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~~ This report describes a techniquc and equipment for detecting pulsed signals
in a high noise environment. The performance of this technique approaches
matched f i l ter techn iques for signals where the pulse parameters are no t known
a—priori.

A cossnon problem in the area of signal processing is that of the detection of
pulse signals having very low signal—to—noise ratios (SNR). The problem
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is worsened when major signal parameters (pulse width and time of arrival) are
not known. The purpose of this program was to develop an exploratory develop-
ment model of a system to detect the presence of low SNR signals , on a sing le
pulse—by—pulse baits.

The t.chntque chosen for this program was the use of the Walsh Transform as
the baste for a two transform digital f i l ter .  This technique had previously
been demonstrated both in software and in breadboard hardware form by AEL as
a result of tn—house IR&D programs. This program was to further develop the
technique and to fabricate a unit suitable lor test and evaluat ion purposes
against a variety of potential applications. The system name , Walsh Adaptive
Fil ter (liAr), was derived from the use of a Walsh transform to adaptively
f ilter signals of varying pulse widths and repetition rates.

An ~zploratory development model was fabricated , tested and delivered to RADC.~~
The testing conducted prior to delivery indicated improvements over conven—
tional threshold ditection of 1.5 to 9.5 db in pulse detection sensitivity,
dependent upon pulse width, probability of detection and false alarm rate.

The system opera tes upon a post detec ti on video signal and generates a
f i ltered version of the inpu t signal In real time using a pipeline processor .
The WAF System operates as a filter to be Installed typically between a
receiver and signal processing equipment . The filtering algorithm using
Walsh Transforms is described in detail in Appendix A of this report.
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• EVALUATION

This program , entitled Walsh Adapt ive Filter , was imp lonient ed to

provide the Air Force with an improved capability to detect pulse type

signals in a hig h noise environment.

The p rinc ipal mode of operation is a post detected video outpu t of

any typical microwave ELINT or ESM receiver.

The exploratory development model will be used to determine the

applicability of the Walsh technology in various Air Force applications.

It will be first evaluated in house at RADC to determine its applicability

to TPO RIA data and probl~ ns. Following this it will be made available

to other DoD organizat ions requesting it for testing the technology

in their part icular areas.

A follow on program to tailor the technology for a particular Air

Force application is conton~pla ted under IPO R].A.
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SUMMARY

A common problem in the area of signal processing is that of the detection of
pulse signals having very low signal-to-noise ratios (SNR). This problem is
worsened when major signal parameters (pulse width and time of arrival) are not
known. The purpose of this program was to develop an exploratory development
model of a system to detect the presence of low SNR signals, on a single pulse-by-
pulse basis.

The technique chosen for this program was the use of the Walsh Transform
as the basis for a two transform digital filter. This technique had been demonstrated
both in software and in breadboard hardware form by AEL as a result of in-house
IR&D programs. This program was to further develop the technique and to fabricate

-j a unit suitable for test and evaluation purposes against a variety of potential
applications. The system namo, Walsh Adaptive Filter (WAF), was derived from
the use of a Walsh tranform to adaptively filter signals of varying pulse widths and
repetition rates.

An exploratory development model was fabricat ed, tested and delivered to
• RADC. The testing conducted prior to delivery indicated improvement over con—

ventional threshold detection of 1.5 to 9. 5 db in pulse detection sensitivity de—
pendent upon pulse width, probability of detection and false alarm rate. The overall
performance of the system can only be determined by the tests to be performed by
RADC althnugh the preliminary tests were successful.

The system operates upon a post detection video signal and generates a filtered
version of the input signal in real time using a pipeline processor. The WAF
System operates as a filter to be installed typically between a receiver and signal
processing equipment. The filtering algorithm using Walsh Transforms is described
In detail in Appendix A of thi s report.

The unit developed under this contract has proven the technique. The next
development step would be to produce advanced development models incorporating
new features and Ideas that were conceived during the test and evaluation phase.

- -1,~~±- -~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ -~~~- • - ~~~~~~
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Section 1

INTRODUCTION

This final technical report documents the design and development of an explor a—
tory development model of the Walsh Adaptive Filter under contract F30602-76-C-
0299 for the U. S. Air Force Rome Air Development Center (RADC).

The contract called for the development of an ad aptive filter , based on the Walsh-
Hadamard transform , which would enhance the signal-tn-noise ratios of pulse type
signals. The filter is required to operate with no a-priori knowledge of pulse width ,
amplitude , or time of arrival. System outputs are available as both a reconstructed
video signal and a delayed and gated video Input. The unit was design ed for use in
feasibility studies in both laboratory and controlled field envi ronments .

~~e exploratory development model was delivered to RADC in December 1977.
This model met or exceeded all contract specifications.

The Walsh Adaptive Filter ~WAF) uses a filtering algorithm which was developed
by Ameri can Electronic Laboratories , Inc. (AEL) during two company sponsored
IR&D programs , each of one year duration. The first IR&D program was the theo-
retical and empirical development of the algorithms using computer simulations.
The second IR&D program sponsored the design and fabrication of a breadboard fi l-
ter unit which was used to prove feasibility and for demonstration purposes. The
design of the Walsh Adaptive Filter was derived from this breadboard unit .

Section 11 of this final report discusses the theory of operation of the WAF
system. A detailed description of the unit is given in Section 111 while Section IV
discusses operating procedures and appl ications . The test result s are documented
In Section V and AEL ’ s conc lusions and recommendations are given in Section VI.
Appendix A is an extensive discussion of the filtering algorithm.

Section II

THEORY OF OPERATION

The purpose of the Walsh Adaptive Filter is to enhance the detection of low SN U
pulse signals of unknown width and time of arrival. The conventional technique for
this has been a voltage threshold detector which requires a high Input SNR to prevent
false alarms. The WAF operation is based on the principal that low SNR signal
recognition and filtering can best be performed after transformation of the input
signal into other than the t ime domain. The WAF uses Walsh-Hadamard orthogon~d
transform and the transform dom~ 1n is called sequencv. The term sequencv is
defined as one—half the number of zero crossings of the orthogonal function , over
the period of analysis. The following sections present a general discussion of the

• 4
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filtering theory which was developed under an AEL lR&I )  program. A K I .  has been
assigned a patent (4 ,038, 539, awarded to J. VanClenve ~ on the detection and filtering
means and method. A detailed description of the algorithm of implementat ion is
given in Appendix A.

ORTHOGONA l~ TRANS FOR MS

The Fourier ‘l’ransform’~tion is i~erhaps the most well kn own ot all orthogonal
I rans format ions  due to the fact that elect n eal engineering is based on a fundamental
understanding of the relationships bet we~en time and frequent’~ It main • However,
there exists a great many orthogonal functions such as the t r ansfo r ms of Laplace,
Walsh, hlsar, Karhunen—Loeve, plus tht’ i—Transform as well as the polynominals
of Legendre, Hermite. Laguere, the functions of Bessel and Lebesque, and the
Sturm— Liouvi 1k series. All imty be represented as a Sequenet~ of functions:

(0. • • I  . • . . X (t )

which are orthogonal in the interval (—  1/2 , T—2 ~

such that:

• 1 if rn n

JX (t)X (t )dt

—T/2 O i f m / n

Now that we have defl~ ed a set of orthogonal functions, we may expand any reason—
ably behaved function (such as a signafl into a series :

N
f(t) ~ i; a X ( f l

n~ 1

that converges to the function 1(t), in other words, we can break the signal ff1) down
into a series of orthogonal functions. FIgure 1 shows the first  16 orthogonal
functions of the Fourier , Hadam.ard (Walsh), Karhun en—the ve, nnd I-laar trans-
forms. Again , the Fourier is most common , and the transform simply represents
a t ime domain function as a series of phased sine waves, which is also (‘ailed ha m—
monk’ analysis . If the signal were a pure sine wave , t hen only one of the ’ Fourier
functions would correlate , and a sing le frequency spectrum line would result .

Ttte Hadamard (Walsh) functions are s imilar  to square waves and It’ the input
signal were a properly phased square wave , a single Sequency spectrum line could
result from the Walsh 1’ransform. The Walsh transform analyzes signals 1w
examination of the ’ rate —of— zero — crossings of an axis , whi ch is not always exactly
equal to the ’ signal frequenc , hence is term ’d sequener . These transforms

t 5 
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represent a waveform as a combination of phased squarewave—line functions , rather
than sine waves as per the Fourier Transform. It is far  easier to generate and
process squarewave binary functions in a digit a l  processor (either software controlled
or hardwi red ) than it is to process sine .;aves .

The WALSH—HAI)AM :~flE) transformation is a true orthonormal transformation ,
which in addit ion to having other well behaved properties , is orthogonal , unique and
complete. These properties assure’ us that I) for any set of input dat a , there exists
one and only one set of tran sformed out put data and 2) an inverse t ransform i’x~sts
to guarantee that all input data can be totally reconstructed , if desi red, t w fi rst
performing the forward t ransform (t i me—to— Sequ en c~ doma in) followed by the i nv erse
t ransform (sequenc y— to— time d o m u i n ) .  Furthermore , the forward and inverse
tr ansform algorithms are identical , provided that the dat a is properly ordered .

F AST WA1~SH TRANSFORM ALGOH ITH ?tl

The Forward Fast Walsh Transform (FFW1’) and Inverse Fast Walsh Transform
(I FW I’) Processors are functionally Identical digital circuits which calculate the
tr ansformation between the t ime domai n and the sequency domain . The algori thm
used by bot h circuits  is the same, with the only difference between the two being the
digit al word lengths and a scale factor. The circuits use the Cooley—Tukey algorithm
which is shown in flow diagram form in Figure 2 for an S point transform. This
tran sform (‘an be calculat ed using three levels of arithmetic operations as shown.
Level 1 operates on pairs of data separated by N/2 samples where N is the number
of p oints in the t ransform. Level 2 uses pairs separat ed by N/4 and in Level 3 the
spacing Is N/S or adjacent samples. This sequence is valid for any value of N
which of course must be a binary number. Each level adds and subtracts the samples
with the weighting functions ~W~) all being equal to one. The Walsh Adaptive Filter
has an N equal to 256 and requi res 8 levels to calculate the t ransform. Figure 3 is
a block diagram of the circuit and indicates the pipeline manner in which the forward
and inverse transforms are performed . Each level contains two delay circuits
which serve to align the data into the proper t ime sequence. The delay interval
decreases by one-half for each adv ancement of level order. The switches shown
between the levels are only representations of the switching function performed and
are actually i mplemented using logic circuits. A block diagram of a typical level
is shown in Figure 4. This figure Is the same for all levels of the FFWT and IFWr
with the circuitry differences being those necessary to accommodate the different
worl lengths. The memories are either shift registers or random access m~’mories
(RAM~ depending upon the delay required

. The adder and subtractor are Arithmetic
Logic Units (ALU) MSI circuits.

The FFW F and TFWT use fixed point implementation and the levels are designed
to prevent overflow of the words. The circuit  delay between the fi rst input sarn~le
and the first  output word Is equal to one block aperature t ime or 256 sample periods.
The circuit  delay is fixed at this  number of samples , hence the actual t ime delay
is inve rsely proportional to the system sampling rate.

7
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FI gure 4 . TypIcal Fast Walsh Transform Level Block I)ingram

FILTERING ALGORITHM

Two processing algorithms are used in the \VAF system: the sequeney analysis
algorithm and the St’~Uefl(’y sorting algot ’lthm. Both imp lemented algorithms operate
on the sequeney output of the Forward Fast \V:ilsh Transform c i r cu I t r y  as shown in
Figure 5.

‘11w sequency analysis processor completes Its function only after the full
spectrum block (of 256 elenwuts) is available. However , the sequency analysis
processor controls the sorting parameters needed by the sequency sorting pro cessor.
The sequency sorting processor operates on the delayed se’ri al out put of the’ FEW F.
The delay is necessary to allow the scquenc analysis processor to provide t h e con-
t rol output prior to the arrival of the ii t’st seri al sequency word of the block :it the
sequency sorting processor.

The sequency analysis processor provide’s two m.ijo r functions: 1) the tietermln—
ation as to whether or not any n on— n oise L ike signal Is present in the block , and 2) If
a signal is pres ent , wha t the estimated width and SNH parnnwters are. I’he tech-
nique used involves multi pie sequeney sped ru ni a mpl it tide com:rn ri sons , bnsed on
the followi ng theorem:

Given a group of N regularly spaced t i me domain samples consisting of a
rectangular or nearly rectangular single polarity pulse signal of M samples
width and unknown pos i t i on plus additiv e noIse such as Gaussian, Rayleigh
or Ricean noise, then:

9
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A. If this group of N (where N is most conveniently a binary multiple; I.e.,
where x is any integer) samples are transformed into the Walsh

sequency domai n , then the pulse position can be approximately re-
presented by the lowest N/M sequency terms. If these N/M terms are
retained and all others discarded , then an inverse Walsh transformation
will result in a time domain signal of significantly enhanced signal to
noise ratio.

B. Furthermore, if both pulse width and position are unknown, yet, the
desired signal is corrupted by Gaussian, etc., noise of approximately
uniform sequency distribution, then both width and position may be en— -

hanced by passing all sequency terms above a given threshold, starting
- - with the lowest sequency term and proceed ing until the terms consistently

are at or below the (noise) threshold.

Paragraph A is the general theorem and Paragraph B is an application of Para-
graph A. Both paragraphs are utilized in the Walsh Adaptive Filter.

Figures 6 and 7 illustrate the above principal for high and low SNR pulses. The
sequency elements associated with a pulse have a definite tendency toward low
sequencies (left hand side of sequency domain plots). Also, wideband noise has a
definite tendency to be distributed evenly over all sequencies . Both of these tend -
encies are Independent of pulse position. Thus the adaptive sequency sorting
algorithm consists of the following parts:

a) An adaptive low pass corner cutoff whereby all sequencies above some
sequency value are rejected.

b) An adaptive amplitude threshold whereby large amplitud e sequency
elements are passed and small elements are rejected.

c) Various additional subalgorlthms that handle special cases , such as
Inputs with multiple overlapping pulses, etc.

Those sequency elements retained are applied to the Inverse FWT without
amplitude distortion or other modification. Only those sequency elements associated
with a signal or signal like Input are passed, all others being rejected.

Since the Input signal Is decomposed into Walsh eigenfunctlons , filtered , and
recomposed , the filtered output signal can appear as a “squared up” or quantized
puise as shown In Figure 7. Thus the WAF tends to form a rectangular or staircase
approximation pulse at the output, regardless of Input pulse shape.

t 11 
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Section III

SYSTEM I)FS(’HI Pi’ION

The Walsh Ad apthe Filter System consists of a Filter channel , a Delay U nit ,
and [/0 panel, and a Power Supply all of which are mounted in a movable rack as
shown Figure M. The Filter Channel contains the pulse detection and fi l tering
CI rcuU ry while the Delay tTnit generates the delayed and gated IF and Video outputs.
:~n input/Output (I/O) panel provides front panel access to the I/O connections
prcs t ’itt on the rear of the Filter Channel and Delay Unit and th e entire system is
powered by the Power Supply. Each of these units Is described in detail In the
foUnwing sections using the block diagram of Figure 9.

V ih t ’  L (‘hanhel

‘Ihe Filter Channel is the core of the W A F System for it is the pulse detector and
t i I t ~~~. ‘rhe video input to this unit is matched in voltage range and impedance’ using
t h e  f ront panel controls. The i mpedance matching Is accomplished using 75 to
~O Qand 93 to 50 

~~~ 
pads which are selected using relays controlled by the front panel

switches. The voltage range is adjusted using a 63 db range variable attenuator
which is adjustable in I db steps. This attenuator also compensates for the loss
through the i mpedance matching pad for the 75 and 93 (~ inputs. The vernier gain
cont rol changes the attenuator value in 1 db steps from the nominal position for each
voltage range. The purpost - of thi s circuitry is to adjust all input volt ages to between
0 and 2~’ at 50 12. The input bandwidth of the channel must be adjusted to less than
one—h alf of the digitizing rate to prevent aliasing. The Input signal anti—aliasing
f i l ter ing is performed by a fixed 9.3 M!-Iz low pass filter in series with a varIable
low pass filter for the four lowest digitizing rates. The variable low pass filter is
an analog circuit which is controlled by the pulse ’ width range. The input to the
Analog to Digital Converter can be monitored at the Test A/D point and should be
adjusted for signal amplitudes of +2. 0 volts .

‘I’h e A/D converter is a five bit unit capable of a 50 MHz sample rate. The un i t
is clocked from the system clock circuit and provides the f ive bit word in two ’s
complement form with ~l. 0 volts as the center of the A/I) range. The circuit uses
a stand ard parallel conversion technique to achieve the required operating speed.

‘l’h e Forward Fast Walsh Transform (FFW’I’) is pe r formed using two ’s comple-
ment ar i thmetic  in a fixed point i mplementation . Each level of the FFW I’ increases
th e’ word slit ’ by one bit so that the output of the eighth level provides th i r te en bit
data words. Each of the eight levels is very si t&lnr and contains an input and output
memory plus an adder and subt ractor . The mem--lrIes are Emitter—Coupled—logic
t F C L~ r andom access memories (BAth , which are’ used as shift registers. 11W
lengt h of the shi f t  register is 128 words in level one and decreases by one—h all for
(‘fl(’h hi ght ’ r lt’~’t’1. The adders and suht t a c t ~*i’s a re’ EC L 4 hit ar ith flV~t Ic logic units

1-1
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(ALU) cascaded to accept the longer word lengths. The thirteen bit word is reduced
to a ten bit word by truncation of the lower three bits since the shorter word contains
adequate signal information for the filtering process.

The Walsh Sequency Processor or Sequencv Spectrum Processor performs both
the analysis and filtering as described in Section 2. Three ratios of sequency aver—
ages are computed for each transform. The sums of the first 4 , 16, 64 and 256
Walsh coefficients are calculated in real time using four separate accumulators and
two adders. l’be four averages (AV E 4 , 16 , 64 and 256) are computed simply by
shifting the binary point to the left 2 , 4 , 6 and 8 places respectively . The ratios
(AV E 256 

• 256/16, and 256/64) are then calculated by division in the

Central Processing Unit (CPU) section of the circuit, The analysis is completed by
comparisons of the ratios against the set of processing constants. The arithmetic
and comparison operations are performed in the CPU portion of the spectrum pro-
cessor. This circuit is configured similar to a computer and has multiple registers,
an arithmetic unit , a dat a bus and an instruction bus. The CPU operates at the
system digit izing rate which Is a maximum of 20 MHz. Comparisons are performed
by subtraction and looking for a sign change. The result of this analysis is to provide
a decision to select a set of fi ltering constants to be used on the sequency domai n
which has meanwhile been reordered into ascending sequency and stored . The
sequency is filtered one line at a time starting with the Walsh 1 term (two zero
crossings). The lines are compared both individually and in groups against thres-
holds and any line below threshold is set to zero. The comparison and filtering of
each line takes one clock period such that the filtered output occurs at the same
word rate as the digitize output. The output of the filter is the Input to the Inverse
FWT. A maximum of 128 Walsh lines are required for the IFWT and thus the filter
operates at a 50% duty cycle.

The Inverse FWT is identical to the FFWT except that it has only seven levels,
instead of eight , and the word sizes are larger. The input word is nine bits and the
output has been truncated to twelve bits by dropping the four most significant bits
at the output of the last level.

The post processor reorders the IFWT output into time sequence and stores the
data. The peak value of each transform is detected during this time and is used to
calculate the t ime domain threshold. This threshold , which is used to filter the
t i m e  domain , is determined by the peak value , average value and a constant pre-
viously selected at the an alysis of this tranform. The threshold is calculated using
the equation:

Threshold = (Peak — Ay e) x K + Ave

where K<l .0

p 17
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The output time domain is generated by fi l ter ing the stored t ime values , one sample
at a time , using the threshold value. This fI l t er ing is done at one half of the system
clock rate such that  the output t ime  scale Is equal to that of the input . A manual
threshold can be used in place of the calculated value’ through the front panel cont rols.

The video output Is provided both as a logi c level gate and as an analog video
signal. The analog video signal is generated by passing the post processor output
through a D/A converter with a 50 ~ ou tput (l r lver .  The analog video output Is a
linear reproduction of the relative input amplitude.

The gate output is a logic level gate which corresponds to the time threshold
decision. This output can be stretched in pulse width at the t raIling edge using the
front panel control. A narrow sync pulse is also generated using the logi c level
gate as a trigger. The gate output is used by the Delay Unit to gate the dclaved IF
and video signals.

A second fl/A converter and 50 12 output driver is used to generate a Walsh
Spectrum lisplay. This output shows the filtered spectrum is it enters the IFWT.
An internal switch allows the sequency f i l ter  to be bypassed whereby the output
then displays the complete Walsh spectrum.

The complete system docking is developed from a sing le clock circuit. This
ci rcuit uses a crystal controlled 20 Mlii oscillator a s the basic reference ..ource
from which all clocks are derived . ‘Fhe clock signals are distribut ed to all the
boards using differential twisted pair lines. An external e’lock source can be’ used
and is selected using an internal switch.

Delay Unit

The Delay Unit provides the delay and gating functio n s for both gated channel
video and IF inputs simultaneously . The gating signal is generated by the Filte r
Channel and the time skew between channels (fi l ter  and gated) n-inst he less th an
I. ~ p Se(. The Dela I’ni t present lv has one, fixed delay of 64 ~st’c whi t ’h per mit S
operation only with the 0. 1 to 20 ~isec pu lse width  range. External de lay s  can he’
used for the other ranges nnd Sect ion IV , Table 2 specIfies the req u i red delay value s .

IF Channel

The Delay tTnit IF Input was designed to accept a 160 MHi center frequency ,
50 g~ impedance input signal. l’he bandwidth of th is  channel is 1 ~ Mil z . Four
positive ~‘oltage ranges of 0— lv , 0—2v , 0—4v , and 0— tOy are provided which switch
in attenuators to prevent saturation 0 the ctreuitt’~’. The overall IF channel has
attenuation loss for each of the four volt age ranges is 6, 12, U S , and 2~ db respec-
tively. The input stage e’onsists of four at tenu ators and three relays , t’oiit rolled liv
the front panel voltage range switch. The IF delay is provided by a SA\V delay line
which operates at a center frequency of 27 MHz. This delay l in t ’ also lim its the [1”
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ba ndwidth to 15 MHz. The input signal is mixed down to 27 MHz using a 133 MHz
local oscillator , mixer , and a low pass filter. After the delay line the signal is
upconverted to 160 MHz using a second output of the previous 133 MHz oscillator,
a second mixer and a 160 MHz bandpass f i l ter  to a tt enuate the undesired mixer out—
puts. Using the ’ san-ic oscillator for both up and down conversion ensures that the
original frequency is recovered independent of any oscillator dr ift  or frequency
tolerance. The IF signal is gated using a HF solid state switch which is controlled
by the variable delay circu it .  ‘J’he loss through the two mixers , fil ters and delay
line is compensated using two 2~ db gain IF amplifiers.

Video Channel

The video channel input can be matched to positive voltag e ranges of 0—1 , 0—2 ,
0—4, and 0— 10 volt s with i mpedances of 50, 75 or 93 ~~~. All of these controls are
mounted on the front panel of the unit , ‘l’he i nput impedance is adjusted to 50 ~
using either a 75 to 50 ~~or a 93 to 50 ~ matching pad as required. These pads are
selected by relays operated by the front panel controls. The voltage ranges are set
using fi xed attenuators and relays as in the IF channel. The delay is provided by
:i commercial video delay module which also uses an [F SAW device. The conversion
of the video signal to IF and the demodulation is all accomplished on the module which
has unit y gain. The video gating is performed using an analog switch driven by the
variable delay circuit. The gain through the video channel is unity and the attenuator
and Z match losses are compensat ed for by a programmable gain amplifier circuit ,
This ci rcuit is cont rolled by the front panel switches and has gains of 7, 12, 18 and
26 db. The video output stage Is a wideband voltage follower designed to drive 50 ç~

~‘ariable Delay

The variable delay circuit takes the filter channel output gate- and delays that
signal a fixed 3.6 ~isec plus a variable 3.0 psec. The variable feature , which is
controlled from the front panel , allows the filter channel gate to be varied in
position with respect to the delayed IF and video signals. The operation of the gate
is controlled by the front panel filter gate enable switch. A rear mounted external
enable control input is also provided .

Power Supply

The system power supply was specifi ed by AEL and manufactured by Lambda
Electronic’s. The uni t contains the WAF on-off switch, which is integral with a
circuit breaker , an indicator light and a switchable ammeter and voltmeter for all
the supplies. l’he power supply generates voltage of ± 20v , ~-5v , -2~’, and -5. 2v
and Section IV of this report describes the controls and operation. The unit con—
sists of fi ve commercial supplies which were mounted Into a single rack. The t 5y ,
-2v, and -5. 2v supplies are of the switching regulator design while the + 20~’ supplies
are linear type units due to the requirements for low ripple on these voltages. The
power supply does not require forced air cooling, however, the unit  should never

_ _ _ _ _  J
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be mounted such that the natural convection cooling air flow is restrict ed in any way .
The power supply also has a switched AC output which is used to power the F i l te r
Channel cooling fans. All the supplies have individual over-volt~~e protection cir-
cults and the switching supplies also have thermal overload protection.

The input power requirements for the WAF system are:

Voltage: 105 to 130 \‘AC , si ngle phase

Frequency : 47 to 440 Hz

Power: 615 watts (estimated )

I/O Panel

The I/O panel provides connections to the rear mounted controls for the Filter
Channel and Delay Unit from the front of the sy stem. The panel contains only
cabling and no circuitry. The controls and signals that are present on this panel are:

1) Delay tTffl t External Enable

2) Filter Channel Externa l Enab le

3) Walsh Spectrum Output

4) Di gitIzed Video Output

5) ~vstem Clocks

This panel is not required for WAF system operation and is provided only as a
convenience to the operator. If the system were to be installed where space is at
a premium the panel could be el iminated .

Mechanical Construction

The WAF System is mounted in a nuxierat clv sized ni avable rack • l’he Filter
Channel and Delay l’nit are both mounted on slides for east’ of m~iintenancc.  Both
units can be extended fully on their slides without removing any cables or connections.

(‘A U l ION

~Vht’n both the Filter Channel and Dela
Units are fully extended on their slides,
the rack can be inadvertently tipped over
if additional wei ght is placed on the Filter
Channel Unit.

A 
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The i/o panel , blank panel and Power Suppl y are mounted to the rack using the front
pane l fasteners and a rear mounted bracket for the power supply .

The unit is designed for use’ In a engineering laboratory anti the coast ruction will
permit transportation using commercial carriers. The size and weight of the units
are listed In the following table.

Unit H W D Weight (Eat.)

Filter Channel ( Model 2001) 8.75” 19” 22. 5” 40 lbs.

Delay Unit (Model 2002) 7’’ 19’’ 22. 5’’ 15 lbs.

Power Supply 5. 25” 19” 22. 5” 70 lbs.

Total WAF Sy stem 47” 22” 2-1” 250 lbs.

Section IV

SYST KM OP EHA 11ON

This ~ ‘t ’tion provides a description of controls and indicators pins useful
operating procedures based on typical applications. Procedures in this section are
wri t t e .~ o guide an operator who is familiar with bot h the nature of the signals to be
(letected and the desi re’ output response from the WAF System.

(~~erat i ng Procedures

Each control and indicator on the front panel of the three units is listed and its
function described in Table 1. Reference to FIgures 10 and 11 will aid in locating
and understanding the operation of each Item.

The following sections describe how to operate the WAF System for a typical
set of input signals. Both the control setting and input/ou tpu t connections are
described where applicable.

NO1’E

Do not operate the WA F when the Rear
M-~unted FANS are not operating.

21
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Figure 11. Delay Unit

‘l’ABLE I

CONTROL AND INDICATOR FUNCTIONS

Control or Ind icator Function

Power Supply Unit
1) ON1OFF Switch A combination circuit breaker and on—off switch

which controls the power to the entire WAF system.

2) IndIcator Light The indicator is lit whoi~ the power supply is
turned on.

3) Ammeter and Voltmeter Selection of one of the five power supplies for
Selector Switch current and voltage measuremen t by the two front

panel meters.

4) Ammeter This meter Indicates the output current of the
selected supply.

5) Voltmeter ‘l’his meter indicates the output voltage of the
selected supply.

Delay Unit
1) Video Impedance Selection of the Input impedance of the video delay

_______________________________ circuit _to_be_either_5O~_75~_or_93_ohms ,

23
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CONTROL AN I) INDICATO R l”LTNCT [ONS

Control or Indicator Function

2) Video Voltage Range Selection of the operating voltage range of the ’
video delay circuit.

3) IF Voltage Range Selection of the operat i ng voltage range of the IF
delay circuit.

4) Gate Delay Simultaneous adjustment of the Video and IF’ gate’
position from -1.6 ~sec to 41.4 ~see with respect
to the nominal delay value.

5) FIlter (late Enable/Disable Selection of either glIti ng the ’ delayed IF’ and Video
signals with the Filter Channel (late (ENABLE) or
passing all input signals with a coast ant t i m e
delay (DISABLE).

Filter Channel

1) False Alarm Hate Selection of either the’ h igh or Low False’ Alarm
H ate.

2) Output ‘l’hi’eshold Toggle Select Ion of either the’ time ’ domain threshold
Switch calculated by the unit (AUTO) or the value con—

t rolled by the operator (M ~N I Al ~).

3) Output Threshold (‘ontrol of the manual time domain threshold from
Thumbwheel Switch a ml at mum value of 0 to a maxi mum value of 15.

4) Voltage Range Selection of the operating voltage ’ range’ ot’ the
video Input signal. l’he~ at tenuat i on c’ont i’ol n~ist
be in the CAL posit ion.

5) AttenuatIon ‘l’his cont rol i Iwre’flse’s the attenuation In th e ’ video
input v (vvui t  in 1 eTh steps to allow t in e  ad iu st—
mont of the input ~‘oltage’ level.

6) Impedance Selection of the input I mpedance’ to be eIther  50,
75 01’ 93 ohms .
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TABLE I (Cont.)

CONTROL AND INDICATOR FUNCTIONS

Control or Indicator Function

7) Pulse Width Selection of the optimum pulse width range to
match the video Input pulse widths.

8) Output Gate Width ‘This control Increases the width of the output
gate fran-i zero (0) to greater thai~ 10% (5).

Filter Channel

The filter channel video signal is connected to the Video in BNC and the controls
should be sot for the proper impedance, voltage range, and pulse width range. ‘l’he
best performance Is obtained when the lowest val id pulse width range is used.
Table 2 shows the Filter Channel characteristics that vary with pulse width range.
If the input voltage range does not closely match one of the preset values, the fine
attenuation control can be used. The voltage range switch would be set to the range
just below the maxImum signal amplitude and the attenuation control used to reduce
the maximum Input &gnal to +2. 0 volts as measured at the Test A/D BNC. The
voltage range and attenuation controls should be set such that the maximum input
voltage does not exceed +2.0 volts at the Test A/fl point.

The stand ard setting for the False Alarm Rate switch would be In the HIGH
position which gives a system false alarm rate of nominally 100 per second at the
0. 1 to 20 psec pulse width range. This setting gives the highest system sensitivity.
The LOW position will give a rate of approxImately 10 per second at the 0. 1 to
20 ~sec pulse width range and Is used when a lower probability of false alarm is
desired . The false alarm rates drop non-linearly as the wider pulse width ranges
are selected.

The normal setting for the output threshold Is in the AUTO position where the
filter channel continuously computes the correct time threshold. The operat6r can
control the threshold manually using the thumbwheel switch.

The video output signal is available both as a TTL logic level signal , OUTPUT
GATE , and as a reconstructed video signal , VI DEO OUTPU T, capable of driv ing a
50 ohm load. The pulse width of the TTL output can be increased in five steps using
the OUTPUT GATE WIDTH cont rol. The pulse width increase for each Position and
pulse width range Is  as f ollows :

25
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Pulse Width Increase

Po8ition 0. 1—20 0. 4-8~. 1—200 10—2000 100—20 , 000

0 0 0 0 0 0
1 100 nsec 0.4 psec I psec 10 pace 100 psec
2 200 nsec 0. 8 pSC(’ 2 pace 20 pse c 200 pave
3 400 nsee 1.6 psec 4 psec 40 p5cc 400 pace
4 800 nsec 3. 2 pace 8 psec 80 pse(’ 800 pace
5 1600 nsec 6.4psee I6 psec l60psec 1600psec

The increase In pulse width always occurs at th~ trailing edge ot’ the pulse. A ‘l’TL
logic level synchronization pulse is available at the SYNC OUTPUT BNC. This pulse
is synchronized with the leading edge of the video output signal and has a nominal
width of 0. 1 psec.

TABLE 2

FILTER CHANNEL CHARACTERISTICS VS. PULS E WIDTH RANGE

• Pulse Width Range Di gitizing Rat e Bandwidth Delay

0. 1 — 20 psec 20 MHz 10 MFT z 58. 9 psec

0.4 — 80 p8cc 5 MHz 2. 5 MHz 235. li pace

1 — 200 psec 2 MHz 1 MHz 589 pace

10 - 2000 psec 0. 2 MHz 0. 1 MHz 5. 89 mace

100 - 20 , 000 ~zsec 0.02 MHz 0. 01 MHz 58. 9 macc

Proper Choice of Pulse Width Rang~

The proper WAF performance will occur when the input video noise bandwidth is
at least one-half the sampling rate. The sampling rate vs. pulse width range was
listed in Table 2; however , a rule of thumb is that the Input video noise bandwidth ,
as viewed on a conventional spectrum analyzer , should be within 3 dB of perfectly
flat from DC to a frequency equal to the reciprocal of the shortest pulse width of the
range selected; 1.3., 10 MHz for the 0. 1-20 microsecond pulse width range.

Noise is shaped by any low pass fil ter in such a way that It begins to appear as
random pulses having a width less than but approxim~ttely equal to the reciprocal
of the bandwidth; as a result , the WAF cannot always dist inguish these improperl y
fi ltered noise pulses from real pulses ~nd therefore produces a s ignif icant l y
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increased false alarm rate. The WAF can be constructed to operate optimal ly from
any noise bandwidth ; however, the serial #1 unit has been specifically constructed
for a flat noise bandwidth.

The input noise bandwidth of the equipment driving the WAF Filter Unit should
be verifi ed using a conventional spectrum analyzer. The 3 dB point should be noted,
and a sample rate (per Table 2) that Is less than or equal to twice the 3 dB noise
bandwidth should be selected in order to attai n maximum performance. Choosing
of a sample rate less than twice the noise bandwidth cannot produce aliasing of the
analog—to—digital converter since the WAF has built-in-anti-aliasing low pass filters.

Internal Controls

There are two internally mounted switches In the Fi lter Channel Unit which are
the OSC INT/EXT control and the FIL/BYP control. The normal system operation
uses the internal (INT) crystal oscillator with the digitizing rates as listed In Table
2 for all of the pulse width ranges. An external clock can be used with the WAF
system. This signal Is connected to the EXTERNAL CLOCK BNC on the rear of the
Filter Channel and must have the following characteristics:

Frequency: up to 20 MHz
Waveform: Square Wave
Voltage: ECL 10,000 series levels

The pulse width range used will select one of the five discrete video bandwidths
shown in Table 2. The operator must recognize that the digitizing rat e, at the 0. 1-20
psec PW range, will be the external clock frequency and the rate will decrease with
PW range as shown.

The second Internal control Is the FIL/BYP switch which selects the operational
mode of the Walsh sequency fi lter between normal filter operation (FIL) and no
sequency filtering or bypass (BYP). This mode is optimally used when the input
video signal can be synchronized to the WAF Filter Channel using the SYNC OUTPUT
signal on the rear of the unit. The effect of fi ltering vs. bypass operation on various
input signals can be demonstrated using this technique.

Delay Unit

The Delay Unit can be operated with either the same video signal as the filter
channel or a second .~deo source which is synchronized with the filter channel input,.
A synchronized IF signal can also be used at the same time. The IF and video input
and output BN C connections are clearly marked on the Delay Unit front panel. The
input Impedance of the video circuit should be matched to the source and both the IF
and video voltage ranges set to the proper values. The IF input impedance is 50 ohms.
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The FILTER GATE switch Is set to ENAB LE in the normal mode of operation.
The delay unit  provides a delay of 64 pace for both input signals. The Delay Unit
will gate this delayed signal with the OITTPU 1’ GATE from the Filter Channel. The
gate delay allows the operator to adjust this delay abou t both sides of the nominal
value as marked . When the FILTER GATE Is disabled , the input signals are passed
with delay but without gating. The delay values will match the fi l ter  channel delay
for the 0. 1 to 20 pace Pulse Width range operating condition .

TYPICAL APPLICATION

The WAF System requires a post-detection video signal used as the fi l ter  channel
input in all modes of operation. This inpu t can typically be the output of a receiver ,
wldeband tape recorder, spectrum analyzer, etc. The input i mpedance, voltage
range and sample rat e (pulse width range) of the fi lter channel must be matched to
the Input signal parameters. The filter channel output is available both as a re-
constructed analog video signal and a digital logic level gate, both of which can be

• used directly. In this mode of operation the WAF is operating as a standard filter
with a low SNR inpu t and a high SNR output.

~The WAF System is also capable of delaying and gating both a video and [F input
signal when operating at the highest sampling rate. Figure 12 shows the I/o
connections for the video application. The filter channel and gated channel can he
the same or different video signals. If they are not the same signal, the time skew
between the two should be a maxi mum of 1.5 mIcroseconds to permit proper adjust-
ment of the system. The gated video input has dedicated and separate controls for
impedance and voltage level.

Fi gure 13 is a block diagram showing the I/O connections for the IF application ,
The 1. 5 psec maximum requirement for time skew between the IF and video inputs
also applies here. This typical application Is when the IF and post detection video
are from the same signal source such as a receiver. The IF input m~:st he a 160
MHz, 50 ~ signal. The delay unit provides for amplitude adjustment independent
from that of the video, Both the gated IF and video signals are undistort ed replicas
of the input si gnals except as filtered by the finite delay channel bandwidths wi~ieh
are 15 MHz IF and 10 MHz video.
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Section V

TEST RESULTS

INTRODUCTION

This section descrIbes the results of Walsh Adaptive Filter (WAF) testing for
the three Interrelat ed parameter8 of: probability of detection , probabilIty of false
alarm and Input signal-to—noise ratio. There are several other untested parameters
of Importance; however, a thorough testing program to completely evaluate the
performance of the Walsh Maptive Filter (WAF) system would require an extended
per iod of time using a variety of signal types and parameters. This testing program
will be performed on later efforts.

This section describes the tests performed during the WAF system checkout
phase. The test results are presented In a graphical format which illustrate the

-~ - WAF performance for several values of pulse width and signal to noise ratio. A
-: formal report of these tests was prepared and submitted to RADC which includ ed

the graphs, actual test data, teat setup, and photographs of the input/output signals.

The tests described in this section were concentrated on probability of detection ,
false alarm and SNR. No quant itat ive evaluation was made of the parameter esti-
mation (pulse width and time of arrival) properties of the WAF system which are of
equal or greater importance.

DESCRIPTION OF TESTS

The delivered WAF was preset at two selectable false alarm rates: 500 per
- 

- second (High ) and 50 per second (Low), both measured at the 20 MHz sample rate
(0. 1 to 20 paec (20 MHz) and 0.4 to 80 pace (5 MHz) pulse width ranges. For each

- range and FAR four (4) values of pulse width were used with four (4) values of
probability of detection at each pulse width. The pulse width was measured visually
on an oscilloscope and the input signal to noise ratio was calculated as the ratio of
peak signal to RMS noise. A detai led block diagram of the teat set-up is shown In
Figure 14. The false alarm rates were measured for the 0.1 - 20 p8cc pulse width
range.

The probability of detection was calculated as the ratio of the number of
output-to input pulses. The number of output pulses was measured by a counter
whose Input was gated to Insure that the output pulse occurred during the correct
time Interval and with a maximum count of one.

TEST RESULTS

The results of the performance tests are presented in graphical format in two
groups in this section . The same dat a was used for all curves with the dependent
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va riables having been interchanged to emphasize certai n performance traits .

PROBABILITY OF DETECTION VS SNR

The fi rst group, Figu res 15 through iS , is a plot of S/N versus P~ for Ihe four
pulse widths. One set of curves has been made for each combination of FAR and
pulse width range as noted. The teat results, as expected, indicate that as pulse
width Is increased the Input S/N required for a given 

~ D Is reduced. The high and
low FAR settings give curves which are similar In shape but the sensitIvity at the
higher FAR is better by approximately I to 2 dB. For a given pulse width, the P[)
increases as the input S/N is raised.

A comparison between the two pulse width ranges for the same FAR setting
shows curves which are very similar when the product of input pulse width and
sampling rate is considered. For example, a 40 p8cc pulse at 5 MHz (0.4 — 80 psec
range) is equivalent to a 10 pace pulse at 20 MHz (0. 1 — 20 p8cc). Theoretically ,
these two sets of curves should be highly similar. If the WAF false alarm rate were
linear with sampling rate, which it is not , then the curves would be identical. The
di fferences not ed are attributed to a combination of measurement accuracy , small
number of data points , and WAF characteristics.

PULS E WIDTH VS SNR

The second group, Figures 19 through 22, are plots of S/N ver sus input pulse
width in pace for three values of ~ D These curves are also plotted for both FAR
settings at each pulse width range. The most significant feature of these curves Is
how the sensit ivity of the WAF system increases rapidly to a point and then increases
slowly thereafter as pulse width is Increased. The compression point of the curves
is approximately equal to a pulse width - sample rate product of 40. This informa-
tion will be very useful in determining the proper pulse width range for WAF
operation.

The comparison of the above test results against a conventional pulse detection
system currently in use is not an easy task. Almost all of the published dat a concerns
probability of detection without any regard for pulse parameter estimation such as
pulse width or t ime of arrival. If a comparison is made solely on the basis of P~ ,
the curves shown in Figure 23~ can be used with modi fications. The signal to noise
ratio shown is at IF and should be corrected to a video S/N using the followi ng
approxi mate equation for video detector S/N degradation:

• (s/N IF) 4
S/N v:deo —

I + (s/N IF)

* Reference: P4, I. Skolnik , Radar Handbook, McGraw-Hill 1970, p. 2—19.
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assumed. (From Ref. 13.)

Figure 23. TheoretIcal SNR vs PD
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This equation shows that at high S/N the two ratios are essentially equal and at low
S/N there can be several cIB difference between them with the IF S/N always being
higher. The false alarm rates at the 20 MHz sample rate were 5.2 x 10~ ’ and 4. 8 x
io 6 calculated as the ratio of the average number of false alarms per second to the
video bandwidth with noise but no signal present. Lower false alarm rates are
achievable at input noise levels higher than 100 my . rms. The false alarm rates
at the 5 MHz sample rate were less than io~ for both high and low FAR settings. A
comparison between the test data and Figure 23 shows the following increases in
sensitivity or processing gain. 

-

HIGH FAR (5 x 10~~)

h 
PW 

~ D ° 2  
~ D ° 5  

~ D °’9

10~isec 9dB 9.5dB 8.5dB
2~~sec 6.5dB 6.5dB 6.5dB
l psec 3.5dB 3.5dB 1.5dB

LOW FAR (5 x 10 6)

PW “D~~~~~
°

~~~
2 

~~ D
° 5

1O~zsec 8.5dB 8dB 8. 5 dB
2 psec 6 dB 6 dB 6 dB
I psec 2. 5 dB 1. 5 dB 1. 5 dB

These figures were taken from the curves and should be treated as approximate values
due to the visual measurement potential inaccuracies involved. Furthermore, the
performance is expected to improve as the hardware becomes refined .

- 

- Section VI

CONCLUSIONS AND RECOMMENDATIONS

The Walsh Adaptive Filter system has demonstrated Its ability to detect low SNR
pulse signals and has met or exceeded all the required specifications set forth In
the Statement of Work . It is felt that the WAF will assist the U. S. Air Force in
applications requiring the detection and processing of low level signals, however ,

- 

- 

the ultimate value of the system can best be determined by the results of the sub-
sequent test and evaluation phase to be performed by the sponsor.

A thorough and detailed testing program Is recommended for the evalu ation of
the WAF system. This program should includ e both simulated and real signals
using a variety of signal characteristics. The most imoortant of the system

- ,  42 
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parameters that should be tested are the probability of detection and parameter esti-
ination (pulse width and position). The performance of the unit in a variety of appli-
cations such as radar warning, communications, telemetry, TEMPEST , ELINT
and ESM should be evaluated.

The testing performed to date has shown that the system false alarm rate (FAR )
is a non—linear function of the sample rate. The two available FAR ’s have been
adjusted at the highest sampling rate (20 MHz) to give values of 5.2 x io-~ and
4. 8 x io_ 6 false alarms per second. The values for the other four sample rates are
all less than io—~ for both high and low FAR settings. It is recommended that the
system capacity be expanded to ten values such that a unique high and low FAR
could be adjusted for each of the fi ve sample rates. This would allow optimum per-
formance on each of the five operating ranges.

As described in Section UI of the report the WAF system performance is deter-
mined by a set of forty (40) constants which have been pre-programmed into the
system. These constants, which determine the FAR, probability of detection , and
parameter estimation, were adjusted at the 20 MHz sample rate. The versatility
of the uni t could be increased if these constants could be instantly programmed by
the operator. This would allow the system to be “tuned” for a different signal type
for each sample rate. An interactive I/o terminal, which would permit operator
programming , entry and readout of the constants could be mated with the WAF system
with a minor rework effort. Furthermore, it is highly feasible that these WAF
detection parameters could be instantly programmed by external computer , to allow
for search vs. track modes and to allow for establishing of pulse parameters
priorities for uses that mission priorities are known.

The choice of the fi ve sample rate values should be re-evaluated as a result of
the sponsor’s test results. The decade steps between the specified ranges appears
to be excessive and it is felt that a more optimum selection of rates could be made
based upon the actual experience of the test program.
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APPEND IX A

ADAPTIVE PULS E FILTERING PROCESS
By 1. VanCleave

The Adaptive Pulse Filtering Process (APFP) is utilized to remove noise from
single or multiple signals such as to:

1) Improve signal-to—noise ratio by typically 10 db and as much as 25 db.

2) Improve pulse width measurement accuracy at low SNA.

3) Improve pulse position (t in-le—of— arr ival) measurement accuracy at low SNR4

4) Improve pulse amplitude measurement accuracy at low SNR.

5) Discriminate against nonpulse signals , such as DC input signals. m dc-
pendent of DC Input.

6) Remove distortion from pulse signals.

The APFP consists of f ive  (5) elements. The elements are a) Analog to Digital
Converter, b) Forward (Fast) Walsh Transformer, C) Sequency Spectrum Processor ,
d) Inverse (Fast) Walsh Transformer and e) Threshold Detector.

The APFP operation is based on the principl e that a pulse signal can be readily
Identifi ed and separated from noise by electronic analysis of the Walsh Tran sform
of that signal. It is the function of the sequency spectrum processor to perform this
identification/separation task. Once the separation is complete , the enhanced
signal is transformed back into the original time domain by the Inverse (Fast) Walsh
Transformer.

As an i l lustrat ive example of the APFP operation , con sider a short interval  of
time in which 256 time domain samples of noise and signal are produced by the
Analog to Digital converter operating on the outp~it of a conventiona l pulse receiver.
Assume that a pulse of 8 samples duration is present, and hidden somewhere within
the 256 sample batch. By examination of the Forward Walsh Transformer output ,
all pulse information is approxi mately cont ained within the lowest 32 sequencv
(Walsh domain) elements; therefore, the lowest 32 Walsh domain elements are re-
tained , and the pulse is essentially recovered , but 224/256 of the noise is discarded .

NOTE

An expl anation of all the notations used In
this appendix is given at the conclusion.
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Figure A-i. Adaptive Pulse Filter Block Diagram
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GENERAL OPERATION OF APF PROCESSOR

The generalized block diagram of the Adaptive Pulse Filter (APF) is shown in
Figure A-i. Analog video input signals such as that from the output of either the
linear AM or log AM (log IF) detector of a pulse receiver are applied to the Analog
to Digital Converter (ADC) portion of the Adaptive Puls9 Filter (APF) Processor,
where they are sampled and converted to a serial stream of digital words. The
signal input at point A is assumed to be band limited to BW Hz by a low pass fi lter
function. The ADC sampling rate is programmable and is equal to RBW (R ~ 2) and
is typically 4 BW (R = 4). The serial stream of digital time domain words Is con-
verted to a serial stream of sequency domain digital words by a pipeline Forward
Walsh Transformer , although any time multiplexed parallel Walsh transformer will
also suffice..

The Forward Walsh Transformer describes an input time domain function f(t )
as a finite series of (N = NT) orthogonal functions known as Walsh functions , as follows:

2

f(t) a~ WAL(0 ,t) + a1 SAL (l ,t) + b 1 CAL (1,t) ~ a2 SAL (2,t) +

b2 CAL (2,t) + ... a N SAL ~n N ,t) + b N CAL (n=N ,t)

1
where a0 

= J~ f(t)dt = DC average
0

I
and a SAL (n, t) f(t ) dt

1
b = r CAL (n,t) f(t ) dt

wh e r e n = 0 ,1,2. . .N

For all above cases the integral Is replaced by a discrete summation over N Tsamples in this process. For a descript ion of the Walsh functions SAL and CAL,
the reader is referred to pages 3-5, H. F. Harmuth “Transmission of Information
by Orthogonal Functions,” New York , Springer 1969. Sequency order may be defined
as on~r_half of the average number of zero crossings per second of the corresponding
Walsh function.

The serial dat a stream of sequency domai n elements, in order of advancing
• sequency (i.e. , lowest sequency (n = 0, 1, 2. . . N /2) first) appear at point B of

Figure A-I. The Sequency Spectrum Processor acTs on the aequenc,y domai n
elements such as to pass certain signal associated elements while discarding others.

~~~

- - - -~~~~~~~~~~~



- -- 
_
~ w - ~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 

-—-i-— ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ 

—

The passed elements appear at point C of Figure A-i and are then applied to the
Inverse Walsh Transformer. Since the Walsh transformation is orthogonal , hence
unique and complete , a sampled time domain signal may be forward transformed to
sequency domai n then inverse transformed back to time domain without loss of
information , but with a fixed delay.

The retai ned sequency domain elements are thus inverse transformed to t ime
domain and appear at point D of Figure A— I. If the Sequency Spectrum Processor
were to pass all NT sequency domain elements, then the data at point D would be
identical except for a fixed delay to that at point A’. The Sequency Spectrum Pro-
cessor does not pass all sequeney elements however (NT/H maximum), hence the
filtering action. This filtering performance is dependent upon certain threshold
selection parameters applied to the Sequency Spectrum Processor.

A time domain threshold detector , acting to clip noise products , is used after
inverse transformation, resulting in the filtered output signal at point F of Figure
A-i. This time domain threshold setting is also determined by the Sequencv
Spectrum Processor.

The entire APF Processor can be implemented either In digital hardware form
or computer software programmed hardware form , with a fixed “pipeline” delay
between raw I nput data and f il tered output data. The APF process ran also be
i mplemented in analog form , but would be highly Inefficient In terms of cost and
performance.

Figures A—2 to A—li show the APF process at all critical stages. Figure A—2
is a block of 256 samples of a high signal-to-noise ratio (SNR) pulse with width of
8 samples, such as is seen at point A of Figure A—i. Figure A-3 is the 256
(N T 256) element sequency domain of this pulse such as would appear at point B
of ~‘igure A—I , in sequency order. The first 32 samples are associat ed with the
pulse, the remainder are primarily associated with noise. The Sequencv Spectrum
Processor will pass only the first 32 elements , resulting In the signal of Figure
A—4 which corresponds to wh at would appear at point C of Figure A-I. After inverse

• transformation, the filtered time domain signal of Figure A— 5 results , such as would
appear at point D of Figure A-i. This signal is then thresholded , resulting in the
signal of Figure A—6 , such as would appear at point E of Figure A— i . Figure A-ti
thus depicts the reconstructed , filtered version of the signal of Figure A— 2.

• Figure A-7 shows the same input signal (point A) but at a lower SNR. Its transform
(point B) is shown in Figure A-S. The filtered sequency domain output (point C)
is shown in Figure A—9. The inverse transform (point D) is shown in Figure A-b —

and the thresholded output (point E) Is shown in Figure A-Il. Figures A-7 to A-li
show the powerfu l nature of sequency domain processing such as to sort signals
(especially pulses) fro m noise.
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The process is independent of the 1)(’ level at poini A; the sequenry threshohi
does not utilize the 1W level Informal ion and the ( I me thresholdi ng as lapt I vely :tsi I t Is (  s
fov IX’ level. This rharact er lst ic 1) eliminat es cr11 ic’al ezilibr at ion adjust nu.8,il of 11)1’
t)(’ output of a receiver and 2) prevents threshold degradation due to l)(’ shift from
presence of a (IV signal at the receiver input.

81’he process is opti ml zed for hut not r estri cted to rectangular pulses. If other
shaped pulses art ’ received, the processor will pass additional soquency elclm ’Ilts
such as to adaptively detect both position and Wi ( lth.

PRI N C IPL E OF OPERAT ION OF SEQUENCY SPKC’rlItlM PROCESSOR

The previous Figures A— ) to A— il showed the results of sequetw domain
fi lt t ’r il%g of aol sy pulse signals. ‘I’he key pri 1W I pie of operation (‘(‘nt t’rs nrou IS I t he
techniques and circuits that set the decision thresholds for the st’qtii’iicy pr wi’ssi ug;
that is, the appa ratus that automatically and adapt ivelv ( l ict flt es ju st whicI~ st ’qut ’ii v
h u e s  art’ retained for Inverse I ransformat ion with all others bet tug bla nked.

The sequeney spectru m processor operates :us follows:

1) It examines all N.1. samples of th e Forward Walsh ‘l’ransformer output an(I
calculates X average rectified (si gnal—pl us—n oi se) level ratios.

2) II compa res all seqtu’ncy samples 
~~~ 

to thresholds 
~~Ax~ 

which arc prc —
programmed mull iplea of the ahove averag e rat los , start ing with
~‘(‘(1t1(’1u’Y sample 

~ 
1) and Increasing m )tmtoutcally to the highest

sequencv sample (j N.18).

3) Samples suff ici ent ly above the threshold value are kept ; all others are
discarded.

•1) V ’/henover several (K ~ ) 5 ( I ( ~( VS&1 I V (’ SV(IUt’l)VV samples ~i rP di ScZU’( 1v( l , all
following samples are nut omat icaily disc arded regardless of a mdii tt I(te.

5) In addition to sequeney spectrum processing, it provides a time domain
threshold (‘I’ 11’) Iou process big all time domain samples ~b aft t’ r the
Inver se Walsh Transform has t aken place. -

Item 1) is key to the process bee ILUSt’ it provides the signal analy sis i nform~( Ion
which sets up the processing thresholds. This analysis Is hnsed on a known
difference in sequt’ncv -spectrum between noise only condit ions a is! not se— p1 us — pulse
t (~fl(II t Ions.

‘
~i
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NOIS E ANALYSIS

In the noise only vase , the sequency spectrum has a Gaussian amplitude proba-
bility distribution for Gaussian tIme domain input noise. Figure A- 12 shows a
typical random noise time domain input , approximat ely Gaussian , and of wide band-
width due to N1./2 ind ependent samples (for example a 20 MHz noise bandw idth
sampled at 40 MHz). As illustrated in Figure A—1 2 , there are 128 independent
samples in the NT 

- 256 sample block . The sequency doma~n of this noisy signal is
shown In Figure A-13, and illustrates the following general conditions.

a) The wideband noise sequency domain amplitude has relativel y constant
statistics (average , v.~ l ance) over th~’ fi rst N 12 samples (128 in
Figure A-13) and sligh t ly lower amplitude statistics in the last N 1J2
samples. The point at which the noise level drops in the sequency domain
is highly dependent upon the input noise bandwidth as will be later illus-
trated .

b) Very little “clumping ” of sequency lines occur , that is , several lines
having a high approximately equal value. Thus , there exists no con-
centration of ener~~ around any particular sequency value.

The Adaptive Pulse Filter will operat e over a very wide variety of input band-
widths , however, the processor decision parameters must be programmed for each
input bandwidth. That is , the processor is normally calibrated and aligned with the
receiver(s ) with which it is to operate.

Figure A-14 shows a somewhat less broadband noise input of N 914 independen t
samples (64). l’his noise has no relationship with that of Figure A— 12. Figure A~l5
shows the sequency domain of the noise of Figure A-14. The sequency spectrum
statistics are constan t out to about the 64th sample, whereupon they drop and drop
again after the 128th sample.

FIgure A-lB shows even narrower “broadband” noise of N. Is independent
samples (32). This relates to a 5 MHz low pass filtered video input to a 40 Mlii
sampling rate APF , which Is unusually low but illustrates the dependence of the
noise analysis mode thresholds on the input bandwidth. Figure A-l7 shows the
sequency domain of the signal of Figure A-16. The sequency spectrum statistics
are floW constant to about the 32nd sample, at point which they drop, and drop again
after the 64th and 128th samples.

The above noise analysis (liscuSsion and illustrations are only Intended to provide
a background and insIght Into the sequenev domain analysis (Item 1). Of course, in
deal i ng with random variables , it Is possible that extremely rare sequency
spectru:ns of any amplitude and posit ion can occur. A collection of noisc Safliples
can rarely resemble a pulse , but when this occurs the APE processor will treat I t
as such , as would any conventional pulse detector . Any detector performain e can
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be described in terms of a receiver operating characteristic (ROC, H. L. Van
Trees, “Detection, Estimation, and Modulation Theory, Part I, “Wiley, New York,
p 36-40), whIch describes true detection vs fals e alarm performance. The powerful
aspect of the APF processor Is that for a fixed false alarm probabi lity (for example)
the true detection probability is much higher than that of more conventional de-
tectors such as the fixed threshold detector.

NOISY PULSE ANALYSIS

The recognition of pulse presence In the sequency domain is based on the following
observation:

“Given a sequency block of NT samples, which contains a pulse of width W, then
the information describing the pulse width and position is approxi mately contained
in the lowest (N.1JW) Walsh sequency domain elements.” For the examples in
Figures A-2 to A-li, the pulse width W was 8 samples, NT was 256 ; hence,
most of the necessary pulse position and width information was contained in the
lowest 256/8 = 32 elements.

The above observation can be mathematically proven to also relate the fact that
the lowest (N,1JW) elements can, at worst case, provide a pulse position and width
error of W/2 samples. This is due to the fact that the Walsh transform is not shift-
invariant; that is, a pulse of width 8 samples centered at the tOOth sample has a
different sequency spectrum than one of width 8 samples centered at the 101st sample,
etc. The information necessary to position the pulse to within W/4 samples re-
quires the lowest (2 N .1/W) elements at worst case. Thus, a fixed low pass sequency
filter function will not suffice to detect a pulse. The APP functions adaptively such
as to allow more sequency elements , hence higher position and width accuracy at
high signal-to—noise levels yet provide reliable detection with low false alarm rates
(but somewhat lower width and position accuracies) for weak pulses that ordinarily
would be totally undetectable.

Thus, when a pulse of width W is present, the sequency domain statistics
drastically change from that of broadband noise; in particular , the lowest (14,1JW)
sequency elements. It is the function of the APF processor (Item 1) to detecf this
statistical change, and now armed with the above background information, we are
ready to describe this process.

SEQTJENCY ANALYSIS PROCESS

Referring to the block diagram of Figure A—18, the Sequency Analysis portion of
the APF processor is that portion between points B (Walsh Transform output) and
B’ (Threshold outputs). This portion calculates all sequency processing thresholds
plus the time domain (post inverse Walsh transform) threshold (Item 5). It is to be
recognized that the Forward and Inverse Walsh Tr ansformers are of the serial
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‘ in-serial out “pipeline”type. Both the Forward transformer outpu t and Inverse

transformer input sequency elements are in terms of advancing sequency; I . e., of
sequency (DC), the next of sequency 1 ~ AL(1,t)), the next of sequency 2 (CAL(2,t)),
then sequency 2 (SAL(2 t)), etc. A memory of ~~~ words delays the dat a until all
thresholds are calculated. The number D

1 
is the number of word clock cycles re-

quired for the analysis time.

The Sequency Analysis portion of the APF processor calculates a number re—
lating to the total energy in the data block. It can be shown by Parseval ’s theorem
that the RMS value (power) of all N T time domain values is equal to the RMS value
of all sequency domain values, with a constant scale factor. The RMS measure-
ment operation can be utilized in the processor , however , it has been found that
the average of all NT rectifi ed sequency domain values is simpler to calculate with
negligible loss in decision accuracy.

Either the rectified average or R TvIS of all NT elements is calculat ed, as well as
the rectified average or RMS of the first N1 elements, the first N2 elements, etc. ,
up to the fi rst N elements. The ratio of the sums of the first N 1 and all NT ~calculated resul?~~ in the single number Ni/NT. Similarily the values of
N2/NT up to NZINT are calculated . If there were only noise present, and if the
noise were broadband as per Figures A-i2 and A-13, then all values of N I/NT,
N

2
/NT .  . . N .JN,~, would tend to unity, representing flatness of sequency domai n

statistic-s. If for example, the value of NI/NT were equal to 2.0, however, with
N2/N T being perhaps 1.2 and all others near unity, then it is most probable that a
noisy pulse is present having a width of approximately NT/Ni samples.

Typically at least two averages are calculated , with three being most common.
Each average is chosen to optimize the expected pulse width. For example, using
an N T = 256 point block with sample rate at 40 MHz (one sample every 25 ns), and
an expected signal environment of pulse widths of between 100 ns and 5000 ns , then
a value of N1 = 6 and N2 30 works well but values of N 1 = 4, N9 = 12 and N3 = 48
is more consistent . The approxi mate matched value Is N~ 

= N
T7WX, thus for our

- . example If 0.4 microsecond (16 sample) pulses were expected a value of N~ 256/
16 16 would be optimum. The peaks of each averager outpu t vs pulse width are
reasonable broad over about three octaves 8:1) thus a minimum configuration would
require Q number of averages with

Q i/3 log
2

(~~ m~~ )
mm

with W the maximum pulse width and W • the minimum.max mm
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The values of NINT ~x = 1, 2 , 3 . . . X) are then compared to a preset thres-
hold 

~~ 
The values of P,~ in general decrease as x Increases because 1) the variance

of the average decreases as more independent noise samples are used and 2) the
presence of a pulse (for a fixed signal—to-noise ratio) becomes more difficult  to
detec t at narrower widths (higher N~ ) because the pulse energy is dispersed over more
sequency elements. Also, as the value of N~ approaches a noise corner (such as
shown in Figures A-15 and A-17), then the value of P,1 must be modified to compensate
for a nonfl at sequency spectrum.

The values of 
~~ 

can be set up in field operation in conjunction wi th a receiver
for a given false alarm rate by monitoring the comparator output with a digital fre-
quency counter and accordingly adjusting 

~
‘, Ordinarily , each ~~ is set for equal

contribution to the required false alarm rate; but priorities may establish other than
equal weightings .

The comparators thus examine each value of NX/NT In relation to ~~ and decide
as to the presence or absence of a signal. The kniger pulses (lowest x) is examined
first ; If more Is found then x increments to look for shorter pulses; If none is found
for x - X then all sequency spectrum elements are blanked with the exception of the
DC value (sequency 0) whIch Is always retained to prevent DC discontinuity (flicker)
for display purposes.

If a particular Nx/N T exceeds Pk, then I is not advanced , and two thresholds are
generated 1) a value TM, the sequency domain threshold and 2) a value C~~ , the
post transformation time domain threshold. These thresholds aypear at B’ In
Figure A-. 18. The value of TM Is equ al to a multiple (CAk ) of N1, with
typically between 1. 1 and 4 .0. For example., if N T 

-- 256 with broadband noise , then
N 11256 represents the average value of a sequency element ; the elements containing
“detectable ” signals are usually a least 1. 1 times the average, th u s a va lu e of
CA = 1. 5/256 would be typical . Again , the values of C~~ are dependent upon the
noise bandwidth . If C AX ~ too low then too many sequencv elements will be passed
and a noisy output and/or multiple false pulses can occur. If CAx is too high then
too few sequency elements will be passed and pulse position and width inaccuracy
may result.

Whichever mode (value of x~ is chosen , the appropriate enabl ing line E~ is
energi zed ; if none is chosen then no line Is enabled and all sequencv elements other
than DC are blanked .

SEQITENCY SORTING PROC ESS

The Sequency Sort i ng Process operates on the sequencv domain ~delaved) data
(a 1) from the Forward Walsh Transformer based on the thresholds calculated pre-
viously during the sequency analysis process.
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The sorting process operates on rectified integrated sequency data; that Is each
sequency element Is rectified and added to the sum of the next (M~~l) sequencyelements, and this total sum compared to (Ms. ~~~ the threshold. This integration
Is necessary in order to circumvent gaps In the sequency spectrum for pulses of
narrow width at certain positions. A pulse does not always provide a low pass block
of sequency lines as in Figure A—3; under certain pulse conditions there exist gaps.

The integration length M
~ is preset for each of the x number of modes available

as controlled by the sequency analysis process. Typical values of for the previous
example NT = 256, N1 6, N 2 

- 30 is M1 = 6, M2 
- 10.

— 
Per Figure A-1R, M~ 

cells are integrated, resulting in a delayed data stream
= l,2,3...(NT-M,~

). The integrated aj~ data is normalized by dividing by M~and compared to (T~~ ); If aJx ~ T~ ,1 then the counter is not advanced , but is reset.

The counter counts K Integrated data words below the T~~ threshold , and
• is reset by an above thres’~iold condition. This action simply looks for K~ succes-

sive Integrations below threshold (typically 3); when ft occurs , all higher sequency
elements are blanked. That is , the processor has determined that the sequency
block associated with a dat a pulse has ended.

Each of the a1 sequency elements, after being properly delayed by Delay Memory
D2x, is compared to a threshold equal to ~~~~ TA.,~. The value of ~~~ is typically
between 1. 1 and 1. 8. If a sufficiently high amplitud e sequency element Is present ,
then it will be passed provided that the K~ counter has not been filled. Per the gate
logic of Figure A-18, if aj th element is below the CCX. TAT threshold , then the
following AND gate is inhibited , and the aj th element is blanked. If aj is above
threshold , then the a1 element is passed , provided that the K

~ 
counter is not filled .

When the counter decoder Indicates that K
~ 
successive drop—outs are present,

then the flip—flop Is set such as to Inhibit data for the remainder of the sequency
block , which Is then reset.

Figure A-9 showed the effect of thresholding on the noisy data of Figure A-8.
The processor has blank ed the 2nd , 21st , 22nd , 23rd and 37th line , then the pulse
block has ended. From Figure A-3, we know that the data block really ended at the
33rd line; however, noise statistics prevented the processor from ~ietern 1ining this
until the 39th lIne , and by examination of FIgure A— 8 It is apparent that significant
noise energy exists between the 33rd and 39th lInes. (This is due to the integrate

cells in conjunction with K~ “NO” counter. )

The switch function In the sequencv sorting portion of Figure A-iS operates on
the data fter appropriate delay of (Di~

+D2~
) words , which assures that the total

delay through the Sequency Sorting Processor will be constant , Independent as to
which mode of integration and threshold parameters are selected by the sequency
analysis processor.
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The data at point C is thus that of Figures A-4 and A-9, and is ready for inverse
Wa lsh transformation , after which the time domain signal appears as in Figures 5

• and 10. Si nce the sampling rate is sufficiently high such that the shortest pulse is
sa mpled II times (N .2 and typically 4) then the sequency signal spect rum is
approxim~itely contained below N~1./R sequency; thus only the lowest N 1,/R sequency
elements are retained at maximum. This can greatly simpl i fy the Inverse Walsh
Tr an sformit ion due to essentially el iminat ing of the first  log2 li tiers of the log9N .1.
process (i.e. , for N1. 256 and H 4 , the fir st two of the eight FWT tiers are
grossly simplified). H is a b inary integer , 1, 2 ,4 , etc. (Ordinarily, log2N 1. t ie rs

• are necessary in an FWT. )

TIME THR ESHOL DING PR OCESS

The ti me domain signals of Figures A—5 and A — b represent sequeney d omain
fil tered pulse signals. Figu re A— b is particularl y inst ru ctional because it shows
the p romin ence of the filtered pulse and the attenuated baseli ne clutter. Thres-
holding of the signal of Figure A—1 0 will produce a clean reconstruction of the pulse ,
as shown in Figure A —l I .  The proper setting of the threshold TH is at some ratio
of the peak to average difference of the filtered signal , such as 50~ (a typi cal
value) . in the example of Fi gure A — b , the positive peak (PD) is at 4-50, the average
(DC’ is 0, thus the peak to average difference is 50, the 50~T th reshold TH would be
at 25. Since DC 0, TH =- 25, allowing excellent reconstruction.

Instead of using the zero baseline , the negative peak, which is known , could be
used and the threshold TN set at 65% of the positive peak-to—negative peak ratio ,
which is also at 2i.

The peak of the filtered time domain must be determined in either case. A
memory of N.1. word s must be provided to appropriately delay the data until the peak
is found by the peak detector of Figure A-IS. The DC value is the value of the
lowest sequency (n-0) term, which is picked off before the Inverse Walsh Trans-
former , stored (luring peak scanning, and applied to the subtractor and adder such
as to result in the DC level compensating threshold TH’ ~

- (PD-DC) C~~ 4 D C. If
any t ime domain sample In the block is above this threshold , it is set to the value
of PD; otherwise it is set to zero.

GENERALITIES OF THE PROCESS

The previously described process for recognition of a pulse signal of unknown
amplitude , width and po sition is ar~ ieved by transformation Into an orthogonal
domain so as to I~ el iminate  the posit ion variable (all pulses in t ime domain produce
low sequencv “clumping ’~, and 2) easily isolate the width variable (by integration
from sequency 0 up to M~) such that the detection problem is reduced to amplitude
detection only (thresholding) . The sequency domain (Walsh Transformation) is
shown to be very well suited for pulse processing , for two m~ajor reasons 1) the
square —wave —like ~Valsh functions are simi la r  in formit to the rectangular—like
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pulses found in radar and telemetry and 2) the (Fast) Walsh Transform hardware
results In the simplest orthogonal transform circuit implementation. Nevertheless,
the basic technology of Adaptive Pulse Filtering can be accomplished in other
orthogonal domains, such as Four ier, Haar, Rademacher, etc.

EXP LANATION OF NOTATION, ADAPTIVE PULS E FILT ERING PROCESS

R = No. of samples for the shortest pulse of Interest. Also, since the video
bandwidth in Hz Is assumed to be at least equal to the reciprocal of the
shortest pulse in seconds, then H is the ratio of sampling rate to video
bandwidth. R Is typically equal to 4, hence for a 40 MHz sample rate (one
sample every 25 ns), pulses as short as 0. 1 Msec (100 ns) can be accommo-
dated, provided that the video input bandwidth is a mm of 10 MHz.

N T = No. of time domain samples per block , also equal to the number of sequency
domai n elements per block.

n = A variable, Indicating sequency number of each Walsh function , In zero
crossings per block. Each sequency number has two functions (elements):
SAL (n ,t) which is an even fun6tion and CAL (n,t) which is an odd function.
An exception is sequency number 0 which has only CAL (o,t), also called

F WAL (o,t).

t = A vari able, representing time. 
-

N = Highest sequency number present. Also equal to N,~J2. Thus, for an
NT = 256 element transform the highest scquency number present is SAL
(128,t).

The SAL functi on of sequency number n.

= The CAL function of sequency number n.

X = The total number of modes of operation of the sequency spectrum processor.
• Each mode consists of 1) an analysis integration over N~ sequency elernents

- - resulting in the word N~, 2) an analysis threshold comparison of N,/NT to a
programmed threshold P,~, 3) a mode processing enable decision E~, based
on the sequency domain analysts, 4) a calculation of a sequency domain
threshold T 4,~, 5) a selection of a preprogrammed time domain threshold
multiplication factor 

~~~ 
6) a sorting integration over M~ sequency elements

resulting In the word a~ which is compared to the factor T~~ . and 7) a below
-

- - threshold word counter of length K~.

x = A variable, indicating the particular mode chosen for discussion 1� x � X.
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NOTATIONS PARTICULAR TO THE SEQUENCY ANALYSIS PROCESSOR

N~ 
= The number of sequency elements integrated In the xth mode In the

sequency analysis processor. This integration always starts with the
n = ith element and ends at the N

~
th sequency element.

= A number equal to the sum of the N~ sequency elements (except for DC,
WAL (o t)) integrated In the sequency analysis processor.

NT A number equal to the sum of all NT sequency elements (except DC (WAL
(0, t)) In the block.

The preprogrammed threshold level applied to the sume of the first
N~ sequency elements integrated In the sequency analysis processor.

E = The enable line for the xth mode, which is a direct result of the fact that
X 

NINT �P

= A preprogrammed constant which is used to calculate the sequency domai n
threshold of the xth mode.

T~~ The sequency domain threshold of the xth mode, which is precisely equal
to the product of C~~ and NT.

C~~ A preprogrammed constant which is used to calculat e the time domain
threshold , occurring after the inverse Walsh Transformer. The value of

is dependent upon x, the mode chosen by the aequency analysis pro-
ceseor,

NOTATIONS PARTICULA R TO THE SEQUENCY SORTING PROCESSOR

- The number of elements integrated in the Sequency Sorting Integrator. The
integrator is a sliding type, adding the previous (M~ -1) elements to each
new element.

j = A vari able, Indicating the Ith element of the sequeney data stream within
the Sequency Sorting Processor , after the appropriat e delay. (1 

~J ~ 
NT)

a1 
= The sequency element data stream, consisting of a1, followed by b1,

followed by a2, followed by b2 up to aN (j NT).

= The rectified , Integrated and normalized sequency element dat a, after
being rectifi ed, integrated over M~ cells , and divided by M

~.
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D~i A number representing the delay expressed by the number of clock samples ,
for mode x. This function acts such as to delay the sequency domai n data
stream during the sequency analyses process prior to sorting.

D~2 = A number representing the delay , expressed by the number of clock samples ,
for mode x , that serves to match up the delays for all x modes, such that
the total delay through the sequency Spectrum Processor is the same for
all x modes.

Cc~ 
= A preprogrammed constant , used In setting the sequency element thres-

hold at a value equal to 
~
‘C~ 

TA,cJ for each mode x.

K A preprogrammed constant , setting the maximum number of consecutive
X tImes that the rectifi ed, Integrat ed normalized sequency element dat a

(a,~ ) is below the TA,( threshold , prior to setting all remaining sequency
elements to zero.

NOTATIONS PARTICULAR TO THE TIME THRESHOLDING PROCESSOR

b~ = The reconstructed time sample data stream, after exiting from the inverse
Walsh Processor and after a delay of N T samples.

PD = The peak (largest value) of the (N T size) block of time domiin samples
(bt).

DC = The average value of the (N T size) block of time domain samples (bz),
which Is equal to WAL(o,t).

TH = The time domain relative threshold value, prior to the addition of the DC
baseline Tb! = (PD-DC)C~~ .

TH’ = The time domain absolute threshold , equal to TH-’-DC.
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