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On the Noise Behavior of a SAW Convolver Used
as a Matched Filter

Gerald Ostermayer, Associate Member, IEEE

Abstract—The noise behavior of a surface acoustic wave con-
volver used as an analog matched filter is investigated in this paper.
In contrast to the existing literature, we do not neglect the influ-
ence of noise processes with squared amplitudes. It is shown that
these quadratic noise contributions have a significant influence on
the output signal-to-noise ratio (SNR) of the convolver for values
of input SNR lower than 10 dB. The calculation is done for on-off
keying coded signals but the results are also valid for other modu-
lation schemes, e.g., phase shift keying.

Index Terms—Convolver, matched filter, noise, SAW, spread
spectrum.

I. INTRODUCTION

I N THE LAST years, several interesting applications of
surface acoustic wave (SAW) convolvers were published

[1]–[5]. This device was used in spread-spectrum communi-
cation systems, measurement systems, and sensing systems.
Whenever a real-time correlation of fast varying signals with
high time-bandwidth product is necessary a SAW convolver
can advantageously be used. This is due to its high real-time
calculation capability for a specific operation, i.e., for con-
volution or correlation, respectively. For signal detection in
communication systems, as well as for accuracy estimation in
measurement and sensing systems, the influence of noise at the
convolver inputs to the output signal is extremely interesting.

In Section II, a short description of a SAW convolver is given.
Section III describes how noise at the convolver inputs affect
the signal at the output. Finally, short conclusions are given in
Section IV.

II. SAW CONVOLVER

A SAW convolver is an electroacoustic device with three elec-
trical ports: two input and one output port [6]. The electrical
signal at the convolver output is strongly related to the con-
tinuous-time convolution of the two electrical input signals
and . Fig. 1 shows a SAW convolver. At each end of the
piezoelectric substrate, there is an interdigital transducer (IDT)
[7]. The IDT element consists of an electrical and acoustic port
and converts the electrical input signals and into the
propagating acoustic waves and

, with being the sound ve-
locity. Each IDT is followed by a beam compressor, which com-
presses the beam width to a couple of wavelengths. Between
the beam compressors, there is a narrow (a few wavelengths)
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Fig. 1. Principle structure of a SAW convolver.

metallic electrode of length . Below this waveguide, the sig-
nals and propagate in opposite directions. Due
to the large-signal amplitudes in this area, a local polarization
is generated, which is proportional to ,
i.e., the local product is generated. The long
metallic electrode integrates the surface polarization over. If
the electrode is very long compared to the wavelength, the in-
tegration of all polarization parts not contributing to the convo-
lution operation results in a constant offset of the output signal.
Due to capacitive coupling of the convolver ports, this offset
does not affect the output signal. Introducing integration time

and defining , we get for the convolver
output signal

(1)

with as a proportionality factor and as the
delay due to the distance between IDT and waveguide. It is seen
that the output signal is a time-compressed (with a factor of
two) and time-delayed version of the convolution
of the input signals and . Due to the time compressing,
it is possible to design a convolver in a way that the input and
output spectrums do not cover the same frequency range. Thus,
input and output signals are not disturbed by crosstalk. With a
suitable choice of , an analog real-time matched filter for
almost arbitrarily signals can be built.

III. N OISE BEHAVIOR

A. General

In this section, we investigate how the convolver output signal
is affected by noise at the inputs. In the literature [8], one can
find such calculations with much more simplifications, as in this
paper. Our focus lies on the use of a convolver as a matched
filter. We investigate the dependence of the SNR at the sam-
pling moment of the output signal on the SNRs of the two input
signals.
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Basis for our calculations in the time domain is the general
relation between the electrical input signals and (cor-
rupted by mutually uncorrelated white Gaussian noise processes

and , respectively) and the electrical output signal
[6]

(2)

with as the weighting factor for the linear relationship be-
tween the inputs and output, as the weighting factor for the
quadratic nonlinear relationship between the inputs and output,

as a convolver input signal (receiving signal), as the
other convolver input signal (reference signal), as the con-
volver output signal, as the time duration of the integrating
electrode, as a stationary noise process at inputwith
two-sided power spectral density, and as a stationary
noise process at input with two-sided spectrum density .
The convolver itself is considered to be noise free. Rewriting
(2) gives

Fig. 2. Example of an OOK coded signal with' = ��=2 and code
[1 1 0 0 1].

(3)

Without loss of generality, we concentrate on on–off keying
(OOK) coded signals since, at some points, the calculations
are simpler than, for example, phase-shift keying (PSK) coded
signals. Note that all derived results for the sampling moment
are valid for other coding schemes (binary phase-shift keying
(BPSK), quaternary phase-shift keying (QPSK),) as well.
The time duration is the chip duration, is the duration
of the RF burst in case a chip is set to “1.” We consider the gen-
eral case for , but in practice, and are often the
same, i.e., . Signal can be written as

(4)

with as the burst envelope
and for , otherwise, as the
normalized rectangle function. denotes the amplitude, and

denotes the signal code of length with chips
set to “1.” Fig. 2 shows an example. Analogously, the reference
signal can be written as

(5)

with . Before we start the
evaluation of (3), some assumptions are stated. The maximum
code duration has to be shorter than the integrating electrode of
the convolver. The sampling point of the output signal equals the
moment when the receiving and reference signals completely
overlap. The system has to make sure that, at this moment, both
signals are completely covered by the integrating electrode. A
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suitable choice of in (4) and (5) guarantees that this prereq-
uisite is fulfilled.

B. Irrelevant Signals

Parts 1, 2, 5, and 6 of (3) are integrals of sinusoidal waves
[cf (4) and (5)]. As stated in the above section, we are only in-
terested in the conditions at the sampling moment. At this time,
whole signals and are covered by the integrating elec-
trode. Therefore, calculating parts 1, 2, 5, and 6 of (3) result in
time-independent values. Due to capacitive coupling, such an
offset does not appear at the convolver output and, therefore,
needs not be considered. Parts 3 and 4 of (3) can be neglected
since the noise processes and have zero mean and
the integrating time is much longer than the inverse of the
convolver input bandwidth. Since and are uncorre-
lated processes, the last part of (3) can be neglected as well.

C. Relevant Signals

Seven parts of (3) remain, which contribute to the convolver
output signal: , , , , , ,
and . The signal of (3) is the desired output signal.
All other signals are noise processes, which disturb . It is
a special property of a convolver that the noise power partly de-
pends on the input signals and . In the following, we
will calculate the power or variance of all parts of the output
signal at the sampling moment to find the relationship between
the SNR of the output signal (at sampling moment) and the
SNRs of the input signals.

1) Desired Output Signal:At the sampling moment ,
all chips of and are exactly time aligned. From (4)
and (5), we know that an optimum correlation result is given
for . Fig. 3 shows chips of the signals and

. The arrows indicate the signal propagation direction for
increasing time. For the following considerations, we assume

. This guarantees that each chip overlaps with, at
most, one other chip. The value of the correlation maximum is
not affected by this assumption. Therefore, the results at
of these investigations are valid for . With (4) and (5),
we get

(6)

The integration limits are taken from Fig. 3. Within these
limits, it is guaranteed that . Again, we assume

Fig. 3. Thekth bits of the signalss(t + �) andr(t � �).

(without loss of generality) that the code length isand all chips
are set to “1."

Additionally, we agree on . With these as-
sumptions, we get

(7)

Since relevant frequency values are in the range of several 100
MHz, the parts with in the denominator can be neglected.
With for , , otherwise we get

(8)

The maximum can be calculated to ,
. The power is given by

(9)

2) Quadratic Noise Signals:In contrast to previous litera-
ture (e.g., [8]), the quadratic noise signals and
[cf (3)] are not neglected in this paper. We will see that these sig-
nals have a significant influence on the SNR of the convolver
output signal. In the following, we calculate the power
and the variance of the noise process . The noise
process is assumed to be stationary, white, and Gaussian with a
two-sided spectrum density . The noise power is given by

(10)
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with and
, where FT and ACF denote the Fourier

transform and the autocorrelation function, respectively. The
noise process can be written as

(11)

with . The relationship between the
power spectral densities of a stationary process at the input
and a stationary process at the output of a linear time
invariant (LTI) system is given by

[9]. The relationship between the ACFs of a stationary noise
process and the same process with squared amplitudes

is given by

where FT denotes the Fourier transform [10]. Consequently, we
get for the power spectrum density of

(12)

At the convolver input, we assume to have an ideal passband
filter with center frequency and bandwidth . The noise
power spectrum density after that filter can be written as

(13)

The convolution of this noise power spectrum density gives

(14)

From (11), we know

Knowing this and using (10), (12), and (14), we yield for the
power of

(15)

The variance equals the power minus the contri-
bution at . Thus, we get for the variance of

(16)

Considering the relation [11]

with (17)

(16) can be rewritten into

(18)

For arguments Si( ) and Ci( ) can be very well
approximated by and zero. Since the frequency range and
integration length of a SAW convolver is in the range of some
100 MHz and some microsecond, respectively, the condition

is fulfilled very well. For instance, the argument for
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the convolver used in [1]–[3], the inequality , is
valid. Equation (18) can be simplified to

(19)

The “worst case” in (18) means that the magnitude of the
second part within the outer brackets of (19) is maximized. Ne-
glecting this second part causes an error of around 1%. This
gives

(20)

Since the noise processes and are stationary, we
get for the variance of

(21)

The processes and were assumed to be Gaussian
distributed and it follows that the processes and
are distributed with 1 of freedom.

3) Signal Depending Noise Processes:The first process to
be considered is . is given in (4), the noise process

is assumed to be stationary, white, Gaussian distibuted,
and has a two-sided power spectral density. The power of

is given by

(22)

with and .
can be written as

(23)

with . Since we are
only interested in time intervals where the whole signal is
covered by the integrating electrode and keeping in mind that

is stationary, we can simplify the preceding equation to
. With that, (23) can be rewritten as

(24)

Similar to [cf (11)], can be considered as
the answer of an LTI system with impulse response to the
noise process at the input. The relation between the power
spectral densities and of the noise processes

and is given by

(25)

With (4), we get for the square of the spectrum of

(26)

A numerical investigation of (26) using simulations shows
that the part can be
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neglected. Knowing this, the calculation of the power of
gives the following with (22), (25), and (13):

(27)

From (27), it is observed that the power has no contri-
bution at . Therefore, the relation is valid.
Using (17) and , we can simplify (27) to (28), shown at
the bottom of this page.

The approximations as well as the term “worst case” are used
in the same sense as was done for (18) and (19). Equation (28)
can be simplified to

(29)

For real-world convolvers and signals [1]–[3], it can be safely
assumed that holds, and we arrive at the variance of

(30)

From (3), it is concluded that the variances of the stationary
noise processes , , and obey similar equa-
tions.

(28)
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Fig. 4. SNR at the convolver output depending onSNR at the
convolver input for three different code lengthsn (1, 12, and 48).

4) SNR at the Convolver Output:The SNR at the convolver
output is given by

(31)

Using and , we
can rewrite (31) to

(32)

Since the reference signal is generated in the receiver, the
unequation ( ) holds. Considering
this and adjusting the amplifiers at the convolver inputs in a way
that , we obtain

or

(33)

Fig. 5. Gain inSNR at the convolver output depending on theSNR at
the convolver input and code lengthn compared to code lengthn = 1.

From [1]–[3], we have data of a convolver and used signals,
s, MHz, and ns. Fig. 4 shows the
at the convolver output dependent on the at

the convolver input for three different code lengths. One can
see that the distributed part is dominating for

dB, whereas the Gauss distributed part is dominating
for dB. In the literature (e.g., [8]), the

distributed part is neglected. As we see from Fig. 4, this
is only permissible for an dB; values
that are often not reached in spread-spectrum communications.
Fig. 5 depicts the gain of that can be achieved with
code lengths compared to a code length . The transition
from the distribution dominated part to the Gauss distribution
dominated part can be recognized very well.

IV. CONCLUSIONS

The noise behavior at the output of a SAW convolver is de-
rived and discussed for matched filter applications. In view of
these applications, one input signal is assumed to be generated
locally in the receiver as the reference signal. Therefore, its SNR
is much higher than the received signal at the second input of
the convolver. We calculated the instantaneous SNR at the con-
volver output at the sampling time, which is dependent on the
SNR at the receiving signal input of the convolver. It was shown
that the noise processes with squared amplitudes contribute sig-
nificantly to the noise at the output for dB. Ne-
glecting these quadratic contributions causes a significant error
(up to some 10 dB) in the .
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