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I. Introduction

Problem Statment

The application of spread spectrum technology in

military radar systems may provide several desirable

characteristics normally associated with spread spectrum

communication system techniques. Spread spectrum communication

systems are well known and provide the following benefits to

the communicator: 1) high resistance to jammers, 2) low

probability of signal interception, 3) simultaneous use of

signal spectrum by multiple users, 4) multipath suppresion,

and 5) high resolution ranging. The feasibility of applying

spread spectrum to radar has been studied by Salzman (Ref11)

*with the emphasis on exploiting the low probability of

intercept and jammer resistance characteristics of such

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

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

spread spectrum scenario. The utilization of such bandwith

extent yields high range resolution properties. It is possible

that a 30 meter target could be resolved to 1 meter, resulting

in the appearance of 30 distinct returns. This target spatial

break-up or super-resolved return can appear in several

", L different range bins. Futher, each individual return may be

0:



too weak for detection. Therefore, simply integrating the

adjacent range bins (non-coherent filtering) would lead to

incomplete range collapse losses. In an effort to put the

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

objective of this study is to determine if the target filter

is feasible. More specifically, is a narrowband filter more

effective in target range collapse than a non-coherent filter.

The criterion for comparision is the resultant signal-to-noise

- ratio.

,Scope

The study will cover radars using several different

waveforms with extents on the order of 100 MHz. Various

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

waveforms simulated under the assumption of negligible doppler

, ~~shift between scatterers (Ref4:52).

* 2



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(Refll), 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(Refll), with emphasis on waveform selection.

The various type of modulation techniques are presented alonq

3
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*with fundimental definitions and elaboration on the problem of

target super-resolution. The next chapter, chapter III,

develops the necessary theoretical tools to understand and

implement the computer simulation. In this section are:

complex signal notation, matched filter theroy, optimum

receiver in white Gaussian noise, received signal

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.

.,.
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.** -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

(Refll: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(Refll: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 datai 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

5
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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)(Refll: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

V ( or frequency) and is represented in comlex form as

"a> s(t)=u(t)expj[2(f+f(t))+ f(t)] (1)

where u(t) is the signal envelope, flis the carrier frequency,

6
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i, .... (t) the phase modulation, and f(t) is the frequency

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

signal. Typical of coherent airborne radar are pulse-doppler

systems which can be grouped as either intrapulse(internal to

the pulse) or interpulse(pulse-to-pulse) modulation. Further

modulation classification would be discrete verses continous

changes in phase, frequency, or amplitude. For a series of

pulses the complex signal is

slt)= Un (t-T)expj[ 2I(f0 t+f" (tn -T))+. D] (2)

!ii 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

( n ). Imbeded in un(t) is any continous modulation internal

to a given pulse and can further be expressed as

u.(t)= An(t)exp[jo(t)] p(t) (3)

where O(t) is continous angle modulation, A. (t) amplitude

modulation, and Pn(t) is the pulse function defined by

Pnlt)= rect(4--Nia u(t)-ult- Te );interpulse

U-.-

*i rect(4".1= u(t)-u(t-T) ;intrapulse
T

* .where u(*) is the unit step function. The difference between
interpulse and intrapulse schemes is illustrated in figure 1.

7
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.9: Salzman(Ref11:80) has designatea the waveforms(modulation

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(Refll: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.

0 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

9
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Spread Spectrum Modulation Techniques

Interpulse Interapulse Hybrid

linear frequency linear FM(LFM) or random interpulse
hopping (FH) chirp FH with LFM-**

FM variates random interpulse
VFM FH with intra-

random FH-* parabolic FM pulse phase
coding-**

phase coding-** phase coding-** random intrapulse
biphase biphase FH with subpulse
polyphase polyphase chirp-**

stepwise chirp any of the above
pulse jitter-* with pulse jitter

random FH-**

simultaneous multi
simultaneous multi freq. with pulse
freq. pulse-** jitter-**

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

Table I. (Refll:81)

I
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doppler shift. The process is repeated for each sample and

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

subpulse modulation yields a maximum ECCM capability at a

minimum in target degradation and clutter rejection.

Biphase coding consists of a transmitted pulse with

subpulse shifted n 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

ambiguity function. The ambiguity function is reviewed in

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

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

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

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

13
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I
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

41 more fully in later chapters.

Pseudo-random intrapulse frequency hopping is similiar

to intrapulse phase coding as previously discussed. The only

difference is 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.
C. 4

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

15
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*> ~target range. The siganl is sampled by the A/D, Fast Fourier

transformed to form range filters, and finally doppler

processed and range collapsed prior to detection. The stretch

techniques primary is that it removes the A/D limitations on

bandwidth. Ths sampling rate of the A/D needs only to be twice

the frequency content of the stretched signal over the

frequency span of interest (ie Af in figure 8). There is an

additional load placed on the programable signal processor in

that it is required to perform a range FFT.

The actual design implementation of any of the

previously stated spread spectrum systems presents several

challenges and limitations. These problem areas generally

consist of hardware limitations and difficulties associated

O with spread spectrum waveforms.

State of the art hardware limits the possible operation

of a spread spectrum system in several areas. Current RF

equipment restricts the bandwidth to a few hundred MHz with

available signal processors and A/D circuitry limiting the

receiver bandwidth to less than 100 MHz. Wideband antenna

design becomes difficult when constrained by such parameters

as narrow beamwidth, high gain, and low sidelobes; all of

which are important from both an ECCM standpoint and for

optimum target detection/clutter suppression in a

fighter/attack mission. The use of phased-array antenna

systems, althrough costly, provide the desired bandwidth

response necessary for a spread spectrum radar.

Another area of concern is in the proper use and/or

20

4'--. 2 , - * € € '- - . " ". - "" - "" . ""':", -.- '. v ," ,"."' " ,, " -",", v ,"."."," _ '



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

4. response for long 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

with frequency. These distortions can be corrected via

C Owaveguide filters, proper selection of waveguide 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



developed. The hardware is readily available, low cost,

standard, and broadband. Polyphase code generators operating

at or above 500 MHz are currently available.

On the receiving side, despreading processors or pulse

compressors (PC) can be either correlation or convolutional

matched filter processing. A matched filter convolves th~

return with the filters impulse response (a time inverted and

shifted form of the transmitted signal). The output of the

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):0fixed-code and programable,coherent
memory,convolvers,MOS-hybrid.

Thus, current technology exceeds present or near term system

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

*53 time delay through the bandpass filters is negligible compared

to the switching transient. Indirect synthesis yields the

22
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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. Its 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. Figure 9 is 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 required 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

processors 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

0 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 is 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:

X(3,v) = s(t)s*(t-)exptj2fvtL 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(3 )

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 3=rowould represent the filter output
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#' corresponding to a fixed range () 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). In order to resolve a target in

both range and doppler, the majority of the filter response

must be located at the center of the ambiguity diagram. This

is where the I-,v combination for that target intersect.

Therefore, the ideal ambiguity diagram would be a single spike

at the origin and zero elsewhere. This is 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) is largely a function of its 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

up" into forty seperate returns. If the radar receiver

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. In 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

be single cell observation. Target scatterers which have low

RCS and occur in several range cells require cell-to-cell

integration for detection enhancement. Processing the entire

signal bandwidth places a burden on current programmable

28
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signal processor capabilities. In certain instances, 500 MHz

bandwidths with phase coding for example, this makes the

system unrealizable. Other disadvantages of post-detection

* ." integration include those normally associated with this type

o of processing: collapsing loss and post-detection integration

loss. In an effort to reduce the bandwidth restrictiions and

PSP loading, a coherent, pre-detection filter is considered.

A coherent target filter is a matched filter (ie

, :..v correlator) which may depend on the return signal being

narrowband. Assuming the signal spectrum is represented as

S(jw), and the spectral characteristics of the scattering

function (range-extended target) as H(jw), a matched filter

would have a spectrum which is S(-jw)H(-jw). The bandwidth of

this filter may be narrowband (see Chapter III) with respect

to the signal spectrum. If this conjecture holds, a

considerable processing advantage (on the PSP) could be

gained; the result being realization of a spread spectrum

radar system.

The objective of this thesis will be to explore

narrowbanding effects of the transmitted waveform. This will

be accomplished via comparisons of signal-to-noise ratios for

non-coherent filtering vs. coherent narrowband filtering.

Two waveforms are considered: FH and biphase coded. Also,

target models will include Swerling I and II amplitude

fluctions. The thesis will, in the process of simulating the

above filter, attempt to verify the results of Salzman (Refl)

"' " 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).
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III Theoretical Considerations

Complex Signal Representation

Many radar signals, systems, and filters of practical

interest satisfy the narrowband criterion. This means the

frequency content (signal) or frequency response (filters) is

confined to a frequency band which is a small percentage of

the center or carrier frequency (Refl2:55). A generally

accepted figure of 10% has been applied in most radar

applications and will be adhered to through out this study

(Ref2). Complex signal notation will now be presented assuming

narrowband signals. This is not a necessary condition but

serves to simplify interpretation of the results. A real,

narrowband signal, f(t), can be expressed as

f(t)= Re[u(t)exp(jwot)] (5)

* *. Since u(t) is by definition a slowly varying function of time,
Fourier f U(w), is band limited to w>-w_ The

.- its Fuirtransform,_

exponential factor serves to shift the spectrum to the right

by wo  , resulting in a purely positive spectrum. The

component, u(t), is referred to as the complex envelope of the

real signal, f(t), and contains the angle and amplitude

modulation of the real signal (Ref3:58). The product

u(t)exp(jw o t) represents the analytic signal and is further

developed:

f(t)= Re[u(t)exp(jwot)i (6)
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- Re[f,(t)] (7)
A

where f,(t)= f(t)+jf(t) (8)

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

[-'. *m

f(t)= 1/f s(r) dr

o0Tif t

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

U(w)= (2F(w), w>O
~F(W) w=O

0 w<O

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

complex domain and derive the physical process via the above
It-

transforms. Further, any bandpass signal can be mathematically

processed in complex signal notation and physically

interpreted as manipulations of the quadrature components

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

, ;.~'bandpass, real signal Z(t):

Z(t)= Re[Z,(t)]
= Re[u(t)exp(jwot)]
= Re[u(t)lexp(jwot) exp(jbt)]

where b(t) is the angle of u(t),

Z(t)= Re[FX 2 t ) + Y ( t ) exp[wot+(D(t)]

=d - (t)+Y(t) cos[wot+ D(t)] (9)

using Z(t)= X(t)cos(wot)-Y(t)sin(wot)
= M(t)cos(wot+O(t)) (10)

where M(t)= Xa(t)+Y3 (t)

0(t)= tat'[Y(t)]

and comparing this to equation 9 we see that Z(t) can be

represented as

Z(t)= Re[ u(t) exp(jwot) exp(jcD(t)) ]

= Re(a(t) expj4)(t) expjw0 t]

where a(t)= M(t)= Iu(t)l
and 0(t)= D(t) above.

Thus, u(t) contains all the angle and amplitude information of

the real bandpass signal. Suppression of the exp(jwot) factor

causes no loss of information; therefore the complex envelope

u(t) will be used to represent the signals simulated in this
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study. The above has assumed the narrowband criterion so that

. a(t) (the signal amplitude modulation) can be directly

associated with Iu(t)I andd(t) associated with any angle

modulation (O1t)).

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(jit)] (11)

where h(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
.4.

and express their analytic counterparts as

x8(t)= x(t)+ jx(t)= x(t)expjflt (12)

yS(t)= y(t)+ jy(t)= (t)expjft (13)

Further,

y(t)= h(t)*slt) (14)

where * denotes convolution and

~y, (t)= h(t)*x(t) +jH[ h(t)*x(t) ]

= h(t)*x(t)+jh(t)*(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
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- A
' y(t)=v(t)*XA(t). Proceeding further,

Y,(t)= h(t)*[x(t)+jx(t)]
= h(t)*x,(t) (16)

Equation 16 can be written in integral form as

Ya(t)=fh(3')x (t-T) d"

or '(t)expjgt=fh(r)(t-j)expj (t-T) d?

also, Y(t)=Jh(T)exp-j*x"(t-T) dr (17)

using the property for any complex function, z(t),

Re[z(t)]= z(t)/2 + z*(t)/2 and applying this to 2h('hexpjat

we obtain

h(T)= h(t)expjAfl + '(T)exp-jftI- (18)

and

h(V)exp-jjA?= h(T) + I9(3)exp-j2AL? (19)

Equation 18 is now substituted into equation 17 to obtain

y(t) =fP() (t-) dl' + (,) (t-T) exp-j 2ATd

For narrowband signals, the second integral becomes negligible

(ie designates radian frequency) and

(t) =f/hT)x(t-t) dr (20)

We see that the complex envelope of the output is the
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convolution of the complex envelope of the input with the

complex impulse response of the filter (Refl2:74). The real

• bandpass output is obtained via

y(t)= Re['y(t)expjwot]
= Re( (t)*1 (t))expjwot] (21)

Given the transfer function of a narrowband filter, the

complex impulse response is determined by the following:

H(jw)= 71(w-A) + ?(-w-A) (note equation 18 above) (22)

For a filter with lumped circuit elements, the poles are

located near w=+ fl . If the pulse near + A are associated with

H(w-A) and the poles near -n associated with H(w+.ft), then

h(t)= Re[2 h(tlexpj Lt]

and
% (t)= 1/21TP(jw)expjwt dw

Therefore, the procedure is to take the positive frequency

content of the real transfer function, shift it to the origin,

and inverse Fourier transform to determine h(t) (Refl2:74).

This can be seen graphically through the following three

spectral representations:

-36
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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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filter. Identical results can be achieved via decision theory,

i specifically the optimum receiver in white Gaussian noise

. k (Ref3: 143,145-149).

-> "2Assume an input waveform z(t)=s I (t)+nI (t) where: s i (t)=

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

. e.. y(t)=so(t)+no(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:

SIN= -S (.23)

S.-t

Filtwer. Gdentia res c we know that the autocorrelation

spciialy th ptmuFecieri white Gaussian noise

Sfunction is impulsive:

lwhere N,/2 = amplitude of the noise spectral density, (a)at omeprDirac delta function. T

"/N S 0 S/(tm ) 
(25)

? N' 2 (t M

performing the Fourier transform of the above and applying the

nSchwarz inequality leads to

138
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f H(w)S, (w) exp(jwt.) dwl < 1 (w) wI
SIN= (26)

21T No/2 J1H(wr dw 2"1 No/2

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

H(w)= 2k S*(w) exp(-jwtm) (27)
No
70-

Therefore, the optimum filter in white Gaussian noise is

h(t)= 2k S*(tm-t) (28)
No

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=tm . The input is x(t)=

Re[(t)exp(jwot)], the filter h(t)= Re[h(t)exp(jwot)], and the

output signal is y(t)= Re['7(t)exp(jwot)]. White Gaussian noise

is assumed to pass through the bandpass filter, thus R(T )=

Re[Ri(1)exp(jwoT) and R (r)=No/2 6(r). Equation 28 is utilized

to assert that

y(t)= 1/2f-x(tM-t+r) (r) d"

= R-(t-tm) (29)

using the same definition of signal-to-noise ratio,
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1/41 J;X(f),H(f)exp(2lTft.) dfj
S/N= (30)

0 }... No/4 f IH(fTdf
*.

The Schwarz inequality produces

SIN IH(f2 df ! XXf 2 df

No fIH(f )I'df

selecting the equality yields H(fl=Xf)exp(-jwtm) and via the

Fourier transform:

h(t)= X*(tm-t) (32)

In the next section, the optimum receiver in white

Gaussian noise is derived. The result is a matched filter and

we see that Decision theory and the maximization of the

signal-to-noise ratio lead to the same conclusion.

Optimum Receiver in White Gaussian Noise

The determination of the optimum receiver will assume..

that we recieve a signal with known parameters, and apply

Bayes detection criteria in the form of a likelihood ratio.

Knowledge of the form of the likelihood ratio yields a test

statistic which is used to interpret the structure of the

optimum Bayes receiver(Ref8:18).

First, sampling theory is applied to a bandlimitea
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S . signal, s(t), limited to (-wc,w € ). The signal is sampled in

time every 1/2w© seconds and is written as:

'p

sin[ 21f (t-k/2f c
si n(t-k/2f (t

k--

where fc=wc/21T (Ref3:51-53).

It can be shown that

T
E= P (t) dt 1 /2f c 1: f (k/2f¢) (34)

0 K ,I

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

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

represent the majority of the energy in the sampled domain.

Assuming a known signal bandlimited to (-ff ), the

noise is also bandlimited and the input waveform z(t) becomes
z, where z=s+_ (z1=s +n ) and each sample z =z( i/2f ),

S =S(,/2fc), and n =(i/2f¢), 1,2,3,....2fCT. The hypothesis

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

joint probability density function

1 N
p(z/H)= N exp(-1/2fcN, L.(z i -s, (35)

(217) (No f C

Where N = 2fcT and the power spectral density of the noise is

N0/2. In a similiar fashion, the noise alone hypothesis (H)

"-p.". is represented via
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p(z/H)= fexp(-1/2f.N za ) (36)2-(% f, No )
'.-.I

The likelihood ratio is

|N
"P(.Z/H1 )  exp[-1I/2fa No (Z (z-sz)h

i A z) - z (37)p(z/H 0 ) exp(-1/2ft. No  (3))

Applying equation 34 to the likelihood ratio we have

! ,T -r

A(z)=l(z(t))=exp[-1I/N, s(t) dt + 2/N.Jz(t)s(t) dt] (39)
6 0

Further,
T

ln l(z(t))= -E/N.+ 2/N. fz(t)s(t) dt (40)
0

Thus, the Bayes likelihood ratio receiver is

2/Nfz(t)s(t) dt < Threshold + E/N. (40)
0 H0

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

detector in white Gaussian noise is the matched filter.

Specifically, for a fixed probability of false alarm, the

matched filter is the receiver that maximizes the probability
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of detection (Ref2).

As a final note on matched filters, we observe that

given a complex signal (analytic) 4,(t), the response of the

matched filter is

4

P()f (t) 4(t-I) dt

The above complex autocorrelation function can be equivalently

represented as a convolution (designated by "*"):

p (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 fr i

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 is 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- (t))(AI(4W) 3 r)G(t)y(t) (42)

where G(t) is the one-way antenna power gain, 7(t) is the

complex reflection coefficient(a voltage quantity related to

radar cross-section( =jj), and 3(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), r(t), and 7(t) are slow varying functions of time,

equation 42 becomes a delayed and doppler-shifted replica of

the transmitted signal:

sR (t)= s T(t-l)exp(j21Tvt)( /(4r) 3 r 4 )G (43)

where ?=2r/c (44)
v:-2k/,\ (45)

with r= range

v= doppler frequency shift
i= velocity
X= 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:

1.T'is constant for r ', c/2TB (46)
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where TB is th time-bandwidth product

Aand c=3X10 m/s

-.. 2. v is constant for r /2T (47)

A factor of four is usually sufficient to ensure the

conditions are satisified (Ref4:13). Continuing with equation

42 and setting

N' V = [ X/(4 Tr ][1/r2 ]GkY (48)
k k' kk (8

+. .. where the subscript k refers to the kthscatterer, we now have a

received signal of the form

sRlt)= VkST (t-Tltl) (49)

where T(t) is not approximated as constant. In terms of

complex notation we can express

sT(t)= uT(t)exp(jwct) (50)

and

- : " s. ~~(t)= Vk uT[t-r(tl epj)©t t)](1

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

", range at the instant of signal reflection:

.(t)= 2/c r(t--Vt)/2] (52)
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where r(t) is the range function. Performing a Taylor series

yields

1 (tl='rk7.Ykltt + additional terms (53)

*3 1 ,and vK represent the time and doppler coefficients of the

* .. "m scatterer, and to is the time at which they are defined. If

*. .. equations 46 and 47 are satisified we can write

s (tl = VV.u(t- TK) expj27r[ f c(t- K+vV.( t-to 1](54)

Further, we assume multiple scatterers, thus

sR(t)= exp(j211f t) VUT(tt-'rL)exp(j27vK t) (55)

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/TP , and the time-bandwidth product is on the order

.4-. of unity (TB=1).

. Resolution in delay is given by &=I/B and is also
_determined by the pulse width: .1 =Tp. When T is short enough

p.p

to achieve a given resolution in delay, it will be impossible
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Figure 11. Coherent Pulse Train (Ref4-551

to resolve scatterers in doppler due to the property Av=1/T ,

thus it is possible to assume all scatterers have the same

doppler velocity (Ref4:51). Furtherthe doppler is assumed

equal to zero for convenience. This yields a received signal:

sR (t)= exp[j2lTfc t] EVUT(t--V )  (56)

K

9 Equation 56 (with exp[j2Tfct] suppressed) will be directly

simulated in this study. The assumption of short pulses (TB=l)

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-

bandwidth product on the order of unity.

Ambiguity Function

In order to quantitatively assess the performance of a
". ""particular radar waveform and its procersinq filter(s), we
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need a function which describes the signals performance in a

multitarget enviroment. This function is the ambiguity

function and is a measure of the signals range and doppler

resolution (Refl: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).=

0 a(t)cos[wo t+0(t)J be the return from scattererl and x(t-?)=

a(t-T)cos[w.(t-?)+ o(t-r)] be the return from scatterer2. The

range seperation between the two is c3/2, where c is the speed

of light. We will next use complex signal representations:

x(t)= Re[u(t)exp(jwot)J
x(t-'r)= Re[u(t-'C)exp(jwot)exp(-jw0r)]

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

e=f x (t) -x (t-'V) d 17

or -0

. [
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=2flu(ti-2 Re[expl-jw. r) u*ltlult-- )] dt

= 2[2E] - 2 Re[B(I)exp(-jwol)] (58)

B(fl= u(tu(t-1 dt. Minimizing B(k) will result in the

maximum amount of resolution. Defining a delay resolution

parameter:

T . =, (59)

B(o) (fIM(f i dr

Equation 59 utilizes Fourier transform properties. Further, a

range resolution constant can be defined as R=cTR/ 2 and an

effective bandwidth constant as Be = 1/2T . . The point is that

improving range resolution requires increased effective

bandwidth.

By analogy, we can determine the velocity resolution of

two point targets where x(t) is the first target return and

x(t)exp(jwD t) is the doppler-shifted return of the second

target. Again elis formed and we proceed as before:

e = x(t)-x(t)exp(jw t)Idt (60)

=iixlt)I dt -Re x(t)x(t)exp(jwt) dt] (61)

using the transform

fx (tlx* (t)exp(j2lrvt) dt+__f"( v)X(v+w) dw =K,(v) with w.

.. =2Wv and X(v)=Fourier transform of x(t). Next, we define the

frequency resolution constant T, as

49

.
,,* .. 9 . ',, ,,aQ . .. "..,.'.. --. 2''. .2""""''""""."""""' ."" ' " ".". ' .....- '. ._,,,, _.t, .' " * .3 " - '_',



44

Tr -=f It (62)

[lu(t)I dt]-

which leads to the effective time duration e =l/F,. Now for

two scatterers at the same range, they can be resolved in

doppler if

AWD/2 > Fr

where &wD is the doppler-shift difference.

A similiar consideration of target resolution for a

single parameter (range or doppler) is related to the physical

processing. Return signals are effectively filtered in bins of

range and doppler. A bin width or interval is defined as the

half-power width of the central lobe of the matched filter

response. Restating B()=fu*(t)u(t-t) dt =fIM(f)(exp(j2lTft) df

and defining the bin width as

f]= 1/1,= fIM(f)exp(j2;t) dfj (63)

A Taylor series expansion of IBk) yields

2. ii=B1/2= 1 B(0)i + 112 ." ("" '  , (Ref9:100-102)(64)

assuming B(O)=I, then 1/2=1+1/2(-2 'd

* where fis the rms bandwidth and

., :i50
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=fJ- d (65)

f jP(W)j2' dw (5

This yields $'I' =1/2 and T=1/f1 . The response envelope

spectrum is two-sided, therefore we use?= 2^= U/$ and define

the range bin as rU=3r/2=c/f7 f. For velocity resolution, we

note that IKU(v)I fflu(t exp(j2vt) dtI . Again, performing a

Taylor series expansion about v=O, we obtain

KU(v) = 1/2= 1K (0 .+1/IK (v)j v (66)

Assuming normalized signal energy, Ku(O)=l, we define V6 =/t 4

where t: is the rms time duration defined as

t' = (67)
f If(t v'it

The doppler bin width is r6 = XV6/2 =X/J2t4  (68)

The above can be extended to the more general case of

two scatterers which differ in both range and doppler. In

- . similiar fashion the integral square error is maximized.

el e-  =ix(t)exp(jw t)-x(t-rlk dt

2 (t) dt - Re[fx(t)x(t-l)exp(jwot) dt] (69)

Maximizing e-l requires the minimization of
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"" -fx(t)x(t-Jl)exp(jwDt) dt

Appling complex envelope notation results in

SI ,wD) =fu(t)u*(t-)exp(jwDt) 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( ZWD )
p |2

exp(jwot) (Ref9:112). If[Y.(, w)I is calculated and plotted in

the 3,w plane, a 3-dimensional diagram is generated. The

ambiguity surface [ %(?w) ] visually depicts responses of the

matched filter for various ,w combinations. The central peak

of the diagram ( =0,v=O) 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 rw

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 T=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:

( ,w)=fM (f+w)M(f)exp(-j2Tft) df (71)

and we note that a maximum occurs at the orgin

j~ ~ -(b j3(O,O) = 2E

Also, ^L I,'w) = [,(,w) thereforely(-T,-w)I =[Ie,',w)j and the

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

Next, we explore the volume under the function:

V.2'

: volume =f (,w) I dhw

If we take the two-dimensional Fourier transform,

2 2.
Ft.( v (-r, v)l]=- (1v)1exp(-j2Sj )exp(-j2ruv) ddv

IYPS, U)I1 (72)

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

transform and further by letting u=4=O we have:

Ir r(T,v) d1dv = I 00l= (2E) (73)

.-. ""-- Equation 73 states that the area under the surface (and thus
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-].. the ambiguous responses) is constant and equal to 4 (assuming

normalized signal energy,E=1) Thus, ambiguous returns may be
shifted within the 3,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 t ,v) 1  is comparable to 1 10,0) are

indistinguishable to the radar (Ref8:26). The width of the

responseupeak 0aboutdefines the waveform resolutionresponse(,

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 EC . Sampling u(t) at

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

Us(f)= atlu(kt)exp(-j2nfk~t) (74)

A function sampled in the time domain will be repetitive in

the frequency domain (Ref4:85). Thus,

4 CO

US (f+m/at)= 4t u(kt)exp-12T(tkt+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). US(f) is a periodic

function with frequency fr =1/ &t. Replacing the Fourier

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

Us(f)= f(f )[At exp-j21(f-f')k~t]df/ (76)

and noting that
0do

At~exp-j 2 PfAt Z(f -mfr

we obtain

U3(f)= EU(f-mf,) (77)

which states that the spectrum due to time sampling is the sum

of the original continous spectrum shifted at intervals equal

to f.. Figure 12 illustrates the phenomenon.

I -

I ~~~a. co.4T~iwaoo Vg#-ifA. OP&-Tu'

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

The two spectra are comparable for fp=l/&t, and alaising is

minimized if 4t < 1/bandwidth. Since UG(f) is repetitive on
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the interval ft., it is useful to define the time function

corresponding to only one period:

u(T) US(f)expj2tft df (77)
f

This leads to the relationship:

u(kAt) =f U(f)expj2fkAt (78)

and

~ (79)
K.-M

For any finite duration sequence, the discrete Fourier

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

X(K)= x(n)exp(-j2lkn/N), 0<k<N-1 (80)
1 "o 0 , e.w.

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

transform is:

-ftI

x(n 1/NEX(K)exp(j2-kn/N), 0<n<N-1 (81)
Are o , e.w.

! Equations 81 and 82 can be implemented via computationally

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

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

-performed by computing the Y(K) and X(K) sequences, computing
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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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IV Computer Simulation Development

•.' Approach

The objectives of this study are to generate the

following for each signal tested:

(1) Ambiguity diagram plot

(2) Signal spectrum plot

(3) Received signal spectrum plot (due to 10
scatterer target)

(4) Ideal matched filter output plot

(5) Target filter spectral characteristics plot

(6) Incoherent target filter output plot

(7) Coherent target filter output plot

Objectives one through four are included to verify the work of

Salzman (Ref11) and provide a complete description of the

different signal processing and target modeling schemes

- simulated. Objectives six and seven are the main results which

*this paper requires. The data generated for these two plots

will be compared at the appropriate sample time in order to

determine which filter implementation provides superior

signal-to-noise ratio.

In this section of the paper, the algorithms developed

will be explained. Appendix A contains the system flowchart

for the software and appendix B contains the program listing.

The software is written in FORTRAN V.

. ".''." Calculating the Magnitude of the Ambiguity Function

The ambiguity function (and diagram) is the correlatior
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. "of the complex envelope of the signal with a doppler-shifted,

time-delayed version of itself; that is, the ambiguity

function is the two-dimensional correlation function in delay

and doppler. It is defined:

w)= (t)u*(t-f) exp[j2lTvt] dt (83)

The ambiguity function can be expressed as a convolution of

the following:

V .; 4(1-,W)= u(t)exp[j2-nvj] * ' -9(84)

In this simulation we define the arguments of the convolution

as finite sequences and calculate the ambiguity function via a

5linear convolution. Each argument is sampled to form an N-

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

zeros are necessary for the discrete convolution calculations

to be correct (Ref4:85-88). The linear convolution is

calculated by the indirect method which, given two time

sequences xg and yK , consists of:

1) compute the sequences XK and YK via the discrete Fourier

transformation (FFT) of xg and yK respectively.

2) form ZK= XKYe for (=0,1,2,...2N-I

3) compute the sequence zg via the discrete Fourier

transform (FFT) of ZX (Ref4:98)

.-. ""Sufficient sampling of the waveform requires knowledge
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of the Nyquist rate. The time-bandwidth product (TB or signal

duration 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

was available through the IMSL mathematical library (CDC Cyber
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

'a 1024 points. This constraint was primarily imposed by the

100,000 words of compilation memory available for interactive

computations on the Cyber. This limitation will severely

* constrain both the number of pulses and subpulses which can be

Usimulated. This in turn limits the length of coding (either FM

or phase) possible and will be elaborated on when a simulation

waveform is selected.

Sampling repeated and/or coded waveforms requires

careful consideration. Each element of the code (ie subpulse

interval) must be sampled equally in order to eliminate any

bias and skewing of the plotted function. Consider a two pulse

signal with each pulse 1 second in duration and duty factor

of 1/3. If we choose to make 16 samples of the waveform, each

sample is separated by 3/8 seconds. This results in two

samples made of the first pulse and three samples made of the

second pulse. This would of course result in an incorrect

answer. The problem is avoided by weighting the samples in

such a manner as to insure each elemental portion of the
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Q waveform is sampled uniformly. We have specified the number of

samples we wish to make, the signal duration, and pulse width.
By forming the expression [number of samples/signal durationIx

[pulse width] and truncating the result, we obtain the largest

integer value for the number of samples per pulse which can be

achieved and insure uniform sampling (Ref8:45).

As an example, assume we are simulating a phase coded

waveform where the amplitude of the complex envelope is

modulated. Given a single, 1 second pulse of unity amplitude,

we choose to make 8 samples. Also, assuming a 5-element Barker

code, the phase of each element would be 0,0,0,7,0. The

sequence corresponding to u(P)exp[jwt] would be:

i exp[jw(1/5)1,exp[jw(2/5)l,exp[jw(3/5)I,-exp[jw(4/5)]

exp[jwl,0,0,0,0,0,0,0,0,0,0,0.

The sequence representing u*(- ) is:

0,0,0,0,0,0,0,0,0,0,0,1,-1,1,1,1

Once the proper sequences are formed for u(3)expfjw2 I

and u (-'), the linear convolution must be performed. This is

accomplished via the indirect method as previously stated. The

simulation calculates the ambiguity diagram values as a

function of delay given a particular doppler value. The result

is a cross-sectional view of the diagram which is

'.' perpendicular to the doppler axis. Any value of doppler may be
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selected, however, this study will always select the zero

doppler cut since this corresponds to the output of a matched

filter which is perfectly matched to the waveform. In this

manner, we are only viewing a particular cross-sectional

"slice" of the total ambiguity diagram. After calculating the

values of the ambiguity function, their magnitude (or

magnitude squared) is plotted. This plot represents the best

possible range response of the radar waveform.

All of the ensuing sections of this chapter describe

software which rely extensively on the algorithm just

described. The same proceedure for setting up the proper

sampling and resultant sequences is fundamental to matched

filter and target filter calculations as well. This will

become apparent as the chapter develops.

Signal Spectrum Calculations

Two signal spectrum calculations (plots) are generated.

The first is simply the signal spectrum of the original radar

waveform, and the second is the spectral characteristics of

the received signal. The first is generated by performing a

discrete Fourier transform of the sequence corresponding to

*u(J-) and plotting the result. Generation of the received

signal spectrum is not as straight forward and requires the

following assumptions: 1) the target consists of ten

independent scatterers which may or may not be fluctuating in

amplitude, 2) the target acts as a filter and thus can be
* ~described via a range extended scatterering function, 3) the
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range extended scatterering function can be modeled as a

decaying exponential in the frequency domain (Ref5). The

procedure is to specify (in frequency) the exponential as a

,- Gaussian pulse centered at zero. From this model of the range

extended scatterering function, a complex impulse response is

developed. The original signal spectrum is multiplied by the

complex range extended scatterering function, Fourier

transformed, and plotted. The development of the range

extended function starts with a real, bandpass Gaussian

spectrum:

H(jw)= exp[-tI(w-w. )a ] + exp[-c(w+w.)
(85)

2

noting that,

H(jw)= H(w-w.) + H (-w-w)
(86)

2

where "H(jw) is complex and

H(jw)= [h(t) I Refh(t)exp(jwot)]

= h(t)exp(jwot) + ' (t)exp(-jw.t)
(87)

2

Equation 85 dictates the real impulse response:

h(t)= 1/2JW4 exp[-t /4 ( cosw.t

thus,

H(jw)= 1/2 41/27 exp[-t'/4%A]exp[jwetj (

63/277- exp[-t--i4cklexp[-jwot1 (88)

-- 63
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and by comparing equations 88 and 87 we see that

h(t)= 1/2Fr1d exp[-tt/4d] (89)

which implies that

H(jw)= exp[ -Ow1 ] (90)

Equation 89 requires the addition of a time shift, t., which

accounts for causality (Ref2:8c), and results in the final

form of the complex range extended scatterering function:

H(jw)= exp[-4w]exp[-jwt,,] (91)

Equation 91 is simulated directly. (jw) is sampled according

to the same criteria as the signal, multiplied sample by

sample with the original signal frequency domain samples, and

plotted as the received signal spectrum. The process is

repeated for both fluctuating and non-fluctuating target

cross-section.

Matched Filter and Target Filter Calculations

The procedure for calculating both the target and

matched filter outputs is essentially the same. The only

difference is that a unique filter impulse response is

simulated for each.

The matched filter output is the discrete convolution

of the received signal time samples with a conjugated, time

* inverted version of the original signal. The next section

develops the governing equations.
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The target filter output is the discrete convolution of

the received signal with the Fourier transform of the

conjugated range extended scatterering function impulse

response. The target filter impulse response parameter a ,

generally is not equal to the d which characterizes the

received signal structure. Specifically, equation 89 or

alternatively 91, is used to generate the received signal (ie

model the target) and designate the target filter impulse

response,but different values of at are used in each. A larger

value of o will be used for the target filter impulse

response, resulting in a narrowbanding of the return. This is

a critical point in that narrowbanding the return may provide

and is indeed necessary to yield a practical spread spectrum

system (assuming current technology limitations as presented

in chapter II).

As a last note, it is apparent that we have assumed a

received signal which was generated via a known filtering

process (ie the range extended scatterering function of

equation 91), and further that we have set up a matched filter

(the target filter) which compensates for the known target

scatterering characteristics. This might appear to be a self-

fulfilling prophesy or a circular argument. Two important

points must be considered: first, the validity of the results

rests partly on the validity of the assumption and

approximation of the form of the ten scatterer target density

"" .function. For this assumption, the author has relied on the

article "Effect of a Few Dominant Specular Reflectors Target
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Model Upon Target Detection" (Ref5:670-671). Second, the value

of 0( for the target filter is larger than the one used for

generation of the received signal, thus constituting the

ability or inability to successfully narrowband the return

prior to range and doppler processing. With the above in mind,

the next section will develop the equations which support this I
section and define the relationship between coherent and

incoherent processing.

Coherent and Incoherent Target Filtering

This section will develop the equations for coherent

should be kept in mind that the target filter is actually a

matched filter which is matched to the received signal.

On page 338 of DiFranco and Rubin (Ref3) we find:

"Matched filter processing for a pulse train is sometimes

called coherent processing or predetection integration". In

other words, the matched filter is inherently a coherent

device. The phase matching is based on the signal spectrum

alone and results in a maximum peak response occuring at t=T,

where T is the causality delay. The amplitude matching is

"* dependent on both the signal and noise spectrum, resulting in

the maximization of the signal-to-noise ratio (Ref2:On

Understanding the Matched Filter in the Frequency Domain by

Theodore G. Birdsall). The complex response function is

i 1/2 1 (t) *(t-2) dt (92)
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where f(t) = s(t)+js(t)

and s(t) is the real signal,

s(t) is the Hilbert transform of the real signal.

qFurther, C

Re[f(O)] = 1/ 2 fs(t)s(t-) dt + 1/2f (t)'(t-?) dt (93)

-0-0.0

In real notation, the real autocorrelation function (matched

filter response) of s(t) is

I-iz
r(t) = s(tls(t-l) dt = S(f) exp[j2Tfl]- df (94)

(t) has the same spectrum as s(t), thus the integrals of

equation 93 are equivalent (Ref9:32).

We note that

r = Re Lr()J

Also,

4f(t) = u(t)exp[j2Tf,?']

where fo is the center frequency and

P01 = 1/2 exp[j2"7foflf u(t)u(t--) dt (95)

Equation 95 is simulated directly (convolution process

discussed previously) with f. =0 by ignoring the insignificant

conversion to video. The actual plotted response is calculated

by taking the real part of equation 95.
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The incoherent target filter is the combination of the

matched filter followed by an envelope detector(Refl2:201). In

other words, the phase information is destroyed and the

samples are incoherently collapsed (added). Starting with

equation 95, the envelope of the real target filter response

(incoherent) is:

1/ u(tWu(t-' 1 d (96)

where again exp[jw0 t] has been suppressed. Equation 96 is

simulated via the techniques of the previous sections of this

*chapter.

In summary, both target filters are simulated by

discrete convolutions according to equation 95 with f0=0 and

u*(t-?) replaced with the range extended scatterering function

impulse response. The coherent target filter takes the real

part of this result, where as the incoherent filter requires

taking the magnitude of the integral. These two output are

compared at the sample point corresponding to the 1=0, v=0

point on the ambiguity surface. The larger value constitutes

the greater signal-to-noise ratio at the output of the since

r(0)= p(0)=energy (Ref9:33). The next chapter presents the

results of the processes presented above.
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V. Software Application and Results

Simulaton Test Waveform

Due to computer memory limitations and thus array size

constraints, the maximum number of data points is fixed to

1024. With this in mind, a four pulse, rectangular pulse train

of 1/4 duty factor was selected as the base signal. The signal

is then coded in phase or frequency as will be discused. The

above selection results in a maximum of 512 samples (after

weighting) of the signal and up to 32 allowable subpulses or

elements.

The key to the simulation process is the ambiguity

calculations and resultant plot. All other matched filter,

signal spectrum, and target filter plots follow the same basic

software manipulations. A single run through the algorithm

produces one of the following:

1) Ambiguity plot and signal spectrum plot.

2) Received signal plot and matched filter plot.

3) Target filter(coherent or incoherent) spectrum

plot and target filter ouput plot.

In order to test the software, a 13-element Barker code was

injected into the simulation. The verification signal

contained 13 pulses, phase-coded, with 1/2 duty ratio. The

resultant spectrum and ambiguity cut (doppler=0) are shown in

figures 13 and 14 respectively. Both plots are verified in the

literature, in particular by Salzman(Refll) and

Rihaczek(Ref9:215-216).
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Phase Coded Signal

4.! The basic test waveform of the previous section was

intrapulse phase coded (0,11) and simulated. Each of the four

pulses contain 25 elements generated from a pseudo-random code

of length 63. A 50 element section of the code is repeated

throughout the signal. Figure 15 is the signal spectrum and

figure 16 is the zero-doppler cut of the phase coded signal.

d The central peak of figure 16 designates the sample point of

the matched filter and is located at 15.96 on the time units

scale. Note the level of the two ambiguious peaks on either

side of the main response peak. This provides a clear area of

approximately 14 time units (from 9.0 to 23.0). The clear area

is that delay span in which signals can be searched and

separated in range (ie area of sufficiently low ambiguious

peaks). The central peak is at 40dB, with the next highest

response level within the clear area at approximately 21dB.

This is clearly a thumbtack-type ambiguity function as would

be expected from a coded or noise-type radar waveform (ReflO).

Figures 17 and 18 show the received signal spectrum and

matched filter output for non-fluctuating target cross-

section. The sample point has a magnitude of 15.59dB. Figures

19 and 20 show the target filter spectral characteristics and

coherent target filter outputs respectively. The coherent

V target filter has been modeled with the same value of d as the

received signal spectrum. The magnitude at the sample point

. ,(15.96 time units) is 7.58dB. The corresponding value for the

incoherent target filter was 9.34dB. Thus, the incoherent
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filter shows a 1.76dB improvement in output signal-to-noise

ratio for the non-fluctating case.

The following series of plots are for the coherent

filter(s). The incoherent filter output is identical except

for a slight widening of the main lobe. Figures 21 and 22

depict the received signal spectrum and matched filter output

for scan-to-scan fluctuating RCS target (SwerlingI). The

effect appears to be slight and further RCS fluctuations will

be pules-to-pulse or Swerling II modeled. Figures 23-26 show

the same series of events but q has been reduced from 0.1 to

0.01. The coherent target filter does appear to widen the main

lobe response slightly. The next sequence of plots, figures

27-30, are for a target of different Swerling II statistics.

The results are similar to the previous plots. In figures 31-

34, the value of Ot used to generate the received signal

spectrum is 0.01, whereas the value for the target filter

spectrum equals 0.01. The result of narrowbanding the return

by 60% is the smooth response shown in figure 34. The

incoherent target filter performs similarly with a sampled

value 7.62dB higher. Figures 35-38 are the same sequence of

events once again with o( (received signal spectrum) = 0.001

and 0( (coherent target filter) = 0.2. The results for these

plots (including data for the incoherent filter) and an

additional 20 runs are tabulated in table II.

It is clear from table II that the coherent taraet

- . filter produces too narrow a main peak and thus an

unacceptable sampled ouput signal power for values of (.1.
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Further, in each of the simulation runs the incoherernt

realization provided the best output signal-to-noise ratio.

Interpulse Frequency Hopping Waveform

A four pulse, 20% duty cycle signal was simulated over

10 runs with Swerling II RCS fluctuations. The results are

tabulated in table III. Again, the coherent target filter

proved slightly superior. The ratio of incoherent to coherent

signal output power remained within 0.01dB for the 10 run data

set.

Interpulse Frequency Hopping with Subpulse Chirp

The same basic waveform was again simulated with

intrapulse chirp (25 seperate, linear frequency slopes) added.

The incoherent target filter once again shows a slight

advantage in output signal power. Table IV shows the results

for 5 separate runs with Raleigh (Swerling II) RCS

fluctuations. The non-fluctuating scenario is also included.

The constant average advantage of the incoherent filter varies

only a few tenths of a decibel.

Summary

It appears that for all three waveforms, and under

Swerling II-type RCS fluctuations, the incoherent target

filter is superior in terms of greater output signal power.

lop
This will yield a higher ouput siqnal-to-noise ratio. The

advantage of the incoherent filter is generally on the order
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Target Filter Sampled Value(dB)

Coherent Incoherent * RCS fluctuation o (filter)L

7.58 9.34 1.76 non-fluctuating -

-60.00 -0.32 59.70 Swerling II 0.01
-60.00 0.44 60.40 Swerling II 0.01
-7.87 -0.25 7.40 Swerling II 0.10

-2.92 1.00 3.90 Swerling II 0.20
-2.84 -1.32 1.50 Swerling II 0.20
-1.83 -0.47 1.30 Swerling II 0.20
-1.85 0.09 1.90 Swerling II 0.20
-3.75 -1.95 1.80 Swerling II 0.20
-3.52 0.24 3.80 Swerling II 0.20

0.27 1.15 0.90 Swerling II 0.30
-5.36 -3.63 1.70 Swerling II 0.30
0.67 0.97 0.30 Swerling II 0.40

-3.92 -2.39 1.50 Swerling II 0.40
-2.18 -1.66 0.50 Swerling II 0.40
-2.42 -1.45 0.90 Swerling II 0.40
-0.79 -0.24 0.50 Swerling II 0.43
-1.62 -0.98 0.60 Swerling II 0.40
-0.57 -0.18 0.40 Swerling II 0.40

• -0.58 -0.12 0.50 Swerling II 0.40
-2.61 2.00 0.60 Swerling II 0.40
-0.22 0.43 0.70 Swerling II 0.40

. -1.46 -1.00 0.50 Swerling II 0.40
-3.25 -2.37 0.90 Swerling II 0.40

-5.35 -4.49 0.90 Swerling II 0.40

the ratio of incoherent/coherent target

filter output signal power in dB.

Table TI. Coherent vs. Incoherent Target Filter Output
Signal Power for a Phase Coded Waveform

di



Target Filter Sampled Value (dB)

Coherent Incoherent * RCS Fluctuation al(filter)
-7.38 -6.64 0.74 non-tluctuating -
-6.15 -5.40 0.75 Swerling II 0.40
-7.35 -6.60 0.75 Swerling II 0.40
-5.98 -5.24 0.74 Swerling II 0.40
-4.41 -3.67 0.74 Swerling II 0.40
-9.78 -9.06 0.72 Swerling II 0.40

-11.49 -10.76 0.73 Swerling II 0.40
-5.60 -4.85 0.75 Swerling II 0.40
-5.03 -4.28 0.75 Swerling II 0.40

-10.20 -9.45 0.75 Swerling II 0.40

• - the ratio of incoherent/coherent target
filter output signal power in dB.

Table III. Coherent vs. Incoherent Target Output Signal
Power for Interpulse FM Waveform

Target Filter Sampled Value (dB)

Coherent Incoherent * RCS Fluctuation (filter)
19.24 19.42 0.18 non-fluctuating -
14.62 14.18 0.44 Swerling II 0.40
16.52 16.70 0.18 Swerling II 0.40
14.45 14.63 0.18 Swerling II 0.40
15.97 16.15 0.18 Swerling II 0.40
15.83 16.02 0.18 Swerling II 0.40

* - the ratio of incoherent/coherent target filter

output signal power in dB

Table IV. Coherent vs. Incoherent Target Filter Output

Signal Power for Interpulse w/subpulse Chirp

U _7
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of 1-3 dB for the phase coded waveform and less than 1 dB for

the frequency coded waveforms.
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VI Conclusions and Recommendations

Conclusions

j! The objective of this study was to determine whether a

coherent or incorerent target filter provided greater output

signal-to-noise ratio. The signals under test were all coded,

spread spectrum waveforms designed for use in a coherent

airborne radar system. It was noted that the computer

simulation was dependent on the characterization of the range

extended scatterering function. Knowing the scatterering

characteristics and the accuracy of their approximatons (ie

decaying exponential, Gaussian pulse) is paramount to the type

of analysis performed.

The 25 element, pseudo-random pase coded signal

analysis showed two main features. First, values of 0 less

than 0.1 yielded 50-60 dB higher ouput signal power for

incoherent processing. Values of ( at or above 0.1 allowed a

smoother, wider peak around the 15.96 time unit sample point.

Higher values of 0 correspond to a narrower filter bandwidth.

The consistent performance edge (1-3 dB) of the incoherent

target filter found by this study agrees with the findings of

Salzman (Refll:69-70). Second, the incoherent target filter

provides improved signal-to-noise ratio due to its broader

main peak. This produces a higher sampled value away from the

output centroid (located at 15.96 time units) as compared with

the coherent filter.

The interpulse frequency hopping and frequency hopping
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with subpulse chirp slow sitailiar results. In both cases, the

incoherent filter is superior. The performance difference for

these two waveforms is much more consistent as compared to the

phase coded signal. Interpulse coding yields a steady 0.72-

0.75 dB incoherent filter advantage, whereas interpulse FH

with subpulse chirp holds around 0.4-0.7 dB improvement

margin.

It appears that with assumptions made concerning RCS

fluctuations, target scatterering characteristics, and radar

waveform, that the incoherent target filter is superior to the

coherent target filter on the basis of output SNR.

Recommendations

In addition to the signals tested, the simulation

software is capable of testing linear frequency modulated,

variable frequency modulated, intrapulse frequnecy hopping,

and intrapulse FH with subpulse chirp waveforms. The software

is also capable of simulating Gaussian as well as rectangular

pulse trains. Further, different types of RCS fluctuations and
target scatterering characteristics can be easily

accommodated. Due to time constraints involved in producing

this paper, these possibilities were not explored. Whether or

not they provide further insight into the applicability of

the target filter is left for further reasearch. However,

based on the data presented, an incoherent target filter would

be advantageous when SNR is a factor and ease of

. .., ~implementation important.

-. 1
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.. A -" Future studies might consider testing those waveforms

not tested in this study with and without different range

extended scatterering functions. Alternatively, the concept of

non-cooperative target recognition (NCTR) might be addressed

by extending the software. NCTR is an attempt to exploit the

range super-resolution phenomenon (rather than compensate for

it) in order to provide a type of target signature. In this

manner, the target could be detected, identified, and classed.

The software used in this study might be extended to

investigate target super-resolved range signatures.

Ot
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too= PfiuGRAMi MAIN
110-
120=
130=C PROGRAM MAIN
140=C WRITTEN B4Y KENNETH Wd. ALI4ERT/(REF:Rk'EID
150=C 17 OCT 93

"I 160=
170=
180= rOMPLEX XVALS(10?4) .TVALS(1024) ,Z 102(4) ,VAI.U'ZeEI L.AY
190= INTEGER SAMPLE,PERIOII(1024)rD,C(64)
"00= RFAL MAG(1024,FRE(024)FLTER(024)MMAG(1024'w,,']bsO)
210= 0PEN(lO,FII.E='DATA')
22,0- ON1,FIL.E='RESIL 2')

2 30 -- OPEN(15,FILE='RESJL1')
2140:; ()PEN (1,FILE='RFSLJL3'

15 0 - RWIND 10
: 60v RFWIND 11

270= REI1ND 12
280- REWIND 15

290=

3 1 0- CALL INFJT'(FERIOL',F'RTPPWN4PRT,TOTA.,SAMPLF ,NLfli,')
320= CALL CODE(C)
~~ .53 IAII(k0,*).i
340= IF 0J.0.1) G3O FO '

A~s.. A1LPHASE(FRrfl,PRT.rPENTI(Ih,7,M,N,N-RT.GFACI,
360:: v' SArIPL.L,* I A1 ,C)

'i -10- U 10 20
SA0 -' WRrTE(*,'F'U1.SE(SP IS FREQUENCY Ct.11)FL
ill0 - -AI.L .(ROPr0INhT.WNrM I A.,h

400: LW -L RECK (PER 101, ,7 ,(~ 6rAr, NPR r ,N)
4 10 w;.1(G SfAl.F-CFACT/(N*NPRl')
420-= WRITE(12,*)M
430.- wkirE(is,*)m
440x- WRIIE(11,*)ti
450- RFA['(10,*)IJ
460'-"5 VAI.UE=CMtPLX(0.0,d)
470-- WRIrE(*,300)J
480: REAI'(10,*)D
490.; kIIE(*,*)'THE VAL.1.0 OF 11 IS',fl
500= IWK=6*SAMPLE+150

510=WK'=6*SAflPLF +150
4'520= CALL SETUP (0, Z, FREU, XVALS, YVALSVAA~R:IJhL, -AMP!..' M,

,0=CALL FFTCC (YVALS, SnAMFI.E.,IWK\,IdK)
J50- IF(DEQ.O)THEN
ts~o- I RirE(8,301)

580- IF(D.E0.1, THEN
90- WIIITE(*,307)

600 r ELSE

WR~~~ I jO' 5



X T %- 7 .' 7 .

6.0- FND IF
'I.... ~30= ND IF

1-:640= [D0 30 I=1,2*M
650-- TIME=(TOTAL/M)*(I1i)

~: *~:660= X=(*CABS(YVALS( I))
670= IF(X.LT.0.001) THEN
680= X=0.001
690. END IF
700= MiA(I)=10*ALOG610(X*X)
/?1I0= IF(DE.EO)THEN
730= WRITE(15,305)TIE,MIAG(I)
.-40= END IF
750= IF(D.EQ.1) THEN
770= WRITE(15,310)TInEMMAGMI

*780= END IF
790=30 CONTINUE
81 0= IF(D.EO.3)THEN
8 15:= R FAll ( 10, *) At.P HA2
820= DO 42 I=i,SAIIPLE
830=. TIME=(PW/N)*(I-1)
840= [ELAY=CtPLX(0.0,62.)
050= FILTER(I)=EXP(-ALPHA2I*TIrMF$TIMF)
8,50= Z(I)=FILTER(I)*YVA'LS(I)

870- XVALS(I)CJNG(ZI))CFF(.A*TIiE)
HBO= X=CABS(XVALS( I))
f.89 0 -- I f7( XLT.0.001)rHEN
900-n X=0.001
91 0'1 E ND I F

'920=42 CONTINUE

1.10w- END IF
960= DO 50 Ii,SAMPLE
970= X'ALS(I)zXVALSQAl$YVALS(I)
980=50 CONTINUE

* 990= DO 51 I=1,SAMPL.E
1000= XVALS(I)=CONJG(XVALS(I))
.1010=51 CONTINUE
1()"0= CALL FFTCC(XVALS,SAMPLE, IWK,WK)
1030= [DO 52 I=1,SAMPLE
1040= XVALS(I)=CONJG(XVAL.S(I) )/SAIIPLE
1050=52 CONTINUE
1060= IF(D.EQO)THEN
070= [DO 55 I=1,SAMPLE
1080= Z[IJM=CAS(XVALS(I)fl
1.090= IF(ZDUM.LT.0.001)THEN
1100= ZDM=O.O1
1 110- END IF
I120-; MAG( D=1*ALO310(Z1IJM*ZDUM)
1130-55 CONTINUE
11 40- ELSE

[DO 65 I=l,SAMPL.E

* , *



I i~0= Y=REAL(XVALS(ID)
11701= IF(Y.LT.0.001)THEN

1190= eNr IF
~% V120o:r MAALW=i0*ALOGl0(Y,

1I2 10= 6'j CONTINUE
V i 1'0= FND IF
1230: (ALL.ou O~(mA,Num,Pw,rOTAL,,')
1240:

1-170 =300 FORMAT (IX. 'W=' t Fi2
I ', 0= 3cpI FORM AT(X , ' TIME t[I t.A f I ( S 3Nj~l :;VE(t~ jm,
I 290'=305 r ,RIT(5X,F 10.4,5X,F 14.)
1300=307 FGInAr(!ix, fTIME BELA)' -ljXRECI0VED -WCINAL FC<,.
1310=310 -01RiAT(5X,f-0.4,5X,F1O,4)
13210=315 FI3RtATr(5X,'VALUE OF L',5XTARGET FlLrER SPECTRUM'.,
1330=320 FORMAT(5XF0,4,5X,Fl0.4)
I 34o==,u() ENli

or?.1 370=* SUBROUTINE INPUT
1380=* WRITTEN BY KENNETH W. ALBERT/(REF:'EELI)
1390=* 17 OCT 83

1420= SUJBROUTINE INF'UT(PERIOIt,PR-T,FW9 tJPRT,TOrA: ~rML~~J,~4

iq~~ *1440= INIFLiflh SAtIPLF-,PRF1O11n 1024)
1450- EAL' PRT(50.,CPRT-*50.'

1 -160=
1 47()= F mri t 1, *)FPW

i480-- RF A 11(10 , V1
149~0= fF(I.EGO) 160 TO 25
1900- WR[TE(*K,*)'WAVEFORM HAS REPEATED PULSES'f
.,5 10= READ ( 10, *).J
15,0Z IF(J.EQ.0)-GO TO 10
1530- RFAI'(1O,*)SAME
V'40= REA(1Ol,*)NPRT
155I0 DO0 5 I=I,NFR'
1560 PRT(I)=SbtIE

I WO CON IINUE
WRITE(*,300)SAME,NPRT
I OTAL SfiMF*NPRT

* 16W0' ('0 10 30

lo -0 R;EAD(10, *)NF'RF
1630- RFAII(10,*)PRT(1)
1640= 110 15 1-2,NPRT
1,450,= HI*AfI(10,*)FRT(1)

* 1660=1b CONT N.I
1,,,70 10fAL=0. 0

110 20 1=I,NFP~R
1,1%90 TAL =TO0I At tF~kl ( 1)

low,



-. W-; - -p -*. -w .3. ofh - A. . . ~ ~ i ~ , . - -

1700= WRITE(*,305),PRTI
1710=20 CONTINUE

*1720= GO 'TO 30
1 730)=25 WRITE(*,*)'WAVEFDRM HAS ONLY ONE PULSE'
1140= TOTAL=PW
1750= NPRT=l
1760= PRT(1)=PW
1770= RFAD(10,*)NtUM

1.780= SAt1PLEu2*NUM
1790= PERIOPI1)=Ntlh~
1800= Ii=NUM1
1810= N=NUM
1820= WRITE(X,*)'N=',N,'='I1,' PERIOD(I)=-,PRIo~(1)
1830= 630 TO 36
L840=30 READ(10,*)NIJM

~ 1~850= SAI4PLE=NUM*2
1860= IF(PWEO.l.E-11)bO TO 32~
JH70= CPW=PW*l.E1O
1880= CTOTAL=TOTAL*l .ElO
1890= N=NUMI/CTOTAL*CPW
1900= fl=N*CTOTAL/CPW
1910= IJRITE(*,*)'N=',N,' M=',M
1920= IDO 31 I=1,NPRT
1930= CPRT(I)=PRT(I)*1.EJO
1940= PERIOD( I)=N*CPRT (1)/CPW

1960=31 CONTINUE

19y70= GO TO 36
1980=32 IF(PW.EQ.0*0001) (3a TO 34
1990= CPbI=PW*0000.00 2000= CTOTAL=TOTAL*10000. 0

* 2010= N=NUM/CT'OTAL.*CPW

?020:: M=N*ICTOTAL/CPU

.1040= DO 33 I=1 ,NPRT
- fCPRT(J)=PRT(I)*10000.0

20A0= PERIOD (I) =N*CPRT (1)/CPU

20kA-1i3 CONTINIIF

21 0034 N-NlIMI/TOTAL *PW
~'110: fN*TOT AL/PW

1120- WRITE(*,*) 'M=',M

1I40' ria 135 1:: 1 NPR T

*170=35 CO(NTINUEf
2180=36 RE TUR~N
?190; 300 FORMIAT(tXr'PRTS ARE THE SAME ... PRT-z',fj2.J0,

.200= @SX,'* OF REPETITIONS=',13)
2210=305 F(*CIAT(1XP'FORI',35'Pi=F2.)
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2250=**** SUBROUTINE CODE
20-4 WRITTEN BY KENNETH W., ALBERT

2270=**** 17 OCT 83

*2300= SUBROUTINE CODE(C)
*1310-.
'320= INTFGFR X(6),C(64)
2330=
2340= X(1)=1
'1350= DO 5 K=296
'1360= X(K)=0

2370=5 CONTINUE
2380= D~O 10 1=1,64
2390= C(1)=X(1)+X(6)
:!400= IV(C(I).E.2)CWI=o
2410= X(6,)=X(5)
2420= X(5)=X(4)
'1430= X(4)=X(3)
2440= X(3)=X(2)
2450= X(2)=X(l)
21460= X(J)=C(I)
1~470=10 CONTINUE
'.480= URJTE(*,300)
2490z WRTrE(*,305)(C(J),J=J,M4)
:,500r- HE. rNRN
2510=300 FO.MT(2X,'THE BINARy' PSEUDEORANDOMr COPBE .ENG11i-

I~63 '

2530=305 FORMAT(2X,641,)
5 24 0 END

2ip7O :**s* SUBR4FOUTINE PHASE
'580**** WRITTFN BY KENNETH W. AiBER/(NEf:REEr')
29=** 17 OCT 83

M262'0= SUBROUTINE PHASE(FREQ,PRT,PERIOD,ZM,N,NFRT,GFACT,
2630= I@PW,SMPLE,TOTAI.,C)
"640=

~A60= COMPIEX Z(1024),AMT2
2670.- INTEGER PERIO[I( 1024) ,COUNT,SIJ~,TAL-LY,SAMPL-E,START,F
, A80= @,C(64)vRATI0(50)

2690= REAL. PRT(50),FREQ(1024),rtEAN,R(1024),CPHr(50)
2'700:= DIOMBE PRECISION DISFEE'
2710.
'1720= WR11E(*,*)'PULSES ARE PHASE-SHITFT CtilifE"
2730= READ(10#*)NELEM
21740- ITIME=N/NELEM

21760=** ADDITION OF FLUCTUATION COEF. MATRIX:R

'14



2780= READ(10p*)F
2790= IF(F.EO.1) 0O TO 4
2800= WRITE(*,$)'RAYLEIGH AMPLITUDE FLUCrUATIONS'
2810= DSEEE=31313131.b0
2820= DO 1 J=1, SMPL.E

2830= A=GGIJBFS (DSEEDa)
'2840= B=-ALOG(A)
2850= R(,J)=SQRT(B)/2*0
2860= 1 CONTINUE
2870= 60 fo 6
'1880=4 WRITE(*P*U'NON-FLUCTUATING CASE'

.18?0= 111 5 I=1,SAIIPLE

.192ze, CONT1INUJE

2930!.: 5UhI=1TiMENELE1
-1540: WIT(*,*) 'SUII=',,5um

TF(NPFR.NE.1)GO T0 7

.1970- 14 WFT(*, # PER I (r' , PE8 I W, 1.
2 980=~ 60 TO 30i

'wll3.000= ['I t-1,NPRT
iu 141. U±l I '-PF r ( i ) t .

3020. %1wF~JAl

3090=-Ij I )riIINUF
ill TO 30i

30.0=10 uti-w.(;r.o.owQ) tio 11) 20000 00U It 1--i ,t*wRT
3090:= CHfA(1) =PRT( I.*100ov0.0
i 10(1:.: CFIJ 1W* 1000 * 0
3 110:- F-FF:.I OJL'( I ) ;SIJfjgCPRT (1I) /Cew

3130=15 coNT iI U
,i 14(= 60 TO 30

,%j .U~?i) 10t 25 i1=towr
11)0 VKhOIQ) =Stif*PKT( .T) /PW

.j31.70= WRITE(*pW)'=',Iq1 PERIOD(i:',PER~iI(1)
3..i80-.'b CL)N1.TNUE

* 090Z30 REA1l(10,*)STARF

3 2 1 - - kiAI Wu( I) )L,(START.
* *j(1: 'I AR' I'S FANI f 1

32*6(0- TF0.EQ,030 TO 60
i2,,O WIJF-TH*,*'EE.MFNTS OF PHASE COD'E ARF 6AIJSSi5AN SHAt o

8 ME~ANPW/(2*NEi-Eh)
.290= STIEV=MFfAN/3.0
3300- VAR=STDEV*STDEV
3310= GA(ISS=1.O/SQRT'(2.0*VAti*3.1.416)
33:10= GFACTZ0,7i92ti,i*tP/N~EI.Ui)*(PW!/NE.EM)



3330= WRITF(*,305)EAN,STT.IEV,VAft,GFACT
3340= TAt LY=O
3350= LAO 55 IA=1,NPRT
3360= COUlNT= TALLY*1

~> y3370= DlO 45 I=1,NFLEM
3380z [D0 40 J=COUNT,COUNT+ITfl4E-1

3390- TIM=(PW/ITI1E)*(J-COUNT+)/NELEMi
* 3400= PIJER=rIttE-MEAN

3410= WT=3ALISS*EXP(:POWFR*POWFR/(.0*VA())
341.0=- AiiT=CAPLX(0,0RAIDI(*3.1416)

S430= Zt.,jJ=W*CEXP(AIT27)

3450:= COLINT=COIINT+ITLMIE
3460=45 (.110T.1 NE

3470= DO 50 J=GjNrT, COUN If PER'li 1.6e) -SUM-.1
i480= (J)=(0.010.0)
3490=50 CONTINUE
.3500= TAI. LY=TALLY+PFRIOlI( IAi
3 510-=55 CONTINUE

60 TO 100
3530=60 Wd81W(*,*)'ELEMFNIS OIF PHASE cODE ARF RfICANGULAR

* 3'W40 IvSHAPEV
3~550= GFACT=l .0
31060: rALLY:()

3570= lS1AFC1=1
Vi 80 r FN['-NFl FMi

%3590= DO~: 80 IA=INPR'T
1 3600= CUJNIf:=TALI Y+l
3610= ('0 70 I=KSTANTKENi

16 2 ) 0 65 P-jcouNT,cnuwl+ITTMF'-l
363oz Ari2=PX(0,RTOd1')*3.1416)

3640 - Z(J)-;R(.J)*:EFX(A1T.))
.. ~A0=.5 iA'_NTIJUE

.1A 60= COUNiT=COLINT+ IT IMF'
.i 67(=70 (;O)NrIN1JF.
3680= DO0 75 J=COUNT,C0UNT+PERI0D(IA )-SUM- 1
3690= Z(.J)=(0.0,0.O)
370OO=Y5 CONTINUE
3/10= KSTART=KEN't1
3720= hENL'-4KENL+NELEl
3730z: IF(END.GT.50)THEN
37?40= ISIART=l
3.'50= VFND=NELFJ1
3 760= END IF
37.70- TALI. Y=TAI..LYtPE.RI OW' IA)
i 4 780=80' 1O NUE

2:379?0= DOt 8Fp 11,SAF'LE
P..3H00= FRF(1):.0.0

310=-89 CONr.1NIJF
4;?oz ~ m U# OTAL /I'W

3830= tj -. 51ImI iR4(): 10 Ou 81 UR~N
8,1:0=300 FORMAT. I X, 'FOR 17- 13, 5X. 'FHASE- , [,1I

0*b 0 3 !l FO.lt m- ' .v T 2 0



3870)= @3 A. Vhv.,Ft2.10,3X, '1FAIL' ,F12. 10.-

5890

3910W*;** ,*.,# I 4L****~*4*$**$*4~~

3920=**** SUB4ROUTINE FM1
.3930=**** WRITTEN BY KENNETH W. A~bEhf/(REFIkIFF.D
3940=*4 18 OCT 83

3960:555*4 .4

*90=S11E41dUTINE FM(FREQ,PER[OI',NPRIPW,N,C,M1,'ItlAL.PkT)
.i980-
3990;r iHIE6iEk PER IUD( 104 SLM r!N,F1AIt.

4010- REAL. FREO( L024),TXFRE0-,PRT(50O

4040= ('0 1 JJ=.1,102l
4050= FkI-CQJJ)=0#0
4060=1 ICONTINiI
4070= [iF=7.8125

4'4080= DO 10 Iz-I,50

410oz X1IC(I+I

4110:; X% ;C(I +2)
4i0= A4=((I+3)
4130= X5=C(T+4)
4146= Xb6CII+bj)
41r,0O- IF %X.?.EO. 1)X2=.'

41n0= F(X3.fO.l)X3-.4
4170w- IF(Yx4.E.L)X4=f3
4180= I(~'e.)51
4190r IFiX6.EO.l)X6=32

4-10(o= F(X)+X2V(3+X4+X5+X6).EQ.0)THFN
4? 1iv- aTr(*,w)AL.L ZERO COLIEWORI' FOUND IN SUE'I"10'J(INE.
-1,20-= V i,FCODE(*) SET FOVAL TO 64'

4 23 0= FCOI'E( I)=64
4240- teNE IF
4250= FCODiE( T)=XlIX24X3+X4tXS+Xc,
426(0'=10 CONriNuu

4 ,10 WRITF(*,E)'FC[IE (1) VALUES'
42 8 0 = '0 7 Kk-z-I,.i8

4'.90= WRITE(*,*) FCO['E(KK)
43~~0=7 CONT INUEr
43 0 - REAI' uO,*.hA18EI
432(o.z lIt MF-N/JSUBFl
43 W)= N-- lIrIS1'UEEL
4340= Do 5 J1,PNPRF
4450 PERIfrI(J)=N*PRT(J)/PW

4370=5 CONTINUET
4380= fl=N*7TIA/PW
41YO LAND=50O
4400= WITE(*, *)'BANbhJDT4 !iII' ='.IANf,'H4i

.17



4410= RFAV(10,S)K
4420= rF(K.Eo.1) G0 TO 25
4430-= IF(K.Eg.2,) 6O TO 45

: >4440- IF(tK.EQ.3) 630 TO 60
4450= IF(K'.EO.4) SlO TO 75
4460= IF(i(.VO.5) t60 TO 90
4470= WRITE(g,*)'LFl IMPI EMENTEDl'
4480= SUM=0
4490= DaO 20 I=1,NPR'T
45000- COtINT=SUH+i
45101- REflAIN=COUNTtN-l
4520= 180 15 I~aCOUNT,RFMAIN
4530= TIf1E=(PIdN)*(,J-SUm-1.

N:4540: FkE0(I)BAND*IME*TflE*3.J4i6/PW
4550zi5 C.ONTINUJE
4560:c Stif=lmI+IFF~IOjl(I)
4 F 47 0 r..-, CONTINUE
4580= 60 TO 200
4b9O=25 wHirE(*,*) 'VFM IMPi.EIENrFli
4600= SUM=0
4610= DO 40 I=1,NPRT
4620= COtIT=S~mL~
4630= RFMAIN=COUNT+N-1
4640= 110 36 J=COUNT,REMAIN/,,
4650-z T LMF6 :PW/N*.(N-.J*?-SUlI)
46t60= FF~a-0( I)- -0.5*&IAN['*TIr1E*TItE*3.l416/PW
4670=30 CONTINUE
46830= bIli 31' J:-RFMAIN/?+J K-FMtAIN

N4690= r[IME=PW/N*(J*2-N-SIJM-I)
4700= FRFO(J)*':.5*J'AND*Timf*r1E*3.I416/PW0 47t(i.35 LONT [NUF
4*/20= S;Un=SUl+PFCjOj( I)
4 30.:40 ih:J(4rMIljE

4--.io - ~ GO I 200
'1 *-);l~ 11- 'INTRPULSE FH IMPLEILN'Ti-AC

,1760. 3iIm=l
4770= [00 Th' T L,t4PRT
4 rTh ohN r::"dUM+
4.19(p 81 MA IH MI N+N- I
4H0k'= fiti 50 J-+t.Ol.iNl ,Rkp MnI
4810= IMEiI-'bd/IN*JI

41140-z '-itl.--SUihfPFIP I0 ( 1)
,48501)t,, taiN II NIA[
48M.z fi0 TO 200
414/0=60 14P((E(*,*)'TNFhMPIJI Sk' H4 lMLEr1 NI-I
4880r.S:-
4890= DO 70 .I=1,NPRT
'1900= COLlNTrSUM+1
4910= REIIAIN=COUNT+N-1

S4920= KSE'i-a
4930 ; ['41=0
4Y40=: 110 6: J=LOUN1 ,REhAIN



IV50= lIME=(PWd/I)*(J-1)
4960= IF(JSET.E0.ITIN4E)THEN
4970z KSET=KSET+l
4YB0= ISET=0

I, *~4990= END IF
5000= ISET=ISEr+i
boloa FREO(J)=FCODE(KSET)FTI1E/(2*3.l416)
50O20=65 CONTINUE
5030= SU~gSUMtPERIO'( )
ti04O=70 C0O41INUE
5050= G0 TO 20o
5060=75 WkITE(*,$)'INTERlU.SE FH WITH INTRAPULSiF CHIRPY
5070= SIJD4~)
.Joao= DO 85 1z-1,NPkY

5100= REMAINCUNT+N-1
511.0:- la0 80 J=COUNT,REMAlN
5120z TIMEz(PW/N)*.J-SIIM-t)
51.30= FRE0(J)=(FC3DE(i)/6)E4AMI*T~IESTI~iE.*3.14i6/ PW
5140=80 CONTINUE
5150: SU*I=SUM+PERIOD( I)
5160=85 CONTINUE
5170= GO TO 200
'0180=90 WhITE( *,*) /INTRAtlt.SE Fil W/SUBPUL.SE CHlRP'
5190= SUh=0
5200= DiO 100 I=1,Nfhkr

52tO= COUNTSJIIl
5A?220= I*.nAIN=COUNI fN-1

5230" KSE rzI

05250L- 1E
'j260= DOU 95 J=COUNI,kEhiAJN
!)270= ME z PW/N) * (J-SUrYI C- '

5? 9 0 FtISET.EO.IT1ttE)THEN
'.300= K~SET=KSET+1
5310= ISF.T=0
5320= 1ND IF
5330= !SEThISET*1

JM ~5340:= FRE (J) =(FCODE (NS f) /64) *BAND* IMF$71 ME *.ii41.6 J1
5350=95 CONTINUE I

370=I0O CONTINUE

'0380=200~ RETURN

*5420=ES** SUBROUTINE RECPL.
54300** W~RITTrEN BY KENNETH W. ALBERT/(REF:REErU
5440=**** 18 OCT 83

5470= SUBROUTINE RECPL(PERIODPh,FACT,NPRrN)
540



5490z COMPLEX Z(1024)
Stloo=INTEGER SUIM,CO(INT,REMAIN,PFRTfh( 1024',F

5510= [DOUBLE PRECISION ['SEED

t50 CU=SU
5540il= G.EtAT=#0 TN-

55HO=5 WORINUF: INNFUCUTN6TRE

5590= DO 15' t (,N NL R
5,60O= couNM=sun+'lU(I

t'1610= Ef1AiNCOUNT414-1
56"90= ('0 5~ JCUUN,RF.hAtN

56840=5 or ONt-

0i85= SiM~hUM4+PEkIOi( I)
'5690=15 CONTINUE
S100= 30Q T (3U40

5,78= R SAJNROUTNE SETU

5800= ZIIKUKWN

".50= I#CTMSAhT3,FIL T(0 ,AT
560=3 CONTIF(~~SIPENCJ

Js- Emit ..



6030=
6040= DO 5 1I+J,SAtIPtf
,4050= YVALS()CM1PLX(0.0v0.0)

~'~b6080=5 CONTINUEW
6070= DO 10 1=M.I.,SAMPLE
6080= XVAL-S(I)=CMPtX(0.0,0,.0)'V6090=10 CONTINUE
6100= DO 15 I1I,M
6110= AMT12-CMPLX(0.OFREO(I))

ki.6120= TIMF=TOThL/n*(I-1)
6130:: CTIIE=CPLX(rIMEP0.0)

6j4O= AiT3AAIUE4CTIMEiAM12
6150= YVALS(Ih)"MCEPAMTB.
6160=15 CONTINUE

-~6170= rlo 20 (=I'm

.)190:: Ah'r2=CMiPLX(O.O0,-FREA4(1+(t-1)))
6200= XVAL S(])=AMTI*CEXF(AlT2)
6210=20 CONTINUE
6220= IF(D.EO.0) 60 TO 200
6130= READ(10,*)AI..PHA

446240= LI0 40 J-1,SAMPLE
6250= TIMIE=(PW/~N)*(J-1)
6260= AMT4=CMPLX(-ALPHA*TTM'*TIMET,1 )
6270= F1LTER(J)=CEXP(AIT4)
6280=40 CONTINUE
6290= CALL FFTCC(YVhLSSAMPFLE,1WK,WK)
f)300= DO 50 IL4,SAflFLE
6310:. YVi1S(I)=Y'VALS(1)*Fi1.TER(I)
t)320=50 CONTINUJE06330= DO 51 1lI,SAMPLE
6340=. YVd. S(I) =C0N.JG( YVt..S (1))
6350=')l C00I NUE

6360= CALL FFTCC(YVALS,S~MPi F,IWK,WK)
's.3/0= DO 5,2 I=1,SAMPLE

6380= YVALS( I)=CON.JG(YVAI.S(I) )/SAtPL-E
6390=52 CONTINUE
6400=200) RETURN
6410= Emil

6440**** SUBROUTINE OUT
6450**** WRITTEN BsY KENNETH W. ALBERr/(REF:REELi)

e,460-;p* IR OCT 83

h490- SIj~iRfiI.JTTNE 0J1iTMAG, NUM,PW, TOTAL, MPD)*e510= kfwii glAG(104*4)

.~,-,50: IN (ii.Eu.R HE
65301=

IS '-40z' fijIE*( 930 )P 121I



65 70= EL.SE
658~0= IF(D.EO.i)THEN
6590= W8TTE(SP310)
6600= ELSE
6610-- WRTTE(S,315)
6620= END' IF
6630= END IF
6640= DO 5 I=1,11*2
6650= TIIF=TOTAL/fl*(I-l)
6670= WHITF(12,320)TIME,AUi)
6680=5 CONTINUE
6690= RETURN
6700=300 FOR1AT(X'PW',Fl2.10,bXv'* OF SnilFLES MAD'E OF
6710= @ WAVFFORr=',I5)
6720=305 FORMAT( IX, 'TIME DEl-AY' ,5X, 'Mjft. IUDfL bf iEI .J[

6'730= L FUNCTION')
4/ ~ ~ 640=310 FORMIArMi, TItE (iFLA)- 'X, 'hAGNEII~fJE OF ,mArcii~i

'750= '~F1t TFR OUlPIJ')
6760=315 FOI'IATM IX'TIMIE DEl AY' JX, 'iA6HtFliJDE OF TAciGL r

670 0FI EROTPT

670300jMTll.,XFo4

122
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