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Very Fast Signal Processors as a Result
of the Coupling of Surface Acoustic

Wave and Digital Technologies

HERVE GAUTIER AND P. TOURNOIS, MEMBER,IEEE

A bstract— The recent progress of the digital and the surface acoustic

wave (SAW) technologies have made them compatibl~ and it is now

possible to design signal-processing modules which benefit from the flexi-

bility of the digital techniques and the very high computation speed of the

SAW techniques. Very fast signal processors can now be built which are

able to process several tens of megasamples per second and whose volume

and power consumption are limited. This paper shows the compatibltity of

these technologies and the advantages yielded by their joint use. Several

examples are described which relate to one- and two-dimensional Fonrier

and correlation processors.

I. INTRODUCTION

M ODERN SIGNAL PROCESSORS require higher
and higher processing speeds: 10 to 100 megasam-

ples per second rates are now common in electronic coun-
ter measure systems where the radar environment is very
dense, and in spread spectrum telecommunications operat-
ing over several tens of megahertz instantaneous band-
widths. But high rates are also necessary in low-frequency
multichannel equipment like sonar systems, and in real-time
two-dimensional signal analyzers. To build such processors,
a multiplexed digital technology had to be employed and
resulted in often prohibitive volume and power consump-
tion.

The existence of surface acoustic wave (SAW) computa-
tion modules now allows for very fast complex computa-
tions to be performed in real time and at rates correspond-
ing to 10- to 500-MHz bandwidths. For examples. the
speed of Acoustic Fourier Transform modules corresponds
to that a one-butterfly digital FFT circuit with a 2-ns
butterfly time; and acoustic convolves can perform more
than 1010analog multiplications per second. In both cases,
12-bit dynamic range and 6- to 8-bit accuracy are obtained.
Analog systems like radars have made use of these compo-
nents for some years. But their field of application has
been limited because 1) digital post-processing must gener-
ally follow and it was unable to extract the information at
these speeds, 2) series multiplexing was not powerful enough
and one could only process one-dimensional information
with high rates, and over limited time slots, directly com-
patible with the SAW devices, 3) finally, the lack of mem-
ory required that the signals to be compared be quasi-
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simultaneous and only instantaneous processing was possi-
ble.

The performances of digital components such as sam-
plers/digitizers, multiplexer, digital modulators, and
memories are now compatible to those of the SAW tech-
nology. The speed of the computation modules like multi-
pliers. correlators. FFT’s is not comparable. To perform
these complex functions, acoustic wave components should,
therefore, be employed and coupled to fast 1/0 and store
digital components. The flexibility of the digital techniques
is thus associated to the high processing speed of the SAW
components. Reduction in volume, power consumption,
cost, and hence improved reliability would result. A simple
technological answer has, therefore, been found to the
question of fast processors stated earlier.

This paper will show the compatibility of the two tech-
nologies in presence and the advantages which can result
from their joint use. Several examples are described which
deal with one- and two-dimensional systems. Fourier trans-
form processors (sea-bottom imaging sonars and two-
dimensional acoustic beamforming) and correlation
processors (signal sorting or filtering and two-dimensional
map correlation) are discussed.

II. FUNDAMENTALS OF SAW-TO-DIGITAL

COUPLING

A very wide variety of components and subsystems can
be realized using these two basic technologies. This presen-
tation will be restricted to a few. The major surface wave
components of interest here are the dispersive delay lines
which can employ the reflective array technology [1] or the
interdigital transducer technique [2], and the convolves
which may be of the piezoelectric [3] or semiconductor type
[4]. These components are the basic building blocks for
Fourier transform [5] and convolution correlation [4] mod-
ules. And with adequate interfaces, these analog processors
can be coupled to digital circuits.

The digital components and interfaces referred to
throughout this paper are the sampling and digitizing
circuits (A/D converters), the digitally controlled modula-
tors (D/A converters), and the memories. Channel multi-
plexing circuits should also be added to this list; they are in
fact digitally controlled switches. Computation circuits like
multipliers or analyzers are purposely left out for their
speed is relatively low.
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Fig. 1. Performance bands of SAW and digital components.

A. Compatibility of the Two Technologies

These classes of components can be employed together
provided their performance bands overlap. In the analog
processing vocabulary, these performances can be signal
bandwidth and duration on the one hand, and accuracy
and dynamic range on the other. Translations into the
digital processing language are sampling or access speed
and number of bits. Comparison of the various perfor-
mance bands is graphically represented in Fig. l(a) and (b).

In the signal duration versus bandwidth plane, the linear
SAW device area is rather well known [6], [7]. Its upper
bounds are 200-Ks duration and 1-GHz bandwidth; these
figures being reached by device cascading or frequency
multiplication. The maximum time– bandwidth product is
104 at the present time. Nonlinear components, like con-
volves, exhibit more limited performances although the
technological bounds are not so well known,

The notion of signal duration is meaningless when deal-
ing with the digital components listed above, because one
can, in principle, assume the memory size is unlimited.
Clock frequency and access time are then the only factors
to be considered when setting the bandwidth limits.

The fastest available A/D converters and memories
employ the ECL technology (GaAs and 12L technologies
are being developed [8]). It allows for gate propagation
time of less than 1 ns and memory access time of 10 to 20
ns. Hence the maximum operation bandwidth is around
100 MHz. More standard and less power-consuming tech-
nologies (CMOS and low-power Schottky) set this limit at
10 MHz. Performances of the D/A converters always are
higher because they only require logic gates, and direct
modulation of the carrier is possible [9]. A good compati-
bility, therefore, exists for signal bandwidth and duration
up to 100 MHz and 100–200 ps, respectively.

The dynamic range and absolute precision of digital
circuits are not independent; they are functions of the
number of bits in the coding. Further, the maximum
number of bits of A/D converters is an inverse function of
speed. Converters of the parallel type using ECL compara-
tors and logic gates can operate at 200 MHz over 7 bits.
Slower circuits with larger number of bits, e.g., 12 bits at
20 MHz, would employ the successive approximation tech-
nique [9]. For the D/A converters, 60- to 80-dB isolation,
hence dynamic range at 500 MHz, is possible with ECL

gates or Schottky-diode modulators directly controlled by
the binary information.

In contrast to digital components, acoustic components
are characterized by their relative accuracy which is inde-
pendent of dynamic range. Hence two equivalent numbers
of bits should be defined. On the basis of 6 dB per bit, and
considering the SAW components show typical dynamic
ranges of 60 to 80 dB depending on frequency, the number
of “dynamic range bits” varies from 10 to 13. On the other
hand, computation accuracy relates to frequency or spatial
uniformity and spurious suppression. It also depends on
the type of signals being processed, for different averaging
effects can occur. Linear devices, like the dispersive filters,
show down to 0.2-dB amplitude and 10 rms phase errors,
which allow, for 35- to 45-dB sidelobe suppression with
weighting techniques. The equivalent number of accuracy
type bits is, therefore, of the order of 8. The slightly
degraded performances of nonlinear devices, such as con-
volves (0.5 dB and 10° ripples) lead to a minimum num-
ber of bits of approximately 6. In all cases, this number of
bits is independent of signal amplitude. Coupling of the
SAW and digital technologies is, therefore, possible and it
will not degrade the performances of either technology.

B. Advantages Yielded by the Coupling of Technologies

Flexibility is the major advantage of digital techniques.
It is provided by the existimce of memories and variable
clocks which allows memory and time expansion/compres-
sion to be easily realized and which greatly simplifies data
processing [9]– [11]. Further, absolute accuracy can be arbi-
trarily high. But difficulties arise when high computation
speed or large capacity is required; for in either case,
volume, power consumption, and cost increase very rapidly
and make the use of digital circuits rather impractical. This
is where complex calculations and processing should be
performed in SAW devices, provided appropriate interfac-
ing circuits are incorporated. Gain in volume, power, and
simplicity will result; and in some instances, net improve-
ment in speed is obtained over all-digital solutions. Two
characteristic examples are the acoustic Fourier trans-
formers and correlators.

Acoustic Fourier transformers employ the chirp trans-
form scheme [5] whose principle is recalled in Fig. 2. The
signal slots to be analyzed have a duration T$, and a
bandwidth B,. The result of their premultiplication by a
frequency ramp with duration ~ = ~ and frequency excur-
sion BP is analyzed in a dispersive filter of dispersion Tf,
bandwidth B,= BP+ B, matched to the premultiplying
ramp, i.e., B~/Tf =BP/TP. Post multiplication is added
when the phase information is needed. Such a module can,
therefore, analyze N= B,T, points in a time T,= Tf – T,.

The previous equations yield ~ = ~/(1 – B, /B~ ). The
fastest analyzer configuration is obtained by choosing a
convolution filter with a minimum dispersion time ~. With
the present limitation on filters (T~ <200 ps, Bf <1 GHz,
and Bf Tf <10 4). Fig. 3 gives plots of the minimum time of
analysis of N points for various signal length T,.

This is to be compared to the computation time of an
FFT digital circuit employing one butterfly with a process-
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Fig. 2. Schematic of the SAW chirp transform spectrum analyzer.
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Fig. 3, Comparative plots of the processing speeds of SAW and digital
Fourier analyzers.

ing time I-; i.e., N( T/2) logz N. The lower butterfly time is
200 ns and a more common value is 1 ps. Curve fitting of
Fig. 3 by the FFT law shows that the equivalent time ~ of
an SAW Fourier transformer for signal durations of 1 to 50
ps varies between 0.2 and 2 ns, hence a 102 to 103 gain in
speed over digital circuits.

Most SAW analyzers have the same volume and power
consumption. For example, an experimental unit able to
analyze 450 points in 15 ps fills a volume of 0.21 for a 1-W
consumption. By comparison, a digital analyzer built
around one 200-ns butterfly (hence 100 times slower) would
fill a volume of 0,31 and dissipate 20 W. It is to be noticed
that system reliability is an inverse function of dissipated
power.

The acoustic convolves are a second interesting case.
The simplest devices are composed of two identical trans-
ducers and a uniform output electrode [3] (see Fig. 4). If T

is the propagation time under the electrode, optimum
performances are obtained when convolving two simulta-
neous signals of duration T. The computation time is then
T/2.

Plots of the processing times versus number of points
and input signal bandwidth are given in Fig. 5; they are
compared to those of digital correlators made of multi-
pliers or better of FFT circuits with 200-ns elementary

T;2 T 3+/2

Fig. 4. Schematic of a piezoelectric SAW convolver
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butterfly time, Acoustic systems are 102 to 103 times faster.
Existing acoustic units (with input and output amplifier)
able to process 500 points in 5 ps only fill a volume of
0.151 and the power consumption is equal to a few watts.
By comparison, 200 times slower digital correlators (512
points in 1 ms) would require a volume of 11 and dissipate
100 W. In order to show the capacity and the feasibility of
hybrid systems employing the two technologies, several
practical systems are now described. The basic processors
are Fourier transformers and correlators,

III. FAST FOURIERANALYSIS APPLIED TO
SEA-BOTTOMIMAGING SONARSYSTEMS

One of the many applications of spectrum analysis is
beamforming. In the case of sea-bottom imaging sonars,
antennas are generally linear arrays of periodically spaced
transducers. The relative bandwidth of these active sonars
is rather narrow so that bearnforming may be achieved by
Fourier transformation [12] of the signal made of the time
multiplexed sequences of complex (amplitude and phase)
samples of all transducer signals. Correct sampling of each
transducer requires that the sampling frequency be much
larger than the operation bandwidth; hence the need for
fast switches. The Fourier transformation can advanta-
geously be performed by one SAW chirp transform module
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of the type described previously,
Fig. 6 shows an example of a sonar system with 96

receiving transducers and one illuminator. FM pulses with
22.4-ins duration and 6-kHz bandwidth are transmitted.
After reception, matched filtering is performed by CCD
means [13]. Complex demodulation follows; the real and
imaginary signals of each channel are next sampled and
time multiplexed at a 4-MHz rate; complex modulation of
a carrier frequency generates 4-MHz bandwidth, 25-ps
duration signals which can easily be analyzed by an SAW
module.

The output is the beamformed signal corresponding to a
given range cell. The next sampling of the transducers,
50– 100 ps later, yields the information concerning the next
range cell. It is worth noting that SAW processing of sonar
signals does not here require any time compression or
storage. Interfacing is simply achieved through fast sam-
pling of the many parallel inputs.

Another substantial advantage of this beamforming
technique is the possibility to generalize it to systems
making use of several illuminators, in order to increase the
angular resolution of a given antenna. The simple example
depicted in Fig. 7 shows a 48-element antenna with one
illuminator at each end, transmitting orthogonal codes with
the same duration and bandwidth as previously. After
reception, matched filters isolate the echoes associated with
each illuminator. The 96 resulting signals are then multi-
plexed to synthesize the aperture of a 96-element antenna.
The output is processed by means of the same Fourier
analyzer as before.

Comparison of Figs. 6 and 7 shows that the same
number of electronic circuits is necessary, The filters are
only of two types. The angular resolution is unchanged;
but the antenna length has been divided by 2. This gain
very often justifies the slight loss in signal-to-noise ratio of
some 3 dB which also results’ if the radiated power is
unchanged.

IV. TWO-DIMENSIONAL FOURIERTRANSFORMERS

A field of application where SAW-to-digital coupling is
necessary to yield speed, simplicity, and performances is
that of a two-dimensional transforms. Among them, the
Fourier transform is particularly useful and simple to
implement. All that is required are one-dimensional
Fourier transformers and an intermediary memory where
the information is written in along lines and readout along
rows. The capacity and dynamic range of analog memories
being too low, digital memories have to be chosen: the
SAW and digital technologies must again be married.

The schematic of a digital-in– digital-out512 X 512 point
transformer is shown in Fig, 8. This analyzer can process in
real time 4-MHz baseband signals (TV standard). The
input digital information is coded over 8 complex bits. It is
converted into a real 8-MHz bandwidth signal with a 64-ps
line time and next processed in two acoustic analyzers
made of filters with dispersions 64 ps X 8 MHz and 128
ps X 16 MHz; due to the 27-dB processing gain, logarith-
mic amplifiers must follow them to compress the output
dynamic range and keep an 8-bit coding. Complex coding
is achieved through complex demodulation and A/D con-
version. The intermediary memory is composed of 8064-
kbit RAM packages. To be compatible, the converters
must operate at 10 MHz and the memory must show an
effective access time of 100 ns.

As it stands, such a subsystem may be directly inserted
in existing digital information processing or computation
systems, where it would replace dual FFT logic circuits. In
some instances, like the video processors, input or output
converters are not required, and simplifications follow.
Full two-dimensional ensembles have not yet been built
but research groups are already working on one-
dimensional fully digitally compatible Fourier analyzers
[14], [15].

Referring again to the imaging field, one can find direct
applications of these units to front plane two-dimensional
imaging sonars [16]. The antenna is composed of a square
matrix of narrow-band transducers with one illuminator.
Two-dimensional beamforming is to be performed in a
time corresponding to the system depth of focus to limit
the background reverberation noise, A high resolution sonar
with a 100X 100 element antenna might, for instance,
require a depth of focus of 5 to 8 m and integration time
should then be limited to 5 ms. The maximum scan rate
would then be 200 images/s.

Beamforming may again be performed by Fourier analy-
sis of the fast sampled inputs (see Fig. 9). A set of 100
parallel low-speed multiplex switches connects each line of
transducers to complex demodulators. Fast 4-MHz multi-
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plexing and HF modulation results in 4-MHz bandwidth,
25-Ks duration line signals which are inputs to an SAW-
digital two-dimensional Fourier transformer. This trans-
former requires a 256-kbit memory size with a 200-ns
access time and 5-MHz clock rate converters.

Following the same principles as those presented in
Section II it is possible to reduce the size of the antenna
with no increase in angular resolution and system complex-
ity. For instance, one may employ a 50X 50 element an-
tenna with one illuminator at each corner, transmitting
orthogonal signals. Matched filters isolate the received
signals and reconstitute 100X 100 received signals. The
gain in antenna volume and complexity is even more
drastic in this case and it allows for large antenna to be
synthesized with a fairly limited loss in range.

V. CORRELATION PROCESSING

This label groups the processing techniques where any
two signals are convolved or correlated. Although the same
basic function is performed, a wide range of applications
exists. The “sidelooking” synthetic aperture radar [17] re-
quires matched filtering of the signals corresponding to the
different range cells. In spread-spectrum telecommunica-
tions [18], one talks of fast demodulation. Other receivers
compare incoming signals to a known library, the aim
being identification or sorting [19]. Finally, imaging sys-
tems need two-dimensional processors capable of correlat-
ing maps or images to allow for route alignment or identifi-
cation. And there are many more applications. When very
fast processing is compulsory, acoustic convolves give
simple answers to these questions; but they often need a
digital backing as the following examples will demonstrate.
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Fig. 10. GeneraJ scheme of correlation receivers

A. General One-Dimensional Correlation Receivers

To make an efficient use of an acoustic convolver, the
signals to be processed should appear at time differing by
less than a few microseconds and should be wide band.
These are the two reasons why input memories are gener-
ally necessary: they act as buffers and/or time– bandwidth
transformers.

The most general type of receiver is represented in Fig.
10. Incoming signals are stored in digital memories and
successive signal slots are later compared to previously
stored or library signals. For that purpose, the memory
contents modulate a carrier and the resulting signals are
combined in a convolver. The output is stored and/or
further processed.

Various particular organizations exist depending on the
application (acquisition, sorting, filtering). Signals can be
directly fed into the acoustic device (e.g., radar IFF).
However, an input memory may act as a time compressor
[10], [11] to match the signal characteristics to those of the
convolver and be able to perform a large number of
correlations in one repetition cycle.

In a synthetic aperature radar, the received signal is
stored during the plane progression and its duration corre-
sponds to the time a point target spends crossing the
antenna beam (e.g., approximately 1 s). To use a 10-ps
convolver, the input memory must perform a 105: 1 time
compression (the readout frequency must be of the order
of 10 MHz if the maximum number of samples per range
cell is 100). Hence up to 105 range cells can be processed
real time in one device! All the computation circuits would
fill a volume of 0.31 and dissipate 5 W [9]. This does not
include the memory which is present in all configurations.

B. Two-Dimensional Correlation Schemas

Since the two-dimensional correlation is not a separable
function, it is not possible to perform it by means of two
cascaded one-dimensional processors. Interesting solutions
yet exist which require one convolver and one digital
accumulator. One of them, depicted in Fig. 11, applies to
on-board map alignment.

A plane reads the portion of ground which it flies over
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Fig. 11. Principle and example of implementation of a two-dimensional
map correlation system.

and stores the last N lines scanned (see Fig. 1l(a)). The
map of the ground strip located around ordinate yOis also
stored on-board. The processor should correlate this “refer-
ence” map to the “image” map in order to determine the
date tOand abscissa XOwhen and where the plane ordinate
is yO.

One possible system uses one acoustic convolver and two
memories as shown in Fig. 1l(b). To be meaningful, the
number P of points per line in the reference map should be
greater than that of the image map, M, Choosing P = 400,

M= N= 100, the memories can be accessed at a 1O-MHZ
frequency and the line-by-line correlation functions can be
performed in a convolver with a 25-vs processing time. The
100 outputs are added by means of a digital accumulator
and one line of the two-dimensional correlation function is
obtained after 100 intermediary line correlation, i.e., in a
minimum time of 5 ms. Real time processing is, therefore,
possible provided the line scan time is greater than 5 ms

which corresponds to a 3-m progression at speed Mach 2.

VI. CONCLUSION

The digital and SAW technologies have progressed inde-
pendently for some fifteen years and they have long been
assumed noncompatible. This barrier is now falling and
coupling these two technologies is not a laboratory exercise
any more. It offers new perspectives to ultrafast and real-
time signal processing. This paper has attempted to show
the feasibility and the advantages of processors built in this
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way. The list of examples presented was by far not exhaus-
tive.

Most SAW devices applied to signal processing are still
being developed. But future needs in digital components
and interfaces are already clear. To use the full capacity of
the acoustic components it would thus be worth increasing
the operation frequency of A/D converters and memories,
Sampling frequencies of 500 to 1000 MHz for an 8-bit
coding and 1- to 10-ns memory access times are interesting
goals. Reduction in memory size and power consumption
will remain another major objective, especially when com-
pared to the performances of the acoustic components in
this respect.

It is to be remembered that, although of limited use
because of their present low speed, analog memories are
best suited to acoustic processing (analog samples are
stored and memories can be digitally controlled). The ideal
processor would be composed of analog memories, acoustic
“calculators,” and digital control and post-processing units.
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