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SECTION I

INTRODUCTION

This program has developed and demonstrated an acoustic adaptive transversal

-3

filter based on a novel transform processing technique.] An adaptive transversal
filter is one whose impulse response can be programmed to be virtually any func-
tion that is desired, limited only by the bandwidth and time duration of the filter.
The classic approach for realizing such a filter is a programmable Kallman filter,
which consists of a tapped delay line with variable amplitude and phase control

at each tap. The transform approach adopted for this development has capabilities
that go far beyond those of presvious programmable filters, however, and simul-
taneously circumvent serious fabrication difficulties that accompany the various

conventional tapped-delay line methods of achieving variable response.

Variable response is required for many applications of SAW devices, including
tunable bandpass/bandstop filtering, programmable matched filters in spread-
spectrum communications or radar pulse compression, and frequency synthesis,
Although SAW devices have been very successful in realizing high-performance,
fixed-tuned filterss-ll for many comparable applications, the use of SAW devices in
applications requiring programmable, or variable, responses has awaited further
development to remove the fixed-tuned limitation associated with SAW achievements.
The first steps toward removal of this limitation have been demonstrated with the

selectable filterlz"“+ and biphase programmable PSK correlators.15

The selectable
filter provides discrete tuning through the selection of any of a large number of
variable center frequency or variable bandwidth bandpass filter responses that are
achieved with a modest number of SAW devices and switches. Biphase programmable
PSK correlators are achieved with tapped delay lines and switches, but, for codes
longer than 100 chips, present similar, but simpler, fabrication problems than the
more general adaptive transversal filter. The prototype developed under this con-
tract completely removes this fixed-tuned limitation, permitting continuously

tuned, programmable filtering with flexibility that has not been possible before.

e e 0 e TR SRRSO TR () N3
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Furthermore, the transform processing approach not only fulfills the existing

1, 16-18

needs for variable response filters, but also permits many important new

1-3

signal processing functions such as prewhitening for spread-spectrum systems.

The principal building block for this acoustic adaptive transversal filter

19

is the chirp transform. The chirp transform orders the frequency components of
an input signal serially in time; that is, the output time response is propor-
tional to the Fourier transform (or frequency spectrum) of the input time signal.
Surface wave linear FM devices can be used to perform the chirp transform and
thereby convert successive intervals of a time-varying input signal into their
respective transforms. The configuration of SAW chirp filters required to perform
this transform and the basis of operation are described both mathematically and
heuristically through each step of the transform process in Section III of this
report. The experimental results of the prototype shown in that section demonstrate
the accuracy with which the spectral information is delivered in real-time and
suggest many spectrum analysis applications such as those in radar Doppler pro-
cessing or seismic data processing in conjunction with time compression and in

EW or spread-spectrum systems.

More important, these surface wave components, which can be viewed as a con-
tinuous signal version of a discrete chirp-Z transform discussed by AlSUp,zo’21
can be assembled into a Transform Adaptable Processor System (TAPS) to provide unique
signal processing functions due to the accessibility of the input signal spectrum
and the ease with which it can be modified to produce a variety of programmable
filter responses. The first of these to be described and demonstrated in Section IV of
this report is the continuously variable bandpass/bandstop filter developed under this

contract: the acoustic adaptive transversal filter (Figure 1). This is achieved

o
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by simply modulating the time signal after performing the transform to pass or
remove the desired frequency components and then performing the inverse trans-
form of the modulated signal to produce the filtered time domain signal. The
inverse transform is performed through a minor variation in the surface wave

filter arrangement, permitting reconstruction of the original signal as shown

with simulations and the prototype results.

The flexibility and superiority of this implementation of the adaptive
filter becomes clearer with the demonstration of the TAPS system for programmable
matched filtering and prewhitening. This approach offers much greater versatility
than other programmable approaches since it can process a larger class of signals,
encompassing both PSK and FM signals within the same system. Of greater importance,
perhaps, is the facility to suppress narrow-band interference that could otherwise
destroy spread-spectrum system processing. This is achieved with simple clipping
or bandstop filtering of the interference from the total spectrum made avail-
able by the chirp transform approach. These TAPS configurations are described

and prototype results presented in Section V.

The availability of spectral information in real time clearly permits many
important new signal processing applications. Although understanding the basic
operating principles of the Transform Adaptable Processing System is more complex
than is the case for a conventional programmable filter, its physical implementa-
tion is considerably simpler, since it consists of a small number of SAW chirp
filters, mixers and amplifiers, and a timing generator. This contrasts with the
fabrication difficulties associated with the conventional switched, tapped delay
line approach discussed briefly in the next section. The capability of providing
accurate transform information in real time has been demonstrated, and prototype
results for continuously variable bandpass/Bandstop filtering, versatile program-

mable matched filtering, and prewhitening for suppression of narrowband interference




evidence the power of the transform processing approach to many signal processing
problems. This report describes this approach in detail and demonstrates its
feasibility with extensive experimental results using the prototype Transform

Adaptable Processing System.
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SECTION II

2 TECHNICAL APPROACH FOR THE ACOUSTIC ADAPTIVE FILTER

There are two distinctly different technological approaches to the realiza-
tion of surface wave filter subsystems for adaptive filter applications in the
frequency domain or for programmable correlation in the time domain. One approach .
requires a surface wave, tapped delay line transversal filter with provision for
jf the control of the amplitude and phase of each tap. This method is a modern
X implementation of the adaptive filter concept introduced 34 years ago by Kallmann. -
The various techniques that are currently being developed for programmable tapped
delay lines are summarized below with a short discussion of their relative advan-

tages and disadvantages.

The major alternative to the tapped delay line approach is the Transform
Adaptable Processor System (TAPS), which is superior both in terms of performance

as an adaptive filter and in its potential for expansion to meet a wide range of

i

future military signal processing requirements with simple, reliable components.

g It should be noted that the selectable bandpass filter12-]h developed at Texas

Instruments under ECOM Contract No. DAABO7-73-C-0094 provides discretely tunable

£ bandpass-bandstop channels and has much potential for EW receiver and fast-hop

synthesizer applications. Although this subsystem offers better performance, it

: does not provide the continuously variable control that can be achieved with an ;
~7" adaptive filter. It should also be noted that the nonlinear acoustic convolverszz-26 .
3 can be used for many applications in time domain correlation in direct competi-

tion with the programmable tapped delay lines. However, the time compression

-
e Zi associated with these devices makes them unsuitable for adaptive filter needs. .

ﬂ A. Programmable Tapped Delay Lines

dates for programmable tapped delay Iines.27

Three techniques will be briefly

;ﬁ The accessibility of surface waves to tapping has made them natural candi-
’




discussed: individual taps with external switches and control circuitry, inte-
gration of switches with MOSFET surface wave detectors, and monolithic devices

using epitaxial layers of aluminum nitride and silicon, both on sapphire. The

conceptual simplicity of these techniques is offset by the mechanical and elec-
trical complexity of interconnecting and switching the many taps required to

meet the technical objectives of this program.

Perhaps the most direct technique for obtaining a programmable transversal
filter is to construct a surface wave delay line with separate taps and external
switching and control circuitry. Many possible configurations for the tap
28-30

control are under development for programmable matched filter applications.
As compared to other surface wave tapped delay lines, this technique has two
primary advantages for achieving amplitude and phase control. First, the acoustic
delay line medium and the electronic switching can be chosen and optimized in-
dependently. For example, the delay line might be chosen for low temperature
coefficient, while the switching might be chosen for power considerations. The
second advantage of the diode switched technique is that it makes maximum use of

existing SAW and electronic technologies.

There are several drawbacks to this approach if more than a few taps are
required. First, and probably most serious, a very large number of rf inter-
connections must be made in a very small space, which leads to severe fabrication
difficulty and reliability problems in a completed unit. This problem might be
overcome by application of high reliability beam lead techniques. A second
problem area is that the switching diodes have a reverse bias capacitance that
is typically significant compared to the capacitance of a single delay line tap.
This results in a poor on/off ratio for the switch, which can cause distortion
of the desired filter characteristic. A final problem is the close proximity of
the various SWD delay line taps, which makes it difficult to eliminate electrical

crosstalk between taps.
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A desire to integrate surface wave filter functions with standard MOS cir-
cuitry led to the unique concept for surface wave detection on silicon by means
of the piezoresistance effect in the inversion layer of a metal oxide silicon
field effect transistor. This technique was first demonstrated by Claiborne,
et al.,31 and is particularly well suited to programmable filters, since a
static control shift register can be integrated onto the same silicon chip with
the acoustic delay line. The basic building blocks for such a device consist
of (a) a sputtered Zn0 overlay transducer for generating the acoustic surface
waves on the silicon substrate, (b) the programmable MOSFET detectors to provide
taps on the SWD delay line, and (c) a static serial MOS shift register for con-
trolling the various delay line taps. More complex circuitry is required to

achieve analog amplitude and phase control,

The advantages of a MOSFET approach are: (a) the surface wave detectors
and the binary control register are completely monolithic, thus eliminating the
interconnection problem; (b) with the exception of the Zn0 input transducer,
the entire device uses standard, well-established MOS processes; (c) since
piezoresistance detection is linearly proportional to dc current flow, the delay
line taps have excellent on/off ratio and good amplitude control; (d) the control
leads are dc rather than rf, eliminating crosstalk; and (e) piezoresistive detec-

tion does not extract energy from the acoustic beam, thus minimizing distortion.

This technique also has several disadvantages. Piezoresistance is a weak
effect that leads to moderate power consumption. Also, silicon has a 30 ppm
surface wave temperature sensitivity, which is undesirable. Finally, MOSFET
detectors require multiple levels of oxides, diffusions, and metallizations;

this forces the acoustic wave to travel in a multilayer medium with many dis-

continuities.
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Monolithic filters have been developed using ALN on sapphire and silicon

on sapphire.32’33

Epitaxial layers of piezoelectric AN and semiconducting silicon
are grown on adjacent areas of a common sapphire substrate. Then a tapped SWD
delay line is constructed on the ALN, and electronic switching is constructed in
the silicon to yield a programmable line. The ALN on sapphire is particularly
useful for high frequency, high data rate correlators due to its large (6.1 x

105 cm/sec) acoustic velocity. However, this high velocity makes it less suitable
for long time delays. The primary advantages of this technology are: (a) it is
compatible with completely integrating the control register, the switches and the
delay line; (b) the aluminum nitride on sapphire has a moderately strong surface
wave coupling coefficient; and (c¢) silicon on sapphire has a sizable technology

base and is particularly well suited for high performance rf switching.

There are three disadvantages of the ALN/Si on sapphire technique. First,
it is an entirely new materials and process technology with unproven production
reliability. Also, if yield is a problem for the large-size silicon MOSFET
chips, it is probably worse for this much newer technology. Finally, the ALN
on sapphire has a moderate temperature sensitivity (40 ppm/°C) for acoustic sur-

face wave propagation.

B. Transform Adaptable Processing System

The Transform Adaptable Processing System (TAPS) is a revolutionary develop-
ment that eliminates the need for the large number of independently controlled
and closely spaced taps while still realizing the same function that the taps
perform. The system can be easily programmed to perform identically any
function of the classic adaptive filter while avoiding the corresponding
implementation problems. In this section a brief explanation is given of the
internal operation of TAPS, which departs radically from the classic Kallman

approach. A more detailed and rigorous explanation of TAPS operation is

given in Section IV.
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The transform adaptive processor operates by dividing an input signal into
short blocks, sequentially processing each block, and summing the individual pro-
cessed output signal packets to obtain a continuous processed output stream.
Each time block of the input signal is processed by using SAW chirp filters in a
configuration known as the chirp-Z transform. The adaptive filter consists of -
three processing stages including two chirp transform stages, as shown in Figure 2.
The input signal block S(t) is applied to the input of the chirp-Z transform unit.
This performs an analog Fourier transform operation on the signal, thereby resolv- .
ing the frequency components in time. The output signal F(t) from the first
transformer is the spectrum of the applied input such that magnitude and phase of
this signal at different time positions correspond to the magnitude and phase
of the Fourier transform of the input signal at different frequency points. In
this system the starting portion of F(t) corresponds to the low frequency end of
the system bandwidth, the end portion of F(t) corresponds to the high frequency
end of the system bandwidth, and frequencies inside the band are spread linearly

in time between these extremes.

Thus, the input signal is transformed from the time domain to the frequency
domain. The adaptive filtering is effected on this transformed signal by simply
multiplying each frequency component by its appropriate amplitude and phase
weighting coefficient using an ordinary rf mixer. A special case of this general
technique is the subject adaptive filter for continuously variable bandpass or
bandstop filtering. |In this domain, bandpass filtering consists of simple .
on-off (or pulse) modulation, since all the frequency components of the input
signal are separated in time. The bandpass selection is accomplished with a
modulator such as a double-balanced mixer, and, by varying the modulation ’
function G(t), the portion of the input spectrum (or switch) that passes
through the filter can be selected.
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Figure 2 Block Diagram of the Acoustic Adaptive Transversal Filter
Using the Transform Adaptable Processing System (TAPS)
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In the final stage, the remaining spectral components H(t) that were selected
by the modulator are transformed back to the time domain by an inverse chirp-Z
transform. The resultant output signal T(t) is a filtered version of the input.
The modulation function G(t) is the transfer function (or frequeicy response) of
the bandpass filter. This is described in more detail including the continuous
operation methods, in Section IV, but one can see that while this technique
operates in a radically different manner from the classic programmable Kallmann
filter approach, it provides the identical filter function.

The Transform Adaptable Processing System to demonstrate feasibility of the
acoustic adaptive filter has been designed to provide variable bandwidth from less
than 1 MHz to more than 50 MHz at a nominal center frequency of 150 MHz. Both
bandpass and bandstop functions can be implemented in many combinations within
the 125 to 175 MHz range. The processor transforms each successive block of
time in 1.9 usec intervals in a repetitive mode, as described later in this
report. Full performance capability of such a filter using the classic approach
would require that the tap spacing be nominally one-half the reciprocal of the
filter bandwidth (10 nanosecond separation for a 50 MHz bandwidth) and a total
tapped length greater than the reciprocal of the minimum bandwidth that is de-
sired (1 psec minimum length for 1 MHZ minimum bandwidth). In other words, to
achieve this level of performance in an equivalent performance Kallmann filter,

more than 100 programmable taps would be needed.

In addition to this clear performance advantage of TAPS over the Kallman filter
approach, there are several other important advantages of TAPS. First, this
approach uses standard SAW technology and automatically benefits from SAW tech-
nology advances. The competing techniques use specialized technologies that
have limited use elsewhere., A second advantage is that in addition to adaptive
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i filtering, TAPS provides the frequency spectrum of the input signal. This
spectral information is needed in many systems applications of an adaptive
* filter. For example, when an adaptive filter is used to cancel unwanted
interference in a wideband communications system due to other transmitters, i
the frequency spectrum of the interfering signals must first be measured so
that the proper programming information for the adaptive filter can be calcu- 4
| lated. TAPS provides this spectrum information with no additional hardware, Y

whereas additional hardware and processing time would be needed to obtain this

vital information with a programmable Kallman filter. Thus, TAPS not only

3 provides all the filter functions of a classic adaptive filter, but it also

0’ has the additional capability of providing the spectral information needed in

B many systems that use adaptive filters. A third advantage of the transform
technique is that the basic transform hardware that forms the heart of TAPS

r can be used for many other signal processing applications than the required ;
adaptive filtering functions. These include programmable matched filtering

and prewhitening, as discussed and demonstrated in Section V. The feasibility

T L TS
S

of all these functions has been clearly demonstrated.

¥

In summary, understanding the basic operating principles of the transform

adaptive processing system is more complex than is the case for a conventional

adaptive filter; but its physical implementation is considerably simpler,
since it consists of a small number of chirp filters, several mixers, several
amplifiers, and a timing generator. All these components are conventional
and easy to build, in direct contrast to the overwhelming fabrication diffi-

culties associated with the conventional tapped delay line approach. There




are some problem areas with the transform approach related to spurious signals
and timing errors, as discussed in subsequent sections. However, it is fair

to say that these problems are minor compared to the corresponding difficulties
in the standard approaches and can be circumvented as described in Section

IV of this report. In addition, the performance advantages of the transform
approach are significant.

T
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SECTION III

CHIRP TRANSFORM OPERATION

BSOSO "I 2

A

The heart of the Transform Adaptable Processing System is the chirp trans-

form. This basic building block is realized by a linear FM filter, two linear

P —

. . FM generators, and two mixers, as shown in Figure 3. Implementation of the
chirp-Z transform algorithm has been demonstrated utilizing CCD technology,Bu
but considerable simplification is possible with surface wave devices. CCDs

. process signals at baseband and therefore must transform and process both in-

phase and quadrature channels. Surface wave devices process magnitude and phase

! simul taneously at the carrier frequency in a single channel.
B
‘ The operation of the chirp transform is discussed in this section. First
7 a mathematical derivation is given, followed by a heuristic description of trans-

form operation. Computer analyses and demonstration results are presented

”n

before proceeding to the system applications and TAPS prototype design and

'\
demonstration in subsequent sections.
[
i A. Mathematical Description
A The chirp transform is realized by a chirp filter, two chirp generators, and two

e mixers as shown in Figure 3. The output F(t) can be written from this schematic:

F(t) = {(S(1) @ ¢, ()] * 1()} o Cy(0)
where * represents convolution. To see that F(t) is a true Fourier transformation
of the input signal S(t), complex notation is used and signals of the following

form are assumed with constant time delays omitted (the time origin is the center

of each waveform):
S(t) = S'(t) exp (j2nf°t) .

where S'(t) is bandlimited to AF;

15
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Cz(t) = C](t) «

By simply putting these equations into the expression for F(t) and reordering and ;

cancelling terms, one finds F(t).

: 2
{ : ; _ AFt
F(t) = exp [J 21'r(f1t NS ):I

AT

Z
25" (1) exp (jamfor) exp | jam(fyr - 402
- o
v

B 7
y ! oexp\jZﬂ[(fl+fo)(t-~r) +AF—(';—A.;_T)—]}dT;

F(t) = F(w(t)) = exp I:_j21'r(2f1 ¥ fo)t] °

N

$'(t) exp(-juw(t)r) dr,

(51
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where
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The limits of integration are set by the time length of the first multiplying
chirp C'(t). A second constraint is given by the finite length of the convolving
chirp filter I(t):

| t - | <aT.

This condition is only met for all r in the range of integration if | t | < AT/2.
Hence, only forl t| < AT/2 does the output represent the true Fourier transform
of the input signal. The duration of the signal out of the filter is 3 AT, the
length of the filter impulse response plus the length of the chirp signal. There-
fore, only the center AT corresponds to a true Fourier transform of the input
signal. The final mixing chirp has duration AT and acts as a gate to select the
desired portion of the filter output. The output signal has the form of the
Fourier transform of the input signal S(t) with the frequency of the transform

given by the chirp slope times the time delay, (AF/AT)t.

B. Chirp Transform Heuristic Description

A qualitative understanding of the operation of the transformer can be ob-
tained by examining the frequency-time diagram in Figure 4. The signal amplitude
is not shown. Frequency is displayed on the vertical axis and time on the horizon-
tal. The bandwidth of the signal corresponds to its height, and the duration

corresponds to its length.

Figure L4(a) shows how signals are changed as they pass through the chirp
transform subsystem. The frequencies of the input signals indicated in the
figure were chosen to reduce spurious signals at the output. This choice is
discussed in Section III.C. As shown in Figure 4(a), input signals S{(t) in the
range from 125 to 175 MHz are mixed with a linear frequency down-chirp C](t)

centered at 275 MHz. This mixing gates the input in time and superimposes a
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chirp on the signal. The sum frequency product term A(t) centered at 425 MHz

is fed into the chirp filter shown in the block diagram of Figure 3. The chirp
filter output B(t) covers the same frequency range as the input A(t), but it is
delayed in time, and the dispersive up-chirp characteristic of the filter has
introduced an up-chirp on the output. Since the linear FM filter I(t) must
handle the sum of the bandwidths of S(t) and Cl(t) and also possesses the same
chirp slope as C'(t), then 1(t) is twice the time length of C'(t). The duration
of the convolution of A(t) and I(t) is therefore three times the length of the
signal A(t). The only portion of the signal that corresponds to a true Fourier
transform of the input is the center part that corresponds to the time when the
entire signal is in the chirp filter. These time considerations are discussed
in the mathematical analysis section, |lIl.A. The slope of the chirp C'(t) is
matched to the filter chirp slope so that the filter output consists of com=-
pressed pulses corresponding to the input frequency components. The chirp

filter does not change the frequencies present in the input signal A(t).

As shown in Figure 3, the filter output B(t) is mixed with another down-chirp
Cz(t). This mixing gates out the useful portion of the output and canceis the
chirp characteristic of the signal. The product term F(t) at 700 MHz corresponds
to the true Fourier transform of the input signal S(t) over the duration AT of
the chirp signals. The high frequency can be avoided by mixing with an up=-chirp
instead of the down=-chirp C2(t) and using the difference product term only, but

for an adaptive bandpass filter, the entire post-filter mixing step can be skipped.
This is discussed in Section IV.

Figure 4(b) treats a three-tone example: a cw term and two pulsed signals,
all at different frequencies. One can see that the narrow-band continuous signal
mixes with the chirp C1(t) to give a higher frequency chirp signal, the center
line in A(t). The chirp filter compresses this signal into a short, wide-band
pulse. This compression is analogous to the pulse compression in chirped radar

systems, Thus, at this point in Figure 4(b), the cw signal is represented by a
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short pulse with a large bandwidth indicated by its height. For clarity, the
sidelobes indicated by the unshaded portions of B(t) in Figure 4(a) are not shown

in Figure 4(b).

The two shorter tones are also compressed in the chirp filter. Since the
filter has an up-chirp dispersive characteristic, the compressed pulse corres-
ponding to the low frequency chirped tone has the shortest delay and appears
first in time, followed by the compressed cw tone and the compressed high fre-
quency pulsed tone. Because of their larger bandwidth, the short tones are
transformed to longer compressed pulses as indicated by their width in the figure.
The relative center frequencies of these compressed pulses are displaced by the

chirp characteristic of the signal B(t). This characteristic shows more clearly

in Figure 4(a). Post-mixing with the chirp C2(t) removes the chirp characteristic.

The difference of the center frequencies in the output signal F(t) corresponds
to the position of the original pulses S(t) in time. Comparing S(t) and F(t)

in Figure L4(b), one can see that the transformer has the effect of rotating the
input signal clockwise by 90° in the frequency-time plane. Thus, the bandwidth
(height) of each tone in the input S(t) determines the time width of the corres-
ponding output signal F(t). The input tone duration determines the bandwidth of

the corresponding output pulse.

Figure L(b) clearly shows the separation in time of the three different input
frequency components. This separation allows one to modulate the output F(t) in
time to eliminate any of the three components. Note also that the three compon-
ents are separated in time before the final mixing in B(t). The signal could be
modulated at this point to obtain the desired filter function. This fact leads
to a significant simplication in the adaptive bandpass filter application of the

transformer in Section IV.

21




s Chirp Transform Design

The objectives of this program included the requirements that the filter
should handle signals over a 50 MHz bandwidth and achieve a minimum bandwidth of
1 MHz. The latter constraint prescribes that the transformer process no less
than 1.0 usec intervals of the input signal at a time. The chirp generator Cl(t)
then requires a linear FM signal of bandwidth 50 MHz and at least 1.0 wsec. To
ensure that these goals were met, bandwidth and time length were increased by 20%
to 60 MHz and 1.2 usec, respectively. The chirp generation is provided by ex-
citing the impulse response of a surface acoustic wave linear FM filter. Corres-
pondingly, the SAW chirp filter I(t) has twice the bandwidth, or 120 MHz, to handle
the sum of the bandwidths into the mixer. (Figures 7 and 13 show the block
diagrams with the 1.2 usec time lengths increased to 1.9 usec for reasons to be

described later.)

Selection of specific operating frequencies is predicated on the spurious
performance of the mixers required by the transform and the device insertion loss
that increases with fractional bandwidth. As well as giving the desired product
signals, balanced mixers produce even~order harmonics of both inputs. The system
must be designed to be insensitive to these spurious signals. In addition, the
mixers generate signals at both the sum and difference frequencies of the inputs.
In this system we want only one component of this product. To design a system free
of these spurious signals the operating frequency range was chosen to be 125 to

175 MHz, and the multiplying chirp filters are centered at 275 MHz.

The reasons for this are illustrated in the frequency diagram of Figure 5.
The frequencies of operation must be chosen such that the passband of the chirp
filter I(t) includes the sum signal of the chirp Cl(t) and input S(t) product,
but does not overlap the unwanted mixer harmonics. If the operating frequencies

were reduced, the undesired harmonics would be reduced and overlap the 120 MHz

operating range at 425 MHz with the desired sum frequencies out of the mixer.
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With a small quiescent band on each side of the convolving chirp filter band-
pass, the chirp filter provides the needed rejection of the even-harmonics and
unwanted mixer products in the transformer. (Since there are two such convolving
SAW chirp filters in the adaptive filter described in the next section, the re-

jection of these interfering terms is assured.)

The convolving chirp filter must have a bandwidth of 120 MHz at 425 MHz to
cover the sum of the bandwidths of the input signal and the multiplying chirp out
of the mixer. To perform the transform properly, the frequency-time slopes of
the multiplying chirp and the convolving chirp must be equal; therefore, the SAW
chirp filter must have a length of 2.4 usec. These selections for operating fre-
quencies and bandwidths make fabrication of the SAW devices at 425 MHz somewhat
more difficult than might be desired. Nevertheless, use of a projection printing
system; stepping each transducer separately; and reasonable care in photoreduction,
crystal preparation, and fabrication are sufficient to achieve good patterning

despite the widely varying electrode widths and spacings across each transducer.

The post-multiplying chirp Cz(t) may be identical to the pre-multiplying
chirp, but this produces a transform output whose carrier is at 700 MHz. This
is not significant for the adaptable filter, since this operation is not needed
(as described in Section IV), but for spectral analysis, one might choose to
reverse the chirp direction in that SAW device and use the difference frequencies
out of the final mixer. Either case provides the Fourier transform complete with

phase and magnitude as desired.

A computer can be used to simulate analog operation of the acoustic trans-
former and compare the result with that obtained from conventional digital FFT
routines. This analysis uses a three-frequency input signal as discussed earlier

and illustrated in Figure 4(b). The amplitude and spectrum of the signal are
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plotted as the signal is processed through each block of Figure 3. The input

signal will be only the portion of the input corresponding to the duration AT

of one repetition of the gating chirp Cl(t)' This approach allows separation of
the desired portion of the transformed signal and the unwanted sidelobe responses.
All the plot amplitudes are normalized to unity. The time axis is normalized to
the gating chirp duration AT, and the frequency axis is normalized to the gating
chirp bandwidth pAF. The time origin has been placed at the waveform center as

it was in the mathematical analysis of the previous subsection. The frequency

origin is located at the center of the input passband. The digital simulation
used in this subsection has an overall time-bandwidth product of 62, which is
similar to that of the prototype system simulated. The mixing chirps C](t) and
C2(t) are unweighted, unity amplitude, linear frequency chirps. The chirp filter

impulse response is also perfectly flat (unweighted).

The input and calculated waveforms are shown in Figure 6. The input signal
S(t) and the filter input after mixing A(t) are shown in Figures 6(a) and 6(b).
The left plot shows the amplitude of the waveform versus time and the right shows
the spectrum as calculated by an FFT. The amplitudes of the three tones have
been chosen to be equal. Figure 6(a) shows that the input signal S(t) consists
of a cw signal at band center, a short pulse 12 MHz below band center, and a
longer pulse 6 MHz above band center. Since we are considering only one repetition
of the input chirp, the cw signal is truncated outside the time of interest. Be-
cause the mixing chirp is unweighted, the amplitude of the mixing product A(t)
in Figure 6(b) is the same as that of the input, but the spectrum is changed.
The filter output B(t) and the transformed signal F(t) are shown in Figures 6(c)
and 6(d). This diagram clearly shows how the transformer accurately resolves the
input frequency components in time, producing the Fourier transform. A comparison
of Figures 6(a) and 6(d) shows that the signal amplitude versus time and the spec-

trum are interchanged when a signal passes through a direct chirp-Z transformer

unit,
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Thus, the chirp-Z transformer resolves the frequency components in time so
that the spectrum can be modulated directly with a time-varying waveform to produce
the desired bandpass or bandstop filter characteristic. Note that the time separa-
tion of the three frequency components is present at the filter output in signal

B(t) shown in Figure 6(c). Only the spectrum is changed in the postmixing with

the chirp Cz(t). More detailed analysis is presented later in this report.

D. SAW Chirp Transform Performance

¢ The earliest SAW demonstration of the chirp transform was performed using

‘ existing surface wave pulse compression and expansion filters from a TI radar pro-

l gram. The devices used for this early breadboard were linear FM centered at 100
MHz with chirp bandwidth of 24 MHz and time lengths of 7.5 ysec. The details of
} this experiment are not described in this report, since the subsequent results

from the prototype designed for this program are clearly superior and more

capably demonstrate the transform performance.

The Transform Adaptable Processing System (TAPS) was designed and built with
only one major modification to the transformer design. Subsequent analysis (Sec-
tion IV) showed the desirability of using chirp devices with the greatest possible
lengths. This raises the time-bandwidth product of the system and SAW devices and
reduces the errors introduced by these analog operations. Further discussion is

presented in the next section. The field-of-view of the projection printing sys-

b tem available for use prescribed that the transducers have lengths no more than

Yf; 2.0 psec, and design considerations for linear FM filters limit the useful :
lig. chirp length to 1.905 usec. With this modification the TAPS transform component

': was built as shown in Figure 7.

"33 Demonstration of the chirp transform unit shown in Figure 7, the basic build-

R
v

. W%

ing block of the Transform Adaptable Processing System, is presented at this point,

-,

Figure 8 shows the actual chirp transform output for a succession of 7 cw input
- signals from 120 MHz to 180 MHz in 10 MHz steps. Since the chirp transform is
designed to process 1.9 ysec blocks of time over exactly a 60 MHz band, the

principal frequency component, or spectral main lobe, is shifted according to

28
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2 j Figure 8(a) Prototype Chirp Transform Results for Seven Successive
cw Input Signals Stepped from 120 MHz to 180 MHz in
10 MHz Steps
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Figure 8(b) Prototype Chirp Transform for a Single cw Input Signal
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the relation

1.
st = (LE2BEE) 5f o (0.032 psec/MHZ) (F - 150 MHz)

Hence, for each 10 MHz step in frequency of the cw tone, the peak response moves
0.32 ysec, and the chirp transform output for the succession of cw signals in

10 MHz increments yields the linear translation shown in the figure. The amplitudes
of all input signals were equal, demonstrating the flat bandpass response of the
prototype over the designed 60 MHz bandwidth at 150 MHz center frequency. Each of
these transform responses exhibits an essentially symmetric structure similar to

sin x/x with -4 dB pulse width of 20 nsec compared to 17 nsec theoretical, which

corresponds to 0.53 MHz, the width expected for the transform of a 1.9 ysec pulse.

For signals whose durations extend beyond a single 1.9 usec time block, the
chirp transform no longer represents identically the signal spectrum. This is easily
seen by the fact that a true cw signal has only a single spectral line, not the
sin x/x character of this system. This variation leads to special considerations to
be noted subsequently. Pulsed signals of duration shorter than the time block of
the system are handled precisely. Figure 9(a) shows the prototype transform results
for three simultaneous input signals: 2 cw terms at 125 MHz and 145 MHz and a pulsed
term at 165 MHz. The 165 MHz pulse width is 300 nsec. The frequency terms are all
appropriately delayed according to their separation from the center frequency and
the slope of the chirp filter; the spectral shapes are correct, including the
sin x/x structure of the pulsed spectrum with null-to-null width of 0.21 ;sec
corresponding to 6.7 MHz exactly as required. Figures 9(b), (c), and (d) show
three similar cases where the 165 MHz pul se widths are changed to 0.05, 0.1, and
0.8 pusec, respectively. The transforms show the inverse relationship of time length
and bandwidth and the transform waveform has precisely the correct null-to-null widths
corresponding to each of these rf pulse cases. The shortest pulsed signal that the
system can handle without violation of the required bandlimiting condition
is determined by the prescribed 60 MHz system bandwidth. This limit is nomi-
nally 20 nsec, depending on the character of the input signal, the configura-

tion of the chirp transform processor, and the maximum acceptable aliasing or

spurious levels.
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E' Chirp Transform Continuous Operation

The chirp transform is performed over an interval of time that corresponds
to the duration of the first multiplying chirp C](t) (1.9 wsec). For continuous
operation, one must repeat this transform operation each 1.9 usec to transform
all the input signal. TAPS, therefore, operates on successive blocks of data
entered via the input time signal. The TAPS system has been described as processing
short rf signal blocks, but by dividing continuous input signals into short con-
secutive time blocks, processing each block separately, and finally summing (by
inverse transforming) the processed signal blocks, continuous operation is achieved.
This is discussed further in the sections on system applications of the chirp
transform, but for the chirp transform alone, spurious considerations merit the

most attention.

Obviously, the time length of the transformed output is 3AT, or 3 times
the length of the processed signal input (AT) from the convolution with the
chirp of 2AT length. Since only the center AT interval (corresponding to the
time when the input signal is entirely within the convolving filter) represents
the true Fourier transform, the adjacent AT intervals contain undesired infor=-
mation. The remaining time contains only the sidelobes of the transform opera-
tion. In continuous operation, these sidelobes are present in the adjacent
intervals of the time signal and cannot be directly gated off. The most
obvious (and sometimes most desirable) configuration would have two parallel
channels, each processing alternate time blocks and the accurate transform in-
formation is then available for successive time intervals at alternate channel
outputs, automatically eliminating the unneeded end portions of the 34T convolu=-

tion output.
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A considerable simplification is possible, however. The transform is ac-
curate over the bandwidth of the system (in our case 60 MHz) and if the input is
truly bandlimited, the components outside this frequency range are small. The AT
intervals on either side of the central time segment exhibit spurious responses
comparable to the violation of the bandlimited assumption. Since one can cer-
tainly ensure that the input signals are bandlimited, the spurious responses
may be sufficiently small to neglect that contribution compared to the actual
transform data. This means that the transform process can be performed by the
single channel shown in Figure 7 with the multiplying chirps impulsed each 1.9
psec corresponding to their length and signal time block length for transform
processing. The chirp transform output traces out the signal transform from
120 MHz to 180 MHz corresponding to 1.9 psec, immediately repeats for the chirp
transform of the next interval of time, and so on, with the spurious of alternate

intervals neglected in comparison to the transform information present.

To demonstrate the continuous operation of the prototype, the three-tone
input signal of Figure 9(a) was used. The period of the pulsed signal was selected
to be 1.9 usec so that it is present in every chirped interval. The trace of
Figure 9(a) shows a single chirp transform interval out of the train of transforms
continuously available in Figure 10. Figure 10 shows this transform information
clearly repeated on 1.9 psec intervals as necessary for continuous operation.
Simulations of this continuous operation have been performed to determine the
distortion introduced. These are included in the discussion of the TAPS system

for adaptive filtering.

F. Chirp Transform Dual

The chirp transform diagrammed in Figure 7 suffers from two very basic
limitations. There are two nonlinear elements (mixers) in the signal channel
which define maximum signal levels and minimum distortion. In addition, the

surface wave chirp filter in the path must have at least twice the bandwidth

of the signal to be transformed, accompanied by nominally 12 dB more loss than

R e R e
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Figure 10 Transform Continuous Operation of the Prototype
4 for the Three-Tone Input Used for Figure 9(a)
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the usable bandwidth suggests. It would seem desirable to examine alternative

configurations that would reduce the number of mixers and/or remove the ''wasted'

bandwidth from the filter in the signal path. The most logical substitute ‘i

configuration for consideration would, of course, be the dual. The dual to :

Figure 7 is shown in Figure 11,

The output of the chirp transform is written as follows:

0,(6) = [ 50 - €y (e)) * 1(0) ] (o)

where the expression for each element is given on pages 15 and 17.
This reduces to the transform of S(t) over the center one-third [(-AT/2)
< t < (AT/2)] of the output signal.

ar
(t) / ) 2
0,(t) « S(1) exp(-jwr) d = _2TAF_ 3
1 -él ( Jw ) T s W AT | P
2 :

Realistically, however, the output signal for this implementation approxi-
mates the transform of the input, and its accuracy depends on the validity of

the "band-1imited'' assumption for all the SAW elements and the signal. Similarly,
the spurious responses outside the center one-third of the output signal reflect

this customary assumption.

The dual (Figure 11) of this circuit is described as follows:

0,(t) = [(s(t) *c (t) - 1(e) ] = c,(t).

If one looks at the Fourier transform of this expression, the duality require-

ments become more obvious and evaluation is simpler:

Fooye) | ={[<s<m) EAONEIRTON AW }
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where the elements are the Fourier transforms of each term of the preceding
equation. Close examination reveals that the expression inside the brackets
is the same in the frequency domain as that of Figure 3 in the time domain.
Hence, the requirement is that the chirps have quadratic phase. and rectan-

gular shape in the frequency domain rather than the time domain. (w = 27f)

exp (-jkw?) [f] < %
Cy(w) = ¢ lw) = { B
0 [f] > 7
{exp(jsz) |f] <8
1(w) =
0 |f] > 8
F oy e)} = {[(S(w) €y (w) * I(m)]‘ cz(u)}
.2 *+B
- { e-ka / ﬂS(w) exp (-jsz) exp(jk[v-w]z)dux}
~BT
B B
Oz(t) -f { f S(w) exp (-jwt) du)}, t = k2v
=Bm

Again, the expression inside the brackets accurately represents a transform

of S(w) over only the center one-third of the output, or [v| < 2m(s/2). The
output Oz(t), however, is the inverse Fourier transform of that expression,

and that integration covers -« to ®, including the spurious region outside

the center one-third. |In other words, Oz(t) does not exactly equal S(w)
anywhere, and the validity of the approximation is determined by the criterion
that S(t) be time-limited to |t| < (AT/2), the dual of the requirement of band-

limiting discussed in the first case. Hence, if S(t) is band-limited,
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B 9
[ S(w) exp(-jwt) dw = [ S(w) exp(-jwt) dw
-Bm -0

and if S(t) is appropriately time-limited,

0,(t) = F' {F (s} =s.

Apparently, it is possible to approximate the Fourier transform of a signal

in either configuration under the appropriate restrictions. Which of the two

is more accurate or is preferable for other reasons, such as insertion loss,
requires further examination and/or simulation. One substantial factor is

that SAW devices are truly finite in time length while satisfying the band-
limiting approximation. Hence, ''perfect'' chirps cannot be obtained in the
frequency domain as they may be in time. The distortion introduced in the
analog transform operation by the requirement of time-limited input signals

in the second case may be no worse than that due to the arbitrary partitioning
of the input signal in the first chirp configuration. |In either case, the

band-1imiting assumption is satisfied equivalently.
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SECTION IV

TRANSFORM ADAPTABLE BANDPASS/BANDSTOP FILTER

0f the many important new signal processing applications made possible by
the availability of spectral information in real time, the first to be discussed

and demonstrated is the continuously variable bandpass/bandstop filtering.

Since the chirp transform converts the input signal piecewise into a time
signal that is proportional to the Fourier transform of each signal block,
adaptable filtering can be effected by simply multiplying each of the frequency
components, which are now separated in time, by an appropriate amplitude and
phase weighting coefficient with an rf mixer. This ''modulated'' chirp transform
signal can then be inverse-transformed with a second chirp transform to recon-
struct the '"filtered'' time signal. Figure 2 shows the block diagram of the
system just described, consisting of three processing stages. By varying the
modulation function G(t), the portion of the input spectrum that is passed or
stopped can be arbitrarily selected in any combination of bandpass and/or band-
stop responses. For programmable bandpass/bandstop filters the frequency weight-
ing coefficients can be simple time gating. This section describes the filter
operation, the prototype results, and the features significant to the design of

this type of system.

A. Filter Description

An example of the type of filtering that can be done is shown in Figure 12.
In this figure only the envelopes of the various signals are sketched. The
input is chosen to consist of three equal amplitude tones: a continuous signal
at frequency f2 and pulsed signals at frequencies f' and f3. Where the signals
overlap, a beat pattern is produced as shown in the top line of this figure.
The second line of the figure represents the spectrum F(t) produced by the chirp
transformer, which resolves the signal into three separate time signals. The
width of each of these signals is determined by the duration of the corresponding
input tone and its spectrum. As the length of the input tone increases, the

width of its transform decreases until it is limited by the maximum length input
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pulse that the chirp-Z transform unit can process, an important consideration
for cw processing. The shape of the time signals comprising F(t) are determined {
by the spectra of the input pulses S(t). In this example, the inputs are f

rectangular pulses, so the spectrum modulations are sin x/x or sinc functions.

The bandpass modulation function G(t) used in this example is a stopband
gate positioned to remove the cw signal at frequency fz. The resulting modified
spectrum H(t) is illustrated in the fourth line of Figure 12. After the inverse
transformer restores the signals to the time domain, the background signal at

f2 and the beat patterns caused by that signal are removed. In addition, the

e

remaining rf pulses at fl and f3 are distorted slightly, since the signals have
passed through a filter with finite bandwidth. Similarly, bandpass operation
can be realized as well as many combinations of bandpass/bandstop responses

simply by changing the position and width of the gate or gates.

As noted, the processed output signal block is obtained from the modulated
Fourier transform (frequency spectrum) by means of a second chirp transform
which is properly configured to provide the inverse transform. The only differences !
between normal and inverse transform units are that the slopes of the chirp é
filter and the two chirp generators must be reversed, i.e., change up-chirp to

down-chirp and vice versa.

The straightforward combination of transformer, modulator, and inverse
transformer can be simplified by eliminating the last stage of the transformer
and the first stage of the inverse transformer. That is, the post-multiplying
chirp of the chirp transform and the pre-multiplying chirp of the chirp inverse
transform from the block diagrams of Figures 2 and 3 are not necessary. The fre-
quency components of the input signal are separated in time before the mixing with the
post-multiplying chirp of the transform and, for the case of programmable bandpass
filtering, gating at that point is all that is required. Removal of the dis-
persive phase in the transformed signal by multiplying by that chirp is there-

fore pointless in light of the need for reapplication of that exact dispersive
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character to perform the inverse transform. This reduces the number of compo-

nents required relative to the straightforward cascading of the complete trans-

form units of Figure 7.

The block diagram of Figure 13 shows the principal components required for
the adaptable bandpass/bandstop filters., The chirp slopes in the transform
must match those in the inverse transform to avoid time compression or expansion
at the output. Since one normally prefers that the filtered output T(t) exhibit
no change in frequency from the input, the difference product term out of the
final mixer is desired and is selected by the broadband filter. This further
facilitates system design, since the two chirp generators (or multiplying chirps)
are then identical because no weighting on the chirps is desired. (Weighting
the chirps to reduce spurious levels is discussed in this section.) The complete
adaptable filter requires but four surface wave devices: two chirp generators
and two chirp filters. The broadband output filter is appropriately a low-loss
lumped element bandpass filter, as is the broadband input filter (not shown) to

remove input frequencies outside the 50 MHz operating band.

The frequency-time diagram for this complete system is shown in Figure 14,
The processing of the input signal to the output of the first chirp filter B(t)
is the same as that described in the transformer section relative to Figure 4(a).
The output of the up-chirp filter B(t) is modulated in the programmable bandpass
modulator and passes directly into the down-chirp filter. Thus, the input to
this filter consists of the modified spectrum of the input signal S(t) modulating
a chirped carrier signal. Because it has an up-chirp characteristic, it is
matched to the inverse transformer down-chirp filter. The output D(t) is a
filtered version of the input S(t) mixed with a down-chirp. It is delayed in
time by the second filter. By post-mixing with a second down-chirp C3(t) and
selecting the difference frequency with a bandpass filter, one obtains the
desired filtered output signal T(t) at the same frequency as the input, but
delayed in time.
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Bre Computer Analysis

Simulations of the adaptive filter as discussed in the last section have
been performed to investigate several factors influencing TAPS design. Besides
the revealing analysis of the effect of time-bandwidth product on the system
performance, the effects of weighting the SAW chirp filters, timing errors between
the two chirp generators, continuous operation involving cw signals, and modula-
tion function selection have been examined. These topics are discussed in the

i following subsections.

f The parameters originally prescribed for the preliminary design of the adap-

} tive filter instead of those shown in Figure 13 are used for the simulations. That
is, the SAW time lengths are 1.2 usec and 2.4 usec instead of 1.9 and 3.8 usec,
respectively. These results are subsequently incorporated into the final design

detailed in the next section. The preceding simulations were performed at base-

quencies of the prototype system. Nonetheless, the results are in general dis~
played in envelope form to avoid excessive plotting costs. Moreover, the pur-

poses of these simulations are better served by examining the envelope and phase

i\
K
} band, but all other computer analyses have been effected at the carrier fre-
1 data where variations in successive runs are more easily identified. This is
t illustrated by simulations of the chirp transform of Figure 3 shown in Figures
4 | 15 and 16. The 1.2 usec input waveform shown in Figure 15(a) is a cw term at
> ;i 150 MHz, plus two pulsed rf terms: 0.35 usec at 162 MHz and 0.51 usec at 144
: jf MHz. The two pulsed rf terms occur at the center of the time block, and their
'5’“5 interference is clearly exhibited. The envelope is shown in Figure 15(b) for
;i comparison with the plot with the carrier term present. Figure 16(a) shows the
E} magnitude of the chirp-Z transform unit output at rf. The corresponding output
4 in envelope form is shown in Figure 16(b). The costs of generating the amplitude

+/ with the carrier frequency are higher and the data are no more illuminating than

.
j is the case for envelope and phase information.
<3
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k. Transform - Inverse Transform Accuracy

A fundamental test of performance of this prototype system is the
distortion introduced with no intervening modulation or filtering. The question
to be answered is how well the input signal is reconstructed at the output of the
TAPS system after both transformation and inverse transformation. In addition to
the actual prototype results, simulations of the TAPS system yield instructive
data. A 1.2 usec, three-tone, bandlimited signal whose envelope is shown in
Figure 15 was used as the input to the system shown in Figure 13. The simulations
are performed at the carrier frequencies indicated in the block diagram, but in

general the results are displayed in envelope form.

For these simulations, it is important that the input signal be band-
limited so that the processor output is not faulted for failure to reproduce the
equivalent bandwidth larger than that of the TAPS system. To illustrate this,
the familiar three-tone input is used. Figure 17(a) is a plot of the input signal
envelope showing one cw term at 150 MHz and two pulsed rf terms, 0.35 usec at
162 MHz and 0.51 psec at 144 MHz. The time window is again 1.2 usec for this
system. Figure 17(b) is a plot of the system output following the transform and
inverse transform with no filter modulation. The difference between the out-
put and input normalized to the peak of the output is shown in Figure 17(c). The
largest errors occur at the edges of the pulses and the time interval where the
chirp filter bandlimiting has the greatest effect. Figure 18(a) shows the sam~
input signal that has been bandlimited by a 2:1 shape factor filter with a
60 MHz bandwidth. The system output for this case is given in Figure 18(b), and
the error introduced by the TAPS system is shown in Figure 18(c) normalized to the
output peak. The large errors of Figure I7 are not present when the input
signal is confined to the bandwidth of the system. Where the input signals

are not bandlimited in future simulations, one should neglect this effect as

seen here.

The preceding simulations of the preliminary prototype design of

Figure 13 with no filtering or modulation show that the input [Figure 18(a)] is
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reconstructed after the transform - inverse transform operation to produce an
output [Figure 18(b)] whose difference [Figure 18(c)] from the input is nomi-
nally -30 dB or better over its entire duration. The chirp transform of that
input [shown in Figure 19(a)] is equally well performed. The difference

between the chirp transform and that using a large FFT is shown in Figure f

19(b) where the errors are seen to be below =30 dB down everywhere except at
the cw spectrum component, which, as we have noted, is not perfectly repre-
sented in a finite time-length system such as this. (Further cw considerations
( are discussed subsequently.) Nonetheless, even the cw term is properly recon-
; i structed as just discussed,

] Although these results appear satisfactory for achieving the -25 dB
spurious rejection demanded of the adaptive filter, improvement is possible by
increasing the system time-bandwidth (BT) product. The errors introduced by

1 the character of the lipelr FM components and accompanying Fresnel effects were

found to be diminished rapidly as the BT product of the system was increased.

Since the bandwidth of the system is already determined (50 MHz), and increasing

the bandwidth further would add more insertion loss, the time length of the

chirps is the object of this simulation. With the band-limited input of Figure 18,

the transform-inverse transform operation was performed for multiplying chirp

lengths of 1.8, 2.4, 3.6, and 4.8 usec in addition to the original 1.2 usec

length. Comparison of the chirp transform of the input with the actual input
spectrum revealed no dramatic improvement in accuracy with BT product, since the
& spurious level i$ influenced by the adjacent intervals and the character of the
- input signal as discussed under continuous operation. In fact, the average
‘2,:4 error varied between -35 dB and -50 dB for these cases with no obvious advantage
o < in larger BT systems. Figure 20(a) illustrates this behavior. These incon-

i clusive results are completely overshadowed by the system pcrformanéd‘after the
‘ inverse transform, however. The TAPS output is visually identical to the input.
The marked improvement in reproduction of the input is shown by comparing the
output errors relative to the input signal for 4.8 usec multiplying chirps
[Figure 20(b)] to that for the 1.2 usec case [Figure 18(c)]. 1In short, the

average error decreased as 20 log BT as shown by the simulation results for
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Figure 19 Chirp Transform Accuracy for 1.2 usec Multiplying Chirps
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average error plotted in Figure 21 along with the curve for 20 log BT. This

dramatically illustrates the advantage of longer chirps for transform process-
ing and is consistent with heuristic arguments based on other specific consid-
erations such as cw filtering. With such clear evidence of the superiority of
longer chirps, the chirp filters for the TAPS program were lengthened to the

full field of view of the projection printing system available, approximately
2.0 usec at these frequencies. The multiplying chirps are therefore 1.9 usec

and the convolving chirps are 3.8 usec.

2. Spurious Signals

Spurious responses occur due to the continuous operation of a single
channel in which the sidelobes of one interval are present in adjacent inter-
vals, the shape of the bandpass modulation function, and the nonideal components
used to implement the signal processing functions. The effects on design of the
spurious performance of the mixers is described in Section Ill. In this sec-
tion the emphasis is on distortion that is characteristic of the transform
processor rather than the errors in phase or magnitude introduced by the
nonideal SAW chirp generators and filters. The remaining two effects (con-
tinuous operation and modulation function selection) can be described in terms

of the sidelotes generated by the corresponding signal processing function.

The importance of the selection of the filtering modulation function
is easily seen in terms of a conventional filter analogy. |If the modulation
function is simply a square wave, the effect is similar to that of a perfect
rectangular bandpass or bandstop filter which produces ringing in the response.
In the chirp transform implementation of the adaptable bandpass/bandstop
filter, the infinite bandwidth of the square wave is immediately limited by the
chirp filter of the inverse transform. This chirp bandpass operation, which

precedes the next mixing operation, reduces the distortion that would be caused
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had the mixer followed the gating. In other words, the simplification that
permitted removing the postmultiplying chirp of the transform and the pre-
multiplying chirp of the inverse transform has provided some immunity to the
distortion that might have been introduced by an infinite bandwidth modulation

function mixed with the processor bandwidth.

The protection afforded by this configuration against ringing (or
sidelobes) introduced by modulation function rise and fall times that are too
small for the processor bandwidth is best illustrated by simulations in which
the cw signal of the previous three tone examples (Figure 18) is rejected by
the adaptable filter. |In the first case, the bandstop modulation of width

equivalent to the mainlobe of the cw signal (1.6 MHz) and rise and fall times

commensurate with a 200 MHz rate were used to reject a cw signal at 150 MHz.
Figure 22(a) shows the reconstructed time signal. The ringing present due to the
modulation is nominally 4 dB near the edges of the remaining two pulses. The

cw term is removed more than 20 dB near the center of the interval, although
somewhat less well at the edges, as discussed later. The distortion due to that
effect does not pertain to the modulation function shape, although its width is
certainly directly related to that error as well. Figure 22(b) shows the differ-
ence between the filtered signal where the cw term has been gated out and a

pure two-tone signal in which the cw term is perfectly removed (i.e., never
present). Figure 23(a) shows the spectrum of the filtered signal and Figure
23(b) the difference of that spectrum and a perfect spectrum without the

offending cw term.

At the other extreme are modulations with rise and fall times that are
too slow. This would correspond to filters with relatively high shape factors.
The undesirable effect is that in addition to the cw term to be rejected,
nearby signals are also attenuated. To illustrate this, rise and fall times
commensurate with rates considerably less than the system bandwidth were used.

The example included here is modulation with skirts equivalent to a 10 MHz rate.
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Figure 24(a) shows the reconstructed time signal in which not only is the cw
term reduced, but the second pulse, which is only 6 MHz away at 144 MHz, has
also been severely attenuated as well. The spectrum of Figure 24 (b) gives

further evidence of the removal of the 144 MHz rf pulse as well as the prin-

o cipal lobe of the cw at 150 MHz. k

Generally, one would prefer to use the fastest possible rise and fall
E . times without introducing frequency components too large for the system. As ¢
' i one might expect, the best selection is that of modulation functions whose
: ‘ rise and fall times are consistent with the 50 MHz system bandwidth. Simula-
] i tions with modulation functions with skirts described by rates near 50 MHz
j illustrate somewhat improved gating performance over the square-wave case,
q although the improvement is less obvious due to the configuration already
discussed. Figures 25 and 26 are the filtered time signals for modulation
rise and fall times of 40 and 60 MHz rates, respectively. Although the fine
structure of the filtered signals is different, they both exhibit nominally

2 dB worst=-case gating distortion: better performance than those simulations

‘
. - 2 with radically larger or smaller modulation skirts. The two spectra of the
Tiltered signals given in Figures 27 and 28 are essentially identical. The
4 comparisons of the filtered signal to a perfect two-tone signal are given in
t Figures 25(b) and 26(b) for the two cases, and the spectrum error is plotted
i in Figures 27(b) and 28(b).
N The character of this distortion suggests correctly that the rise and
L fall times of the modulation function should not exceed the frequency handling
%;.; capability of the system to avoid introducing spurious signals into the signal .
kA% bandwidth from the ensuing mixing operation. The modulation will be performed
6. Y with rise and fall times no larger than those equivalent to a 50 MHz rate and

is implemented by bandlimiting the pulse generator output used for the filter

: o
“'j gating.
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The second sidelobe-related spurious signals are due to the con-
tinuous operation of the filter. TAPS operates on successive blocks of data
entered via the input time signal. The input signal must be broken into time-
intervals which correspond to the length of the multiplying chirp filter
response. Each block of data must then be processed separately. Following
operation on the transform of these signal intervals, the inverse transform
is performed, and, ideally, the reconstructed time signal satisfies superposi-
tion principles. In other words, the time signal out of TAPS represents no more
or less than the filtered input signal. Figure 29 shows schematically the

continuous operation for the programmable matched filter case.

There are degradations associated with this operation, however. For
example, consider the response of the transformer to a cw signal. The trans-
formed signel will contain not only a compressed main lobe whose location
depends on its frequency, but also the normal sidelobes associated with the
compression of a chirp signal. While all principal frequency components for
signals in the band will occur during the central chirp time AT, sidelobes will
extend over a total time 3 AT as discussed before. This mode of operation is
illustrated in the time-frequency diagram of Figure 30. The desired portion of
the output B(t) is shaded. Clearly, this portion overlaps the unwanted
(unshaded) tails of the adjacent output signals in both time and frequency,
contributing to spurious signals at the output. The significance of this dis-
tortion is revealed through comparison of the transform processor for noncon-

tinuous versus continuous operation.

The simulations again follow the block diagram of the transform

processor with the same three-tone input signal previously used. The input

signal and the transformer output B(t) are shown in Figures 31(a) and 31(b),

but their spectra are on a log scale to show details over a wider dynamic range.
The signal H(t) following the modulator is unchanged since no modulation is

being applied. The reconstructed output in Figure 31(c) is very similar to
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the input signal. The difference between the input and output is more than

30 dB down everywhere (except for the sharp spikes which are attributed to the
comparison of a bandlimited output signal to the unbandlimited input rather
than system errors), as shown in Figure 31(d). The spectra of the input and
output are even closer, with the difference being more than 47 dB down every-

where.

The input signal used for simulated continuous operation consists
of the same three-tone signal. The repetition rates of the pulsed signals were
different, and each period was longer than the sampling time T (1.2 psec) of
the transform processor. A portion of the output containing both pulses was
examined and compared with the example of noncontinuous operation in Figure 31.
input signal and its spectrum are shown in Figures 32(a) and 32(b). The
chirp-Z transform of this signal is shown in Figure 33(a). The beating in the
spectrum caused by the repetition of the pulses is not present in the chirp-Z
transform, since only one pulse falls within the sampling time T. The input
signal is recreated as shown in Figure 34(a) by an inverse chirp-Z transform.
Figure 34(b) shows the difference between the input and output signals nor-
malized to the input. The distortion level is between =20 and -30 dB
down. (Again, note that the sharp spikes are not errors, but are introduced
by the comparison of a bandlimited output to an essentially unbandlimited
input.) In noncontinuous operation the distortion level was -30 to -40 dB down.
Thus, cw operation has increased the distortion somewhat. The difference
between the output and the input spectra is shown in Figure 33(b). The
spectral distortion is always below -43 dB and is usually between -50 and -60.
This is also about 10 dB worse than noncontinuous operation. As expected, then,
cw operation introduces a low-level distortion which is seen to depend on the
BT product of the system as discussed in Section IV.B.1.

One way to avoid this problem is to build a two-channel processor

with successive periods of the chirp signal entering alternate channels. The
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outputs can be gated before being summed to provide continuous operation. This
two-channel transform doubles the system complexity and makes the timing prob-
lems more severe, since the summation must be coherent at the carrier frequency.
Alternatively, since the tails on the signal correspond to sidelobes of the
compressed input tones, they may be reduced by standard weighting techniques

applied to the input mixing chirp.

There are several drawbacks to this approach. Since the actual
Fourier transform of the input signal block would contain these sidelobes at
levels comparable to the SAW chirp transform without a weighted multiplying
chirp, weighting that first chirp will create additional frequency domain
error. This error is not of predominant interest for the filter, however,
since it is ultimately the reconstruction of the time domain signal after
filtering and inverse transforming that is of concern. The success of weight-
ing that chirp depends on its reduction of adjacent time interval sidelobe
interference and resultant facilitation of filtering frequency components more
optimally. Unfortunately, neither is strictly true. The character of the
input signal most particularly influences the sidelobe suppression achieved by
the weighting. That is, a short pulse that arrives early in the transform
processing interval is simply monotonicaily attenuated by the shape of a
single half of the weighted multiplying chirp. Had it arrived at the center
of the interval, the pulse symmetry would have been preserved, but the amount
of weighting applied would have been inconsequential. In other words, different
signals would have been influenced differently by such weighting according to
time of arrival and pulse length. Only the special case of a cw signal would
be properly weighted for the desired sidelobe suppression and, as will be
discussed in Section IV.C., this special case is not properly handled by a

single-channel system for other reasons.

In addition tu the relatively inconsequential error introduced into

the frequency domain by weighting the first chirp, the reconstructed time

i
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signal is also weighted by the chirp weighting function, as shown in the plots
that follow. The examples included here are weighting on the multiplying

chirp with Gaussian weighting of 0, -9, and -15 dB attenuation at the edge of

the time interval relative to mid-interval. The input signal is the unbandlimited
input of Figure 17(a). Figure 35(a) corresponds to the chirp transform of the
input without weighting the chirps. The difference between the chirp spectrum

and the actual spectrum determined by an FFT routine is given in Figure 35(b)
normalized to the spectrum peak. Figures 36 and 37 correspond similarly

to the chirp transform and the deviation from the actual spectrum for Gaussian
weighting on the first multiplying chirp of =9 and =15 dB attenuation at the

SAW chirp edges, respectively. Following the inverse transform, the recon-
structed time domain signal is given in Figures 17(b), 38(a), and 39(a) for 0 dB,
-9 dB, and -15 dB Gaussian weighting, respectively. Although the difference

of this output compared to the input [Figures 17(c), 38(b), and 39(b)] is given in
terms of the unbandlimited input signal, the overall variation (neglecting the
spikes related to the unbandlimited signal as demonstrated earlier) is clearly
evidenced. The time interval is shaped by the Gaussian weighting function, as
expected. Of course, compensation for this weighting can be made in the final
stage of the inverse transformer by properly weighting the last mixing chirp,

but this presages higher loss for a complexity that has no actual advantage in

the role of adaptable filtering.

The expectation that weighting for sidelobe suppression might
improve filtering performance rests on the particular case of cw filtering.
This is more easily seen in terms of a filtering example when bandpass modula-
tion is applied to remove or pass the cw signal in the example of Figure 31,

This expectation is not realized, as discussed next.
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Figure 37(a) Envelope of the Chirp Transform of the Three-Tone Input
Signal of Figure 17 with -15 dB Gaussian Weighting on
the First Multiplying Chirp
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Figure 37(b) Difference Between the Chirp Transform and the Actual
Signal Spectrum Normalized to the Spectrum Peak for
-15 dB Gaussian Weighting
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Figure 38(a) Envelope of the Time Domain Output of the TAPS System
for the Three-Tone Input Signal of Figure 17 with -9
dB Gaussian Weighting of the First Multiplying Chirp

Figure 38(b) Difference Between the TAPS Input and Output Signals
Normalized to the Signal Peak for -9 dB Gaussian
Weighting




Figure 39(a) Envelope of the Time Domain Output of the TAPS System for the
Three-Tone Input Signal of Figure 17 with =15 dB Gaussian
Weighting

Figure 39(b) Difference Between the TAPS Input and Output Signals
Normalized to the Signal Peak for =15 dB Gaussian
Weighting




5 i cw Filtering
The principal limitation of the single channel TAPS system is that of
filtering cw signals. Whereas the adaptable filtering for pulsed signals is

achieved with similar performance to that of conventional fixed-tuned filtering

as is demonstrated shortly, cw signals (or signals that span more than one

transform interval) require special considerations due to effects at the edges

of the partitioned signal intervals. To illustrate this, a worst-case example

is simulated for discussion. Using the input of Figure 31 and a modulation

i function to remove the compressed pulse in B(t) corresponding to the cw signal

z at bandcenter, Figure 40 shows the result of this bandstop operation and Figure

f 41 shows the complementary bandpass function. The modified signal H(t) show-

‘ ing the central lobe of the sinc function removed is shown in Figure 40 (a).

f Foy This filter modulation corresponds to a 1.6 MHz bandstop filter characteristic.

% The output T(t) for this filter is shown in Figure 40(b). The beating present
on the pulses in the input signal and the cw signal level has been reduced.

The ripple remaining on the pulses is generated by the residual energy of the

cw frequency. In the areas outside and between the pulses one can see that

this residual energy is largest at the edges of the sample time AT and smallest

in the center. This effect shows up clearly if the bandpass modulation func-

‘r ? tion is modified so that only the center lobe of the cw signal is passed. This

i case corresponds to a 1.6 MHz bandpass filter characteristic. The modified

signal H(t) is shown in Figure 41(a). The normalized output T(t) is shown in
Figure 41(b). The smooth amplitude variation shows that the two pulses have
been completely removed. The variation in amplitude shows the loss of energy

in the cw signal near the edges of the sample time. Simulations of continuous
operation over several intervals more clearly demonstrate this effect. Figure
42 is a simulation of bandpassing the cw term at 150 MHz and rejecting the
remaining frequencies: pulsed terms at 144 and 162 MHz with widths of 0.51

usec and 0.33 usec and repetition periods of 1.2 usec and 1.8 usec, respectively
[Figure 42(a)]. At the edge of each of the three intervals, part of tne cw
energy is lost, causing the scalloped effect shown in Figure 42(c). Figure

42 (d) shows the opposite case: bandstopping the cw term over one interval.
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; (b) TAPS output T(t).

Bandstop filtered transform signal;

(a)

Figure 40 TAPS Output for Filtered Signals.
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Among the alternatives considered for reducing this distortion effect
was that of weighting the first multiplying chirp. It has already been ascer-
tained that no advantage to this weighting accrued to the TAPS system unless
some benefit for cw filtering was established by permitting more complete
localization of cw energy in the compressed pulse and reducing the transform
sidelobes outside the modulation function. Unfortunately, the filtering per-
formance is more directly related to the modulation function width and just as
weighting the first multiplying chirp failed to appreciably improve filtering

performance for pulsed signals, no significant improvement can be attributed
to this design variation for cw filtering.

Figure 43 shows a representative comparison of weighted and unweighted
chirps for use in cw bandpass filtering and bandstop filtering. Clearly, the
character of the distortion is changed, but there is not appreciable improve-
ment in the bandstop example for either case. The flatness of the reconstructed
cw signal in the bandpass case is improved with the weighting, but the scalloped
effect is not weakened, merely narrowed so that a smaller fraction of the time
is distorted at the interval edges. The same effect can be achieved by chang-
ing the gate width of the modulation function with unweighted chirps also. In
fact, weighting the multiplying chirp reduces the sensitivity of TAPS to
variations in the width of the modulating signal, and this may be the only
argument for including such weighting. Arguments against it include higher
loss, the need to compensate for this shaping by inversely weighting the output
multiplying chirp, and its introduction of sensitivity to time of arrival of
pulsed signals. Such weighting, at least exclusive of two channel operation

which is seen to fulfill the needs of cw filtering, is reasonably futile.

Alternatively, one might consider overlapping adjacent intervals such
that the two intervals add to unity in the region where the amplitude drops at
the edges. Figure 44 shows a time-frequency diagram for this type of operation.

With -the multiplying chirps C‘(t) overlapping, one can see that A(t) exhibits
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At

intervals of time in which the high frequency components of one interval are
present simultaneously with lower frequency components of an adjacent interval.
After convolution with I(t), the frequency components of each interval are
ordered in time as necessary, but now the high frequency components of one |
interval occupy exactly the same time as the low frequency terms of the next.
In other words, the real-time transform output can no longer resolve the full
frequency band because of the aliasing between adjacent intervals. To cir- |
cumvent this problem, the bandwidths might be made larger than desired, but
this adds insertion loss and leaves ''dead' zones in the transform that cannot
be unambiguously inverse-transformed to reconstruct a continuous output signal.
To illustrate this interference between adjacent intervals, a simulation was

made without the output broadband filter to remove the out-of-band frequencies.

At the edge of every interval, the reconstructed cw of one ''time

burst' rolls off such that a finite portion of that interval's signal is spread

into the next interval at the wrong frequency just as the sidelobes of the
transform contribute spurs in adjacent intervals. This spread part of the

signal exhibits frequencies that are at the opposite end of the band from the

i dacie

proper frequencies contributed by the subsequent interval. Figure 45 shows
this interference for cw operation and filtering in one channel. |If the inter-
fering frequencies are filtered off, the reconstructed output shows the

scalloped effect familiar from previous discussion.

The only solution to this problem is a two-channel system in which
each channel is used for alternate intervals. The outputs of both channels are ﬂ
not added, however, for then the interference would be present. Instead, the

intervals should be overlapped far enough to account for the dip at the inter-

val edges, and then the output is switched to first one channel and then the

other so that the reconstructed output is composed of signal from only one

channel at a time. The two-channel approach is acceptable theoretically,

although it requires nearly twice as much hardware and timing errors become
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more critical since coherent operation is desired to avoid large phase

discontinuities.

Before demons£}ating two channel operation with simulations for cw
filtering, however, it is useful to mention again the earlier observation that
the filter modulation function width itself is important to the filtering
performance. Figure 46(a) and (b) show the single channel cw bandpass filter-
ing example for filter gate widths for 0.83 MHz and 2.5 MHz, respectively.
Certainly, if one wishes to achieve a pre-selected level of amplitude variation
in the two channel case with the least overlapping of the two channels, the
second case is preferable. For example, for a | dB amplitude variation, one
must overlap the two channels by nominally 0.3 usec out of the total 1,2 usec
processing interval in the first case, but by only 0.2 usec in the second.
Figure 47 compares the two-channel operation for the 2.5 MHz filter'to that

of the one-channel implementation of Figure 46 (b).

The two channel solution for cw filtering is clearly required regard-
less of accompanying techniques such as interval overlapping or chirp weighting
for sidelobe suppression. On the other hand, once two channel operation is
adopted, interval overlapping is an integral part of the solution and even
chirp weighting might be effectively employed to reduce sensitivity of the
filter performance to varying the filter modulation function width. Regardless,
implementation of the two channel processor is straightforward and feasible
based on the filtering performance of the single channel prototype system and
the extensive simulations performed. Timing becomes the major area of concern

and required accuracy can be achieved with available technology.

L. Timing Considerations

The relative times between the transform mixing chirp Cl(t), the
bandpass modulation signal G(t), and the inverse transform mixing chirp C3(t)

(see Figure 13) are critical to optimum operation of the system. The transform
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! mixing chirp gates out a portion of the signal AT long. This passes through

{ the chirp filter, and a signal 3 AT long is produced. Only the center AT

! contains useful information. The bandpass modulation signal must accurately

t select the frequencies within this AT interval to be passed or rejected. This

i i interval subsequently must be inverse transformed with the mixing chirp C3(t) v

g occurring at precisely the same time as that particular interval. s

The timing of the bandpass modulation signal simply determines how -

accurately the filter response is tuned to the desired frequencies. Within any
given interval AT, the frequencies are linearly displayed in time. The rate

at which these frequencies are displayed is determined by the chirp slope of
the SAW linear FM filters. In the prototype system described in this report,
the linear FM parameters are 1.905 usec and 60 MHz for a chirp slope of

31.5 MHz/usec. If the modulation function is generated 10 nsec too early or
late, the filter response is shifted by 0.3 MHz from the desired frequency.

The filter response is otherwise identical to that selected and since nano- 1

second timing accuracy is easily available using commercial pulse generators
for the feasibility demonstration, the expected frequency errors smaller than

30 kHz are insignificant in comparison to the 1 MHz minimum bandwidth.

Timing errors in starting the inverse transform mixing chirp will

shift the output frequency compared to the input by the same 0.3 MHz for

10 nsec error. In addition, some signal may be lost if the chirp signals of a
the transform and inverse transform do not line up everywhere. This is illus- T
trated by Figures 48 (a) and (b), respectively, for the radical case of a 40 nsec

error compared to that with no error for a simple cw signal input. Since the

delay of the surface wave devices can be designed so that the chirp gates are
triggered simultaneously, reliable gate timing is assured such that no signal
loss occurs and only small shifts in the output carrier frequency can occur in

proportion to the accuracy of the SAW chirp filter fabrication. Once again,

shifts of 30 kHz per nanosecond of error are acceptable.
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Timing considerations become still more important for the transform
programmable matched filter discussed in Section V where coherence over suc-
cessive intervals is mandatory, but these aspects are the subject of future

work.

€. Adaptable Bandpass/Bandstop Filter Prototype

The Transform Adaptable Processor System (TAPS) configuration required
to perform adaptable bandpass and bandstop filtering was shown in Figure 13.
The elements inside the dotted line are the parts of the TAPS filter, and the
other boxes represent laboratory test equipment used to demonstrate the proto-
type. Signals in the range from 120 to 180 MHz may be filtered. The frequencies
of operation in the prototype were determined by spurious performance of the mixers
discussed in Section III.C. The mixers are Watkins-Johnson M6E low-level,
double-balanced mixers. 1In operation, the input to the mixers is limited to
-5 dBm.

The input signal is mixed with a 60 MHz down-chirp at 275 MHz to produce
a signal with upper fundamental frequency components from 365 to 485 MHz. The
maximum length of the SAW chirp filter transducers at 425 MHz was limited to
2.0 pusec by available patterning equipment. The design of linear FM two-trans-
ducer filters then requires that the time length of the linear FM convolving
chirp filter should be 3.81 usec and the time length of the multiplying chirp
SAW devices half of that, or 1.905 usec. The maximum aperture of the SAW
filters at 275 MHz is 0.98 mm and that of the 425 MHz filters is 0.86 mm. The
calculated and measured mid-band impedances and losses of each of the three

linear FM SAW filters on ST quartz are given in Table I.

The input signals to the TAPS system must not contain frequency components
beyond the bandwidths of the devices (Section IV.B.1). The surface wave devices
within the system will attenuate the out-of-band components, but since a mixer

precedes these filters, out~of-band frequencies can create products that fall
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within the passband of the chirp filters. Introduction of interfering terms

at this point cannot be corrected by post-mixer operation on the signal. For
this reason, it will be necessary to include a filter at the input to eliminate
undesired frequency components. This filter has the same desired characteristics
as the output filter. The output filter is required to select the lower frequency .
component of the mixer output and also to reject the frequency components that

are produced just outside the 60 MHz bandwidth by the inverse transform operation

due to ambiguities from adjacent intervals (Section IV.B.4). Due to their broad
bandwidth, the ease with which low-loss LC filters can be constructed at these
frequencies, and the moderate shape factor requirement, two LC filters have been
constructed for this purpose. Figures 49(a) and (b), respectively, show a

seven-pole Butterworth design used for the input and a five-pole Tchebychev

filter used on the output. The two filters have a 50 MHz, 3 dB bandwidth corre-
sponding to the maximum frequency range demanded of the adaptable filter with

less than 2 dB of insertion loss.

The linear FM (chirp) signals that are generated to perform the chirp
transform are provided by exciting the impulse response of the 275 MHz SAW
devices with a gated rf pulse at 275 MHz with a nominal width of 10 nsec.

(A pulse of width equal to the reciprocal of the 50 MHz bandwidth would
attenuate the band edges 4 dB.) The gated rf is generated with two Olektron
Schottky diode balanced SPST switches separated by an Avantek unit amplifier
(UT0-513). The on-off ratio is improved by this cascade from -35 dB for a -
single switch to -65 dB. Since the 275 MHz pulse is expanded in the SAW linear
FM device (BT = 140, 20.6 dB) from 10 nsec to 1.905 usec, the cw feedthrough
would be only 14 dB below the linear FM signal with a single switch. This

spurious level is -44 dB below the chirp by cascading a second switch.

The 10 nsec gating pulse is used for timing inside the TAPS prototype as
well as for all test equipment to demonstrate the system. The 1.2 V input
pulse, shown in Figure 50(a), is divided to drive each of the two switches. The
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Figure 49 Broadband LC Filters for the Input and
OQutput to the Transform Adaptable
Processor System
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(a) Rf Gating Pulse

(b) 275 MHz Pulse

Figure 50 275 MHz Pulse Generation for Excitation
of SAW Chirp Devices




275 MHz cw signal to be gated has a 0 dBm level to the prototype. The gated
rf pulse shown in Figure 50(b) is amplified to +9 dBm and then divided three
ways to provide excitation to the input multiplying chirp of the transform and
the output multiplying chirp of the inverse transform and an output from TAPS

to be used for a test point or for the programmable demonstration of Section V.

The block diagram of Figure 51 (a) shows all the components of this system.
The 275 MHz SAW chirp filters are excited by the 10 nsec gated rf to produce
the 60 MHz bandwidth linear FM signal required for the multiplying operations.

i Since these components exhibit 36 dB insertion loss and an expansion loss
j equivalert to the BT product (21 dB), 63 dB gain is provided following the SAW
filters to produce a +7 dBm signal at the LO port of the mixers. The pre-
%, multiplying chirp of the first transform is divided to provide the linear FM
‘ signal not only to the adaptable filter, but also for an external connection
to the reference channel transform of the programmable matched filter bread-
board described in Section V.
3 An amplifier follows the first mixer to raise the maximum signal level
‘ back to 0 dBm prior to convolution with the 425 MHz up-chirp SAW filter. [Figure
f 51(b) is a photograph of this packaged and matched device.] This filter exhibits
- { a loss of 51 dB, but the signal to be transformed experiences compression gain,
3 :» which can be as large as the BT product of the premultiplying chirp (21 dB). The
'Yéi subsequent amplifier has 36 dB gain to produce a maximum signal level at the
'.,gg- switch of +6 dBm. Another amplifier recovers the switching loss and raises the
3;':& max imum modulated transform signal level to +17 dBm. This signal is the chirp
){:ég transform of the input signals, and an external connection is provided to observe
.j,dhf the transform results or to multiply with a reference transform for the programmable
:¢§ matched filter of Section V. This signal is fed into the input of the inverse

chirp transform process through an external cable.
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The inverse transform is provided by first convolving the modulated spectrum
signal with the 425 MHz SAW down-chirp filter as described in earlier sections.
The 44 dB insertion loss, together with the maximum expansion loss of 21 dB,
prescribes an amplifier with 53 dB gain to provide 0O dBm maximum signal to the
post-multiply mixer. The 275 MHz chirp filter used for the linear FM LO signal
at this mixer has additional delay implemented by spacing the transducers farther
apart to account for the propagation time of the original input signals through
the convolving filters. The mixer output is then filtered by the LC filter
described earlier.

The dynamic range of the transform processor is primarily set by the largest
loss component and the maximum signal levels at the mixers. A 40 dB dynamic
range was desired, and a 100 MHz bandwidth was prescribed in the signal path.

The noise level is =94 dBm minus the amplifier noise figure of 5.5 dB, or
nominally -88 dBm. The peak signal level after the SAW filter is -48 dBm

for a 4O dB margin over the noise floor.

The complete Transform Processor block diagram is shown in Figure 51 '
with the major loss component and ensuing amplifier identified by dotted lines.
The assembled processor shown in Figure 52 is packaged in three levels with the
external ports identified in the photographs as discussed. A schematic repre-
sentation of the layout of the components on each level is shown in Figures
53(a) through (c).

D. Transform Adaptable Processor Prototype Results

The Transform Adaptable Processing System configured for adaptive bandpass
or bandstop filtering clearly demonstrates its capability to handle pulsed
signal filtering. The results of the prototype included here, along with
supporting simulations, compare favorably with the performance of fixed-tuned

filters of comparable shape factor and bandwidth. The simuiations are required
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Figure 52 Transform Adaptable Processing System (TAPS) Prototype.
(a) Front view; (b) back view.
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to provide a frame of reference for appraising the results since the bandpass

and bandstop filtering operations introduce some distortions such as ringing

due to band-limiting that are characteristic of any conventional filtering
operation. Without specific reference to that fact, erroneous conclusions may
be drawn from the introduction of these effects. Two representative simulations

are shown in Figures 54 and 55 to denonstrate the validity of this observation.

e ————

! For the first case (Figure 54), a two-tone input signal is used. The

input contains a pulse train of 0.51 usec pulses at 144 MHz with a period of

1.2 usec, and a second pulse train of 0.33 psec pulses at 162 MHz with a period
of 1.8 usec. The true spectrum of this input is shown in Figure 54(b), where
the transform of a single pulse at each frequency is sampled by the repetition
of the pulse train. Following the chirp transform to obtain the spectrum
[Figure 54(c)] of a single 1.2 usec interval, a modulation function is applied
to pass the 0.33 usec pulses by gating ''on'' the 162 MHz region of the time

trace [Figure 54(d)]. (Rejection of 40 dB is assumed.) The modulation corres-
ponds to a bandwidth of 6.0 MHz with a 2:1 shape factor. Figure 54(g) shows the
reconstructed output following the time domain modulation and subsequent inverse
transformation. The simulated output clearly demonstrates the fidelity of the
adaptable bandpass filtering by TAPS with the narrow 0.33 usec pulses at 162 MHz
passed and the other pulse train at a different frequency rejected along with all

other frequencies outside the 6.0 MHz passband. The actual measured results from

the prototype confirm this, as shown later,

0f further note, however, is a comparison of these results with those ex-
pected from a conventional fixed-tuned filter. A 2:1 shape factor filter with
bandwidth of 6.0 MHz at 162 MHz was simulated, and its impulse response was

convolved with the two-tone input. Figure 54(h) shows that output under conven-

tional filtering. The TAPS output and the conventional output are remarkably
alike and, indeed, the deviations between the two are more than -20 dB down from
the output as shown in Figure S4(f). 1In other words, for pulsed signal filtering,

TAPS exhibits performance comparable to that of conventional filtering.
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The second example of pulsed signal filtering (Figure 55) adds a third ]
tone to the two-tone input of the first case. A cw frequency at 150 MHz is
included with the two pulse trains. In this case, the complementary filtering
function is shown. The narrow pulses at 162 MHz are rejected by gating ''of f''
| that region of the time domain whic@ represents those frequencies. Again, the

modulation function corresponds to a 6.0 MHz bandwidth and 2:1 shape factor at

162 MHz. Figure 55(c) shows the filtered output with the remaining cw term

and the pulse train at 144 MHz. Figure 55(d) shows the output of a conventional

fixed-tuned bandstop filter of similar parameters. Again, the results are

quite similar for both TAPS filtering and conventionally available nonadaptable
B performance. Figure 55(b) shows that the differences between the two outputs are !
nominally 20 to 30 dB down. With the introduction of the cw term, however,
the principal limitation of the ''single channel'' TAPS system is exposed, as

discussed previously. As shown in Figure 55(b), the distortion is largest at

ﬁ’

the edges of the 1.2 usec intervals where TAPS cannot properly reconstruct cw

7

signals as it is presently configured with a single channel.

The true test of the system is not the simulation, but the actual proto-

type performance. To demonstrate the transform - inverse transform operation,

i

E 4 the input chosen was a train of pulses at 165 MHz with 300 nsec widths shown in

Ei-t the top trace of Figure 56(a). The second trace is the chirp transform in

;;;' continuous, repetitive operation, and the third trace is the inverse transform _
;?ii of the second trace, or the reconstructed waveform out of TAPS. The output "
Faig waveform demonstrates clearly the successful transform and inverse transform

of the TAPS system with the only noticeable distortion due to feedthrough in the

first mixer. Further confirmation of these results is shown in Figures 56(b)

LR T

and 56(c), in which the spectra of the TAPS input and output, respectively,

are measured on a spectrum analyzer.

Applying multiple input signals to the TAPS system inputs demonstrates the

transform - inverse transform performance for the cases that are used to show
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the filtering capability of the processor. Figure 57(a) shows simultaneous input

time signals at 134 MHz and 168 MHz with 800 nsec and 200 nsec pulse widths,
respectively. The middle trace is the chirp transform, and the bottom trace is
the output, corresponding to a TAPS passband width of 50 MHz. Figures 57(b)
and (c) show the pulse spectrum before and after processing through TAPS.

Figure 58 demonstrates a third instance of simultaneous signals, which, in this

case, are not coincident in time and only occur in alternate transform intervals.

These pulses are centered at different frequencies with different widths also
(140 MHz and 160 MHz pulses with 0.5 usec and 0.2 usec widths, respectively).

Comparable performance is achieved over the full range of TAPS parameters.

The actual filtering performance of the prototype system fully demonstrates
the validity and realizability of this programmable filtering approach. The
results which follow demonstrate the system's operation both in bandpass and
bandstop roles. For this demonstration, two sets of pulses are used as before
for the input signal: the first pulse train has 0.8 usec widths at 134 MHz
and the second 0.2 psec widths at 168 MHz. This input signal is shown in the
top trace of Figures 59(a) and 60(a). Figure 57(b) shows the spectrum of the
two-tone pulsed input signal measured on a spectrum analyzer. The second trace
of Figures 59(a) and 60(a) is the now-familiar chirp transform of the input
signal repeated every 1.9 pusec with the transform of each successive interval
of the input signal. To implement a bandpass filter, the modulation function,
or gate, is simply turned off except when the desired frequency components of
the transform are present in time. The third trace of Figure 59(a) shows the
modulated transform data for the case where the 0.8 psec pulse train at 134 MHz
is passed and all other frequencies are rejected. Since the transform repeats
each 1.9 usec, the gate must also be activated every 1.9 usec to remove the
shorter pulses from every interval of the signal. The final trace of Figure
59(a) is the output of the prototype following the inverse transform of the
modulated transform trace. The short pulses are clearly rejected, and the
desired longer pulses are correctly passed and reconstructed, completing the

demonstration of the bandpass characteristics of the prototype system. Further
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INPUT
800 nsec Pulses at 134 MHz and 200 nsec Pulses at 168 MHz

Peak of 200 nsec

Input Pulse Transform

Chirp Transform

Peak of 800 nsec

Gated Transform Pulse Transform

TAPS Output

1 usec/Div
(a)

150 MHz
5 MHz/Div

(b) TAPS Filtered Output Spectrum

Figure 59 Response of the TAPS Prototype System Implementing
a Bandpass Filter to Pass the 0.8 usec Pulses at
134 MHz
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(b) Input Spectrum

Figure 60 Response of the TAPS Prototype System Performing Bandstop
Filtering to Reject the 0.8 usec Pulses at 134 MHz
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confirmation that only the longer pulses have been passed is shown in the TAPS
output spectrum analyzer photograph of Figure 59(b). Comparison to the input
spectrum of Figure 57(b) shows that the frequencies corresponding to the
narrower pulses at 168 MHz have been rejected and the output signal possesses

the spectral character of the 134 MHz pulses.

Alternatively, one might wish to reject the longer pulses at 134 MHz and
pass all other frequencies. This would be implemented by turning off the gate
only during the time corresponding to the frequency components of the 134 MHz
pulses as shown in the third trace of Figure 60(a). The inverse transform in
the last trace shows that only the narrow pulses of the two sets are passed and
properly reconstructed by the inverse transform. That more than 40 dB of rejec-
tion has been obtained against the offending frequencies is demonstrated by
comparison of the spectrum of the output in Figure 60(b) with that of the input
in Figure 57(b).

Figures 6] and 62 demonstrate that better spurious behavior can be achieved
by employing a two-channel system as described earlier. In continuous operation
spurious responses from adjacent transform intervals can be eliminated by alter-
nating between these two channels. TAPS demonstrates the effectiveness of this
technique by employing input signal pulse trains that are present only in alter-
nate intervals of the chirp transform, as was the case in Figure 58. Figure 61(a)
shows the dual input pulse train, the chirp transform, the bandpass filtered
transform, and the reconstructed output time signal. The pulses are 0.5 and
0.2 usec pulses at 140 and 160 MHz, respectively. They repeat each 3.8 usec,
or twice the chirp transform interval of 1.9 usec. The filtered spectrum for
this bandpass implementation is shown in Figure 61(b) and confirms that the 0.5
usec pulses at 140 MHz have been passed as desired [see the last trace of
Figure 61(a)]. The complementary bandstop operation is demonstrated in
Figures 62(a) and (b), where the 140 MHz signal is rejected as desired, recon-
structing the 0.2 psec pulses that lie at 160 MHz, outside the stopband of the
adaptable filter.
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Figure 61 Bandpass Filtering with TAPS to Pass 140 MHz
Signals as in a Two-Channel Transform System
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Figure 62 Bandstop Filtering with TAPS to Reject 140 MHz
Signals as in a Two-Channel Transform System
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The prototype results demonstrate the effectiveness of using transform
processing to provide continuously variable bandpéss/bandstop filtering.
The desirability of improving the insertion loss of the SAW linear FM filters,
employing longer chirp lengths utilizing RAC (Reflective Array Correlator)
technology, and configuring two channels in parallel to properly handle cw
signals, has been shown as well. Other applications portend more important
results for signal processing, however, and the next section examines program-

mable matched filtering and prewhitening.
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SECTION V
TRANSFORM PROGRAMMABLE MATCHED FILTERING AND PREWH I TEN ING

TI's demonstrated ability to perform the accurate transform of signals
can be utilized to implement a programmable matched filter with greater versa-
tility than other approaches. The system to perform a general correlation
function is shown in Figure 63(a). The need for programmable PSK filters exists
in developmental spread spectrum systems and some existing PSK communication
systems. The programmable feature is important because the coded waveforms
used in these systems are almost never fixed, but vary over a wide range of
possible codes, permitting multi-user access. The standard tapped delay line
adaptive filter approach can perform this type of filtering, provided the chip
rate is an integral submultiple of the reciprocal of the intertap time delay
and other technological obstacles can be adequately overcome. However, if the
chip rate is arbitrary, the fixed tap spacing can lead to significant filter
response degradation in spite of the variable phase and amplitude control
theoretically available at each tap. In contrast, the Transform Adaptable
Processing System handles all possible chip rates within its bandwidth with ;
equal ease, because the transform technique gives the equivalent of continu-

ously variable tap spacing. !

The transform approach to programmable matched filtering is discussed and
supported with numerous simulations. A laboratory prototype is described, and !
its results clearly establish feasibility for matched filtering, programmability, i
and prewhitening, an important additional advantage for the Transform Adaptable

Processing System.

A. Programmable Matched Filter Description

The usual implementation of the matched filter operation takes the form
of Figure 63(b). The output of the filter is the convolution of the input
signal s(t) with the impulse response of the filter h(t):

O(t) 2 S(t) s h(t)
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When the filter response is the time-reverse of the input signal, the signal is
matched and the correlated output exhibits the processing gain of the code.
However, the surface wave chirp-z transform [Figure 63(a)] enables this opera-
tion to be performed by a simple multiplication in the frequency domain. That
is, from transform theory, convolution in the time domain is the equivalent of

frequency domain multiplication,
0(w) = S(w) H(w) .

The correlated output is then given by the inverse transform of that product:

o(8) = FIpola) = 7~ ts ) Mtwl)

Tne surface wave chirp-z transform provides the real-time transform
of the time signals such that with the configuration of Figure 63(a) a more flex-
ible and powerful processing system is now possible. Thus, a variable filter
can be made by transforming the input and a reference signal to the frequency
domain, mixing the signals to obtain a product, and transforming back to the
time domain. If a transformer is used on both the input and the reference,
the output is the convolution of the two signals. If the reference signal is

the time reverse of the input signal, the output is the desired correlation.

Alternative configurations are possible with accompanying simplifications
for specific cases. The implementation shown in Figure 63(a), in contrast to

the analog programmable matched filters that utilize nonlinear convolvers, does

not require a time-inverted reference to obtain correlation. Had a transform
rather than an inverse transform been used on the reference, a time-reversed
reference would be needed. If an inverse transform, rather than a transform,

is used on the reference channel, the reference spectrum is inverted in time,

and the output is the correlation of the input and the reference. This effect

is a consequence of the inverse transform of a PSK signal being equivalent to the

transform of a time inverted version of that signal. The same result can be
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obtained by taking the conjugate of the transform of the reference, but this
method requires an extra mixing process. Nonetheless, to most effectively
utilize existing hardware, this approach was selected for feasibility

demonstration.

Simulations were performed to demonstrate the validity of this approach.
The system of Figure 63(a) is simulated by multiplying and convolving the
appropriate surface wave chirp device impulse responses. The system simulated
provides a bandwidth in excess of 50 MHz with a center frequency of 150 MHz
and utilizes 1.2 psec blocks of data. The 50-chip code whose envelope is
shown in Figure 64(a) ( a 50-chip section randomly selected from an all-day
code) was used as input signal and reference. This is merely an arbitrary
example of the type of real signai that might be processed by a programmable
matched filter. The output of the transform adaptive processor is shown in
Figure 64(d). The correlation is nearly equal to the ideal correlation of
Figure 64(b), and the difference is no more than the effects of the finite
bandwidth of the system smoothing the sharp peaks of the ideal PSK correlation.
In addition, the spectrum of the signal is available at the output of the first
transform unit and is plotted in Figure 64(c). A second example included here
is the simulation of the familiar Barker code of length 13. Figures 65(a) and
65(b) show the signal spectrum and system correlation achieved through the use
of the Transform Adaptable Processing System, exhibiting 13:1 correlation gain,

13:1 peak-to-sidelobe ratio, and the expected correlation waveform.

To further demonstrate the superior flexibility of the transform approach
over competing programmable techniques, a linear FM signal was used in exactly
the same system. Figure 66 (a) shows the magnitude of the spectrum of the
linear FM input that is available at the output of the first chirp-z transform
unit. The transform processor correlation output is plotted in Figure 66(b).

No weighting is included on the reference signal, and the compressed puise
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Figure 65 Simulation of the Transform Programmable Matched Filter for a
Barker Code of Length 13
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sidelobe level of -13 dB is achieved as expected. Clearly, no other pro-
grammable approach can perform the range of correlation available with the

Transform Adaptable Processor System,

B. Prototype Programmable Demonstration .

F | To demenstrate the programmable matched filter, the signal transform and
the inverse transform in Figure 63(a) are provided by the Transform Adaptable
By Processing System delivered for adaptive bandpass/bandstop filtering. The

i reference channel transform, the time-reversal, and the product of the two

i transforms must be performed with a separate breadboard. Figure 67 diagran:
the additional hardware required in conjunction with the Transform Adaptable
j Processing System noted above to do general correlation. The same components

are used as those designed for TAPS. The breadboard configured here can
3 perform matched filtering for signals with up to 30 MHz bandwidth (or chip
‘ rate) and 0.96 usec length. These restrictions do not apply for systems
designed specifically for the programmable matched filter, however, but are

accepted to establish feasibility with existing components.

The examples shown here to demonstrate the concept are inputs of 13-c|
Barker codes and several rectangular rf pulses. The correlation of two

rectangles is, of course, a triangle whose base-line is the sum of the lengihs

of the two rectangles. A succession of rf pulses of different widths is

as the signals and references to the programmable matched filter. Figures
68(a), (b), (c), (d), and (e) show the input in the top trace and the correcla-
ted output in the bottom trace for 150 MHz pulse widths of 0.6, 0.5, 0.3,

0.1, and 0.05 usec, respectively. Similar results are achieved for any fre-

e
e
~

[

quency between 135 MHz and 165 MHz, as predicted. Figure 68(f) shows the

transform of the 500 nsec rf pulses compared to (sin x/x) ideally and the

-

L P 3

.

. y . 2 : :
correlated spectrum which is nearly (sin x/x) as required for the triangle's

spectrum.
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The Barker codes of length 13 are more representative of coded waveforms
required in spread spectrum systems. For this example the bandwidth (or
chip rate) and signal time length are reciprocally related, with their product
equaling 13. The example codes used have bandwidths of 8 MHz and 26 MHz and
corresponding time lengths of 1.63 usec and 0.5 pusec. Figures 69(a) and (b)
show the familiar triangular main-lobe of the PSK codes, while Figure 69(c)
shows the code transform. The pulse width varies inversely with the band-
width, and the correlated null-to-null pulse widths measure 260 nsec and
80 nsec, very near the ideal. The sidelobe level is degraded by 2:1 by
spurious responses from adjacent intervals adding constructively at certain

times. These results demonstrate the validity of the approach as desired.

C. Prewhitening

The availability of the signal spectrum with the chirp transform approach
leads to an important additional advantage for TAPS programmable filters.
Narrowband interference is a common problem in spread spectrum systems, and
accurate operation often requires taking corrective action, a heretofore
difficult task in friendly environments and even less successful under hostile
circumstances. A simple clipping operation on the chirp transform often sup-
presses narrowband interference sufficiently to enable continued system

operation.

Two examples of cw interference with PN code input are shown in Figure 70.

In 70(a) the spectrum of an input signal consisting of the PN code plus a cw
interference source with amplitude equal to that of the code is shown. The
frequency of the interference was chosen to correspond to the largest fre-
quency response in the code spectrum. Thus, the examples shown represent a
worst case for the effect of cw interference. Comparison of this spectrum
with the pure code spectrum in Figure 64(c) shows the distortion introduced

in the frequency range from 135 to 145 MHz. The correlation of this input
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with the code reference [Figure 70(b)] shows the average sidelobe level greatly
increased from that for the pure code. When the interference is increased

to 20 times the code amplitude, the spectrum and correlation of the code are E
entirely masked [Figure 70(c) and 70(d)]. f

TAPS can be used to suppress such interfering signals prior to correla-
tion to improve the correlation response. If the characteristics of the
narrowband interfering signal are known in advance, its effect can also be ’
reduced by bandstopping the proper section of the input spectrum. This band-
stop function can be performed prior to mixing with the reference with only
minimal additional processing. For fixed, known interference sources, a notch
filter prior to transforming is the most effective remedy. Bandstopping after
entering TAPS cannot entirely eliminate the spectral sidelobes introduced by
the time-limiting inherent in TAPS. When the characteristics of a narrow-
band interfering signal are not known, or hostile jamming exhibits frequency
hopping, the TAPS system can still clean up the input spectrum sufficiently
to allow the code processing. This is accomplished by clipping the input
spectrum as shown in Figure 71. The input signal is transformed as in the
standard correlator, but the spectrum is clipped prior to mixing with the
reference signal. This clipping effectively removes any large contributions
to the input spectrum and thereby reduces the effect of narrowband inter-
ference. For this approximation to prewhitening, no knowledge of the fre-
quency of the interfering signal is required. The results of this simple ’
clipping operation on the interference examples considered previously are
shown in Figure 72. Comparison of the correlated output for the equal
amplitude cw interference [Figures 70(b) and 72(b)] shows a general improvement 4
in peak-to-sidelobe level across the band. The improvement in correlation is
much more obvious for the case of interference twenty times the code amplitude.
Figures 70(d) and 72(d) show that clipping brings the correlation peak out of

the noise. Again, the peak-to-sidelobe ratio is improved across the entire

correlation interval.




Burualjtymauyd |eu3oads ajewrxosddy o3 burddr|) wioysues] Aqg CRIEFENWERTVS |
puegmoddeN JO uorssauddng yitm Ja3 |14 paydiey a|qewwesbosd wioysued] diaty) [L 24nbi4

1nd1no I
¥4 <-—  anvg
QIHILYW -qv0¥9

WY04SNVYL

ISUIANI
dd1HI

A NoLLoNN
J IONIYIATY
oNlddiT)]  [WdodsNvaL
TWNIIS dyipy [ 1NdNI

G Lt i
TR ] A o

“e .
. PESER ¥ S S

139




burddi |) wiaoysuea] Aq passasddng 80uU349}433U| MD
YitM 49314 payoley 9| qewwesbouy Sdyl 2yl Jo uorle|nwis g/ 24anbi4

(P (9)
(03s™ IwIL (ZHW) AONIND3I¥4
0 ‘.w 0 v 0 b 0- 80- 0pT &1 061 Gl omﬁoe-
2 joe-
Hmd-n ]
Syl foz-
S .
m ”
g | L01-
O..—Av 'l 1L
,ﬁ. = :r _ ! L ,b ﬁc
NOISSI¥ddNS FINIYIAHIINI HLIM NOILVIIYHO0D WNY¥1I3dS a3ddI1d 90 oy-
apnyjdwy apo) sawi) Ayusm] 0) jenb3 aduaiaisiu] Mo
(23sM IwIL (ZHW) AIN3IND3¥4
0+ o_m:. mSJ L L bﬂ&q-

: | ]

ﬁ _ loco
£ | e
—60t ]
= : rméw-
b= -

g mr:-

0Tt ]

o Fols 3 cAfakaal| hb ‘ -

NOISSI¥ddNS JONTUIHUIINI HLIM NOILVTI¥NO0D WNY133dS a3ddI10 90 or-
{0} (e)

apn}1jdwy apo) o) jenb3 aduauajidiu] MJ

T i ¥ SEERCRE g W e e ﬁz«\ﬂi&&j

AL L ol o o B s - £ QPR Pilthlhln NLL.!.M»:' .P.;P

wuhr

(80) 3aNLINOYW

(80) 3aNLINOYW

140




Ty

i

These two examples demonstrate that even in the worst case of narrowband
interference of unknown or varying frequency, incorporating a simple clipping
function which approximates prewhitening into the TAPS correlator suppresses
the interference in the input spectrum. In other cases, the gating function
provided by the adaptable bandpass/bandstop filter effectively removes much of
the interference. The latter case is best suited to friendly environments,
however, when the jamming signal will not have changed frequency by the time
corrective action has been taken. (Intreducing additional delays can circumvent
this problem.) Other techniques of correction might be implemented after examin-
ing the real-time transform of the input signal as noted previously. Clearly, code

processing can be significantly improved through the use of transform processing.

Many spread spectrum systems may employ codes that are too long to permit
use of the transform programmable matched filter. The prewhitener, fortunately,
can be used regardless, with the matched filtering performed by some other
method. For this application, the transform configuration is the same as
that of the TAPS bandpass/bandstop filter (Figure 73) with the filter modula-
tion function prescribed to gate out the interfering terms or the clipping
operation substituted for the gate shown in Figure 73. To demonstrate pre-
whitening, this configuration was used. The clipping was performed by varying
the signal level into a low-power amplifier which saturated on the large
narrow spectral components of the interference. Figure 74(a) shows a correla-
ted PSK signal with cw interference whose amplitude is larger than that of
the coded signal by the 13 dB correlation gain. Figure 74 (b) shows nominally
a 6 dB improvement in visibility of the correlation peak with spectral clipping.
The range of this demonstration is limited by the saturation technique used, but
feasibility is established, and significantly greater improvements are possible with
better clipping and AGC. The final prewhitening demonstration is performed using
the gating technique in which the small portion of the spectrum containing
the narrow-band interfering term is rejected by a switch and the remaining

spectral code information is correlated. Figures 75(a) and (b) show the




SIGNAL CHIRP
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Figure 73 Configuration to Perform Prewhitening (But Not Matched Filtering)
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correlation without prewhitening and with prewhitening performed by this gating

approach. Again, the improvement is more than 6 dB, and transform techniques

for prewhitening are convincingly demonstrated.

D. Asynchronous and Continuous Operation

The transform system has been described as processing short rf signal
blocks. However, the system very easily processes continuous input signals,
since it automatically divides the signal into short time blocks, sequen-
tially processes each signal block separately, and finally sums the processed
signal blocks to obtain the desired continuous processed output. Thus, while
this technique operates in a radically different manner from the classic

programmable Kallmann filter approach, it provides the identical filter

function.

For the programmable matched filter this allows asynchronous operation
with the restriction that the reference signal cannot exceed the transform
time block dimensions (1.9 usec). However, the input signal S(t) to be corre-
lated can partially span two neighboring time intervals rather than requiring
synchronous operation. The reference signal must be repeated for each sub-
sequent time block such that the convolution of the reference signal with
each portion of the input signal then occurs in adjacent time blocks. These
two convolution output signals overlap one another in time, and they have
the property that the sum of these two outputs is exactly the desired
asynchronous matched filter correlation response. This is illustrated in
Figure 76. The code in the first case falls within only the first time
block s‘(t), and the operation is as already described. The correlated output

with the reference function is given by:

o(t) = s;(t) * h(t)

where sl(t) = s(t). 1In the second case the signal s(t) is divided into two
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pieces, or two time intervals:

E | s(t) = s5(t) + s, (t)

As already described, 53(t) is correlated with the reference signal, as is
the next time interval, Sh(t)' The output of the transform processor is also

in sequential time blocks:

' t) = t) * h
; 05(t) = s5(t) * h(t)
|
| 0, (t) = 5, (t) * h(t)
j The key to achieving continuous operation is, then, no more than summing

these signals, since superposition holds and convolution is distributive.

W o(t)

03(t) it oli»(t)

53(t) * h(t) + su(t) * h(t)

]

[s3(t) + 5,(6)] * h(t)

s(t) * h(t)

L | o(t)

That this summation takes place can be viewed in terms of the summing by the

convolving chirp electrodes of the two signals that are simultaneously within
the convolving filter. As shown in Figure 76 and described earlier, the
correlation output for the single block of data in interval 3 and the refer-
ence is contained accurately in intervals 3 and 4 of the output, since the
correlation must be twice as long as the convolving intervals. Similarly,
interval 4 is correlated to the reference and is contained in intervals 4 and
5 of the output. The time interval they have in common must be summed to

produce the correct correlation, as shown in the arithmetic discussion, and
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since this can never exceed two intervals, or 2AT, then the summing will occur

within the convolving chirp, which is 3AT long. A second possibility is to
operate two parallel channels for the inverse transform and simply sum the

two alternating outputs in a resistive or some other network.

This type of operation makes timing errors more critical to performance
than does operation of the transform adaptable bandpass/bandstop filter. In
the matched filter case, small errors in the timing of successive intervals
can cause the correlation for successive intervals to add sufficiently out-
of -phase to seriously degrade signal-to-noise improvement and peak-to-sidelobe
levels. This represents an area of needed development to ensure that timing
accuracies sufficient to maintain correlator performance are achieved. A
similar problem exists for the case of prewhitening without matched filtering,
as just described. In this instance, also, the successive intervals must
experience similar phase shifts to avoid performance degradations. On the
other hand, these problems are obviously not insurmountable, as demonstrated
by the following results. The input signal is a 128 length PSK waveform
with 10 MYz bandwidth and 12.8 psec length (Figure 77). This requires seven
transform intervals of 1.9 usec each to pass the code through the transform,
prewhitening, and inverse transform. The code is correlated in a surface
wave matched filter. Figure 77(a) shows the correlated output without the
intervening transform processor. Figure 77(b) shows the equivalent correlated
output for the case in which the code is transformed and inverse-transformed
piecewise in seven successive transform time blocks prior to the correlation.
The compressed pulses are similar in each case with a 3 dB pulse width of
nominally 80 nsec and compressed pulse sidelobes of 23 dB over the entire
convolution of 25.6 usec. The feasibility of prewhitening for long codes
is established with this demonstration of correlation for long codes and the

earlier prewhitening results.

148

SR e




sapo) buoq bujualiymauad 404 paainbay bBujlssod0dd waojsued] 49314y uolle|o440) [/ 24nbi4

82l =N
ZHN 0T = 9
208821 =1 % |
3000 )

e

57 Yo

149

uoljesado waojsuel)

9519AUI-WJ0JSURI) JAYR 1ndyno 18y paysew
Indyno Jeyl payew
- - | T O it e, RIS T “,.,!014\1.1‘ & Q!ﬁ "
s s X v PR BTN 1 LirFLWM Saati k. g Ll E NDE -




E. Summary ana Comments on Needed Development

There are numerous possible configurations for the transform programmable
matched filter and prewhitener. The choice of whether to inverse-transform
the reference signal or follow a transform with a mixer for time reversal is
but one of the choices to be made. Others include whether to accept reference
data at rf as is the casc for the received signal or to input the reference at
baseband via digital stor.ge techniques. Figure 78 shows one possible pro-
grammable filter using SWD chirp transforms. The figure is divided into the
four primary functions of the programmable matched filter: the signal trans-
form, the reference transform, the frequency multiplication, and the inverse
transform. The convolving chirp in the inverse transform for programmable
matched filtering must be three times the time length of the block processing
time interval in order to inverse-transform the correlated signal, which is
twice the length of the reference. The selection of the best system architec-
ture depends on the specific application, the spurious behavior of the mixers

and amplifiers, control of timing errors, and other design considerations.

Among the several important areas of needed development for these pro-
grammable PSK filters are timing errors, spurious responses, and the
accuracy of linear FM surface wave filters for large BT systems. The timing
errors manifest themselves most particularly for continuous, or asynchronous,
operation where variations in the timing of pulses to excite the multiplying
chirp devices can interfere with the addition of successive time intervals
to produce good correlation results as discussed previously. These can
partially be alleviated by implementing the necessary delays in the
surface wave chirp filters, but temperature effects and other sources
of error may require difficult compensation and control techniques. Spurious
responses due to harmonics and undesired products in the mixers must be

considered to confiqgure the system. The time intervals on either side of
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the desired time block that accurately represents the transform contains side-
lobes of other chirp convolutions and multiplications. These are obviously
within the succeeding time intervals, as distortio: in continuous operation
and appropriate design must secure suitable sidelobe levels for satisfactory
operation. Implementation of surface wave chirp filters is currently capable
of delivering between 30 dB and 40 dB spurious levels, and achieving better
than that depends on more accurate and expensive synthesis. The insertion
loss of the SAW components is one of the principal limitations of the trans-

| form processor, although even with low-power mixers, dynamic range in excess

I < T e ———

! of 40 dB can be achieved. The mixers themselves represent a troublesome ;
component in the role of providing multiplication of two time signals that !
i } vary in ampiitude as do PSK code spectra. Nevertheless, realization of good g

results for a programmable PSK filter }s relatively straightforward, but

~

study and refinements are appropriate for most system uses.

L

In summary, with state-of-the-art components and the promise of signifi=
cant technological spin-offs, a more flexible and powerful processing system
can be configured for programmable PSK filters than would otherwise be avail=
able. The programmable matched filter with prewhitening has been described

and feasibility established with simulations and prototype results. Even

e Y S sy o vt s

systems that require codes longer than t:ose that can be easily attained with
SAW components can benefit from the transform approach to prewhitening and
correlation of long codes after transform - inverse transform processing has
been demonstrated, despite the time segmentation of the code by the transform

operation.
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SECTION VI
CONCLUS IONS

An acoustic adaptive transversal filter based on a novel transform pro-
cessing technique has been developed and demonstrated. This approach has
capabilities far beyond those of previous SAW programmable filters; simul-
taneously, it circumvencs many serious fabrication difficulties associated
with various conventional tapped delay line methods of achieving variable
response. Not only does the prototype developed under this contract perform
continuously tuned, programmable filtering for adaptable bandpass/bandstop
applications, but it also enables the performance of many important new signal

processing functions such as prewhitening for spread spectrum systems.

In addition to the fabricational simplicity, there are several other
important advantages of the Transform Adaptable Processing System. First, this
approach uses standard SAW technology and thus automatically benefits from SAW
technology advances. The competing techniques use specialized technologies
that have limited use elsewhere. Second, in addition to adaptive filtering,
TAPS can provide the frequency spectrum of the input signal. This spectral
information is needed in many systems applications of an adaptive filter. For
example, when an adaptive filter is used to cancel unwanted interference in a
wideband communications system due to friendly or jamming transmitters, the
frequency spectrum of the interfering signals may first need to be measured so
that the proper programming information for the adaptive filter can be cal-
culated. The TAPS system provides this spectrum information with no additional
hardware, whereas additional hardware and processing time would be needed to
obtain this vital information with a programmable Kallmann filter. Thus,

TAPS not only provides all the filter functions of a classic adaptive filter,
but it also has the additional capability of providing the spectral information
needed in many systems that use adaptive filters. For some cases, simple,
effective, antijam measures can be impiemented by only adding a clipper after
the transform to the frequency domain; no additional complexity for character-

izing the interfering signal in frequency, etc., is necessary.
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The use of SAW linear FM filters, mixers, and amplifiers to perform the
chirp transform has been demonstrated. This is the basic building block of
the transform processing approach to variable response filters. The transform
of numerous signals in the 120 to 180 MHz band has been accurately performed
along with its mathematical and heuristic description. The experimental model
delivers this accurate spectral information in real-time and has led to the
investigation of other signal processing applications such as in radar Doppler

processing in conjunction with time compression and in EW systems.

The principal objective of this contract was met with the demonstration
and delivery of the Transform Adaptable Processing System (TAPS) for continu-
ously variable bandpass/bandstop filtering. This is achieved by simply modula=-
ting the time signal after the transform to pass or remove the desired frequency
components and then inverse-transforming the modulated signal to produce the
filtered time domain signal. Experimental results and numerous simulations
have established design objectives and confirmed the effective filtering
performance of the TAPS prototype for pulsed rf signals. The requirement for
a two-channel parallel processor for cw filtering has been shown. The TAPS
system can implement bandpass or bandstop filter bandwidths of nominally
1 MHz to 50 MHz between 120 and 180 MHz in virtually any combination of

responses.

This accessibility of the input signal spectrum in real-time and the ease
with which it can be modified to produce a variety of programmable filter
responses led to the demonstration of other signal processing functions such
as programmable matched filtering and prewhitening. This approach offers much
greater versatility than other programmable approaches, since it can process
a larger class of signals encompassing both PSK and FM signals within the
same system. Of more importance, however, is the facility to suppress narrow-
band interference, a common problem in spread-spectrum system processing.

This is achieved with simple clipping or adaptable filtering of the spectrum
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made available by the chirp transform approach. The feasibility of employing
transform techniques in these applications has been established through both

simulations and completed breadboard results with the TAPS system.

- The insertion loss of the SAW components is one of the principal limita=-
tions of the transform processor, although even with low-power mixers, dynamic
range in excess of 40 dB was achieved. Among other important areas of needed

y development to improve TAPS are timing errors, spurious responses, and the
i accuracy of linear FM surface wave filters for large BT systems. The timfng
: * errors manifest themselves most particularly for continuous, or asynchronous,
; b operation in programmable matched filtering or prewhitening, where variations
j in the timing of pulses to excite the multiplying chirp devices can interfere
with the addition of successive time intervals to produce good correlation
results. These can be alleviated by implementing the necessary delays in the
surface wave chirp filters. Temperature effects and other sources of error
may be corrected with lock-loop techniques for compensation and control.
Spurious responses due to harmonics and undesired products in the mixers may
\ be avoided in configuring the system, but the time intervals on either side of
I the desired time block that accurately represents the transform contains side-
! lobes of other chirp convolutions and multiplications. These are obviously
?i within the succeeding time intervals, as distortion in continuous operation
}; and appropriate design must secure suitable sidelobe levels for satisfactory
,i;{ 3 - operation. Implementation of surface wave chirp filtes: is currently capable
ii of delivering between 30 dB and 40 dB spurious levels, and achieving better
than that cd~pends on more accurate and expensive synthesis. The mixers also
;i ? represent a troublesome component in the -ole of providing multiplication of
33 two time signals that vary in amplitude as do PSK code spectra. This problem
also has been resolved, and realization of good results for programmable
% filters is relatively straightforward, requiring refinements appropriate to

specific system uses.
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The availability of spectral information in real-time clearly permits many
important new signal processing applications. Although understanding the basic
operating principles of the Transform Adaptable Processing System is more
complex than is the case for a conventional programmable filter, its physical
implementation is considerably simpler, since it consists of a small number of
SAW chirp filters, mixers and amplifiers, and a timing generator. The capa-
bility of providing accurate transform information in real-time has been
demonstrated, and prototype results for continuously variable bandpass/bandstop
filtering, versatile programmable matched filtering, and prewhitening for
suppression of narrowband interference evidence the power of the transform
processing approach to many signal processing problems. This report has des-
cribed this approach in detail and demonstrated its feasibility with extensive

experimental results of the prototype Transform Adaptable Processing System.
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