58)
% +e
N ' .
b B{( ?):[ u'(t)u(t-}') dt. Minimizing B(¥) will result in the ‘
. maximum amount of resolution. Defining a delay resolution
i
¥ parameter:
: fIBmI at  [|mee)| at
: Ta= 7 Iz hid T a2 (59)
F [Bo) (flmeey” ae)

Equation 59 utilizes Fourier transform properties. Further, a
j range resolution constant can be defined as R=cTR/2 and an |
o
b 0 effective bandwidth constant as B, =1/2Tga. The point is that
29 improving range resolution requires increased effective
) \
.. bandwidth. !
v By analogy, we can determine the velocity resolution of
N two point targets where x(t) is the first target return and 1
\I
3 x(t)exp(jw, t) is the doppler-shifted return of the second
*"
, target. Again E‘is formed and we proceed as before:
8 e =f|x(t)—x(t)exp(jwot)|dt (60) ,
'y 2 .
f.' =/lx(t)| dt -Re[/x(t)x'(t)exp(jwot) dt] (61) !
‘A i
. 4
3 using the transform 1
3 u/;(t)x' (t)exp(j2Mvt) dt e XYV)X(v+w) dw =K,(v) with LA
ﬁ: . =2Wv and X(v)=Fourier transform of x(t). Next, we define the

AR

22" n’s

[}
-

frequency resolution constant T, as
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ata"s

N .
N
! S| et
_ T, =" = T A (62)
N [ lu(t)l dt]
ﬁj
3 which leads to the effective time duration 3’. =1/F, . Now for
5 two scatterers at the same range, they can be resolved 1in
2' doppler if
']
N Awg/2 > F,
;
o where aw, is the doppler-shift difference.
& A similiar consideration of target resolution for a
single parameter (range or doppler) is related to the physical .
v e processing. Return signals are effectively filtered in bins of :
% range and doppler. A bin width or interval is defined as the
i’ half-power width of the central lobe of the matched filter
y 2
7, response. Restating B(?)=fu’(t)u(t—'{') dt i/lM(f)‘exNjZﬂft) df
‘ and defining the bin width as :
)$ »;
» s,
al IB(?.)’ = 1/{52 ﬂM(f)rexp(jzst) df (63) :
1
v . '
-.j A Taylor series expansion of 'B('R‘), yields .
% X , |
by 2
2 IB(?’)I =1/2= lB(O)l « 172 B3y . 7" (Re£9:100-102) (64)
: Rl
'$ : q 2
$ assuming B(0)=1, then 1/2=1+1/2(-2§)%
"3-"‘; where ¢ is the rms bandwidth and
M )
%
Su D
~ .
hae .
A
L 4




Al

R

(65)
f IF(w)r‘ dw

This yields s’f‘=1/2 andfT=1/f5$ . The response envelope
spectrum is two-sided, therefore we use ¥ = 2%’:177; and define
the range bin as rh=?é/2=c/f5§. For velocity resolution, we

note that

2 2 2
Ku(v4 {j1u(t1 exp(j2mWvt) dtl . Again, performing a

Taylor series expansion about v=0, we obtain

2 2

. 2
+1/2J,1< (v), . vt (66)

JV

Assuming normalized signal energy, K,(0)=1, we define V5=I§7t4

Ku(v) = 1/2= ,K (04

where ty is the rms time duration defined as

2 ftzlf(t)rdt

4= (67)
flf(t)r‘dt
The doppler bin width is Iy= AVy/2 =MJ2t4 (68)

The above can be extended to the more general case of
two scatterers which differ in both range and doppler. 1In
similiar fashion the integral square error is maximized:

b

2
& - Ix(t)exp(jw,t)-x(t-z')l at
< &0

.3 2
= Zﬂx(t)l dat - Re[fx(t)x*(t-?)exp(jwot) dt] (69)
-0

-~

Lo e 3 : G .
Maximizing e requires the minimization of
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*
fx(t)x(t-?')exp(jwot) dt
Appling complex envelope notation results in
'X(?',wo)=fu(t)u"(t-'§')exp(jwot) dt (70)

Equation 70 is the ambiguity function of the waveform. The
ambiguity function is the complex envelope of the matched
filter response in delay and doppler (Ref9:112). The real
response is calculated by taking the real part of X( T,wp )
exp(jwot) (Ref9:112). If[ﬁQ?ﬁw)r is calculated and plotted in
the T,w plane, a 3-dimensional diagram is generated. The
ambiguity surface [l)((‘r;w),z] visually depicts responses of the
matched filter for various ¥,w combinations. The central peak
of the diagram ($=0,v=0) is the filter response for a perfect
match, and all other response peaks are resultant from
scatterers (or targets) which are non-matched. Thus, any
waveform which generates sufficiently high subsidiary
responses has potential targets at the corresponding %, w
values. In the case of a single target, more than one target
might be incorrectly detected or in the case of several
targets, only one might appear to dominate. The ideal
ambiguity surface would be an impulse located at 3 =v=0
(Ref9:113-114). The objective would logically be to generate a
waveform which has this characteristic. Unfortunately,
specification of the ambiguity function does not uniquely

define a waveform, The utility of the ambiguity diagram can be
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further understood by developing several properties of the

function.

In the frequency domain we have:
K (T,w)= [ M(f+w)M(f)exp(-j2WEL) df (71)
and we note that a maximum occurs at the orgin
I‘x(‘r;w)l < £(0,0) = 2E

and the

Also, ’XL‘( ?’,w)l = I'\/-('(,w)l therefore V(-?’,-w), =|¥(T,w)

function is symetric about the orgin (Ref9:118-126).

Next, we explore the volume under the function:

2
volume=//l’lp( ?‘,w)l atdw

If we take the two-dimensional Fourier transform,

2

2
Fey ([ ¥,v)|)

We see that the ambiguity surface is its own two-dimensional

transform and further by letting u=§=0 we have:

2 2
/f”)ﬁ(?’,v)l a*dv = I']L(0,0)I - (2E)° (73)

Equation 73 states that the area under the surface (and thus




Ayl

the ambiguous responses) is constant and equal to 4 (assuming
normalized signal energy,E=1) Thus, ambiguous returns may' be
shifted within the 73 ,v plane but the sum total remains
constant (Ref9:120-122). The objective is to design a waveform
whose ambiguity diagram has the response peaks distributed to
minimize the self-clutter. Targets at ranges and velocities
such that ’V(0,0)} are
indistinguishable to the radar (Ref8:26). The width of the

YA ?’,v)l is comparable to

response peak aboutry(o,oﬂ defines the waveform resolution
while the peaks located away from the orgin are ambiguous

(Ref8:26).

Sampled Signal Theory

In any digital computer simulation the radar signals
must be sampled. This section derives the Fourier transform
relationships of sampling in the time domain. Frequency domain
sampling is derived in analogous manner.

Consider an arbitrary complex signal, u(t), with
Fourier transform U(f) and energy E¢ . Sampling u(t) at

discrete times kat yields an approximation of U(f):

4 ©
Ug(f)= AtE:u(kAt)exp(—jZRfkat) (74)
Kr~w

A function sampled in the time domain will be repetitive in

the frequency domain (Refd4:85). Thus,

0
Ug (f+m/at) = At Y ulkat)exp-j2o(fkat +mk) (75)
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The product mk is an integer which leaves the phase unchanged
and the mk term is omitted (Ref9:85). Ug(f) is a periodic
function with frequency f, =1/ 4t. Replacing the Fourier

transform for u(kat) in equation 74 we find:

4%

4D
Ug (£)= /U(f’)[Atzexp-jzn(f-f')mt]df' (76)
- 0o K 0

and noting that

hacd o0
At) exp-j2RfAt = Y (£-mEe )
Koo Mar~ad
we obtain
4®
Ug (£)= Y U(f-mfy ) (77)
™~ ®
which states that the spectrum due to time sampling is the sum

of the original continous spectrum shifted at intervals egual

to f, . Figure 12 illustrates the phenomenon.

s SAMPLED SibNAL SPCARWM !

X(5)

Q. CONTINOUS $ILNAL SPECTELM §

.~ FOLhOVER
RELiON

.S"l‘/

_J

Figure 12. Spectra of Continous and Sampled Signals (Ref4:86)

The two spectra are comparable for fa=1/At, and alaising is

minimized if At < 1/bandwidth. Since Ug(f) is repetitive on
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' the interval f,, it is useful to define the time function

.
R corresponding to only one period:

-
W
- S ‘
| u(T) =/Ug(f)expj21tft af (77) |
N ;
PN [
o |
f This leads to the relationship:

i

\ u(kAt)i/}k(f)exijkaAt (78)
.

-
1:: and

N + a8

. Ug (£) =) Atu(kat)exp-3j2ZRfkat (79)

'-: Kl“.

s

'j« For any finite duration sequence, the discrete Fourier

'[’ transform, X(K), of the sequence x(n) is:

i

%P

3 N-1

-’-.} X(K)= Zx(n)exp(—jZﬂkn/N), 0¢k<N-1 (80)

"o , e.w.

n

- N is the number of samples in the sequence. The inverse

l‘.:

- transform is:

:g N-l

(o x(n)= [1/N) X(K)exp(j2Tkn/N), 0<n¢N-1 (81)

" Kro o ;, €.W.

~r

i

ﬁi Equations 81 and 82 can be implemented via computationally

Cd

Y

: efficient algorithms such as Fast-Fourier Transforms (FFT). i
¥

ad

- Also, discete convolutions (ie z(t)=y(t)*x(t)) can be

xR

S performed by computing the Y(K) and X(K) sequences, computing

o

<

-

\

.'
. *
-

.
S
D)
;i m —— e -




Z(K)=Y(K)X(K), and taking the inverse Fourier transform ‘of

Z(K) to obtain z(n) (Ref4:98).
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i;; {? IV Computer Simulation Development

[

o

oty Approach

g%’ The objectives of this study are to generate the
»k following for each signal tested:

p:? (1) Ambiguity diagram plot

*?f (2) Signal spectrum plot

(3) Received signal spectrum plot (due to 10

;3; scatterer target)

%ﬁ (4) Ideal matched filter output plot

o

P

va (5) Target filter spectral characteristics plot

(6) Incoherent target filter output plot

E;z (7) Coherent target filter output plot

'? (ib Objectives one through four are included to verify the work of
45 Salzman (Ref11) and provide a complete description of the
Ei different signal processing and target modeling schemes
f%h simulated. Objectives six and seven are the main results which
;2 this paper requires. The data generated for these two plots
;ﬁi will be compared at the appropriate sample time in order to
'{. determine  which filter implementation provides superior
‘;5 signal-to-noise ratio.

Sg In this section of the paper, the algorithms developed
:: will be explained. Appendix A contains the system flowchart
éé: for the software and appendix B contains the program listing.
§§ The software is written in FORTRAN V.

f:ﬁ 53? Calculating the Magnitude of the Ambiguity Function

" 5 The ambigquity function (and diagram) is the correlation
s 58
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of the complex envelope of the signal with a doppler-shifted,

s time-delayed version of itself; that is, the ambiguity
5?5 function is the two-dimensional correlation function in delay
N and doppler. It is defined:

o 4
E; qﬁ(?ﬁw)=./;(t)u*(t—?) expl(j2uvt] dt (83)
2 -2

The ambiguity function can be expressed as a convolution of
the following:

- Y(T,w)= u(Fexpli2nv] * u* (- (84)
X In this simulation we define the arguments of the convolution
_:_' ci’ as finite sequences and calculate the ambiguity function via a
Eg; linear convolution. Each argument is sampled to form an N-

. point sequence and then at least N-1 zeros are added. The N-1

zeros are necessary for the discrete convolution calculations %
£§ to be correct (Ref4:85-88). The linear convolution is

:3§ calculated by the indirect method which, given two time
- sequences xy and yyx , consists of:

2?5 1) compute the sequences Xyx and Yy¢ via the discrete Fourier

- transformation (FFT) of xx and y, respectively.

. 2) form 2,= XY, for x=0,1,2,...2N-1
Eig 3) compute the sequence zx via the discrete Fourier
Ef? transform (FFT) of 2y (Ref4:98)

T e
nﬂﬁ N Sufficient sampling of the waveform requires knowledge
iy
g
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of the Nyquist rate. The time-bandwidth product (TB or signal
{ duratior. multiplied by signal bandwidth) of the complex
., . envelope provides the Nyquist rate (Ref6:254). If the signal
- is sampled at 1/TB or less, the N-point sequence is generated.

The Fast Fourier Transform algorithm used in this simulation

2 .

was available through the IMSL mathematical library (CDC Cyber

-,
ia computer system). Good resolution of the resultant convolution
- may require sampling rates which are higher than the Nyquist
:§ rate. The sequences generated by the software are limited to
Eﬁ 1024 points. This constraint was primarily imposed by the
" 100,000 words of compilation memory available for interactive
ﬂ' computations on the Cyber. This limitation will severely
constrain both the number of pulses and subpulses which can be
;. '[’ simulated. This in turn limits th