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An Application of SAW Convolves to High
Bandwidth Spread Spectrum

Communications

JEFFREY H. GOLL, MEMBER, IEEE, AND DONALD C. MALOCHA, MEMBER, IEEE

A bstract— A spread spectrum communications subsystem that is based
on the separated medium acoustoelectric convolver is described. The
subsystem generates minimum-shift-keyed (MSK) waveforms with the aid

of SAW filters and performs differential-phase-shift-keyed (DPSK) data
demodulation with acoustoelectric convolves. The convolver provides a BT

product of 2200 with a 3-dB bandwidth of 100 MHz. The signals processed

by the subsystem have a BT product of 1100. In this paper, the subsystem,

the generation of MSK waveforms, and the use of acoustoelectric con-
volves are described. Important subsystem performance characteristics,

including dynamic range ( a 50 dB), contribution to implementation loss

(=1 dB), DPSK demodulation, and distortion levels are illustrated and
discussed.

I. INTRODUCTION

T HE ACOUSTOELECTRIC convolver [ 1], [2] is a pro-

grammable matched filter with a unique combination

of demonstrated large processing gain, good dynamic range,
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broad bandwidth, small size and weight, and low drive

power requirements. It provides the central component for

a high data rate spread spectrum communications receiver.

A convolver-based system can provide secure spread spec-

trum communications [3] with fast synchronization [4], low

probability of intercept transmission, and good jammer

immunity. In contrast with conventional matched filters

based on surface acoustic wave (SAW) tapped delay lines,

the convolver processing gain is virtually independent of

temperature. Decoding of differential-phase-shift-keyed

(DPSK) data can be conveniently accomplished with a

dual convolver [5]. Wide-band minimum-phase-shift-keyed

(MSK) waveforms for use with the convolver can be gener-

ated with the aid of an appropriately designed SAW filter

[6].

Highly developed gap-coupled acoustoelectric convolves

[5], [7]-[9] provide processing gains of up to 33 dB with

adequate dynamic range and input bandwidths of 100

MHz. Recently, an acoustoelectric convolver with an input

bandwidth of 200 MHz has been demonstrated [10]. The

mechanical support structure of the device insures stable

operation over a 100”C temperature range [5], [10]. Such

devices have passed stringent vibration tests for military
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aircraft, jeeps, and tracked-vehicle equipment [10], [11].

A convolver-based spread spectrum subsystem has been

developed at Lincoln laboratory and Texas Instruments for

the DARPA Upgraded Packet Radio Program [12]. Initial

development of devices and prototype systems took place

at Lincoln Laboratory. Texas Instruments has continued

the development of devices and systems and has con-

structed eight subsystems for the Upgraded Packet Radio.

These subsystems differ from the Lincoln Laboratory pro-

totypes in three ways. First, they utilize the improvements

[6]- [9] in device and system design that were developed

since the construction of the prototypes. Second, the sub-

system has been reduced to a printed-circuit board imple-

mentation that is easily produced. Finally, subsystem power

consumption has been reduced by taking advantage of

improved convolver efficiency and selecting more efficient

components.

In the remainder of this paper the construction, use in

data communication, and performance of the subsystem

are described. In Section II acoustoelectric convolves, the

methods of data communication employed in the convol-

ver-based subsystem, and the design of the transmitter and

receiver using this subsystem are described. The generation

of MSK waveforms using a SAW MSK filter and the use

of this filter to compensate for distortions created by the

high-speed electronics of the waveform generator are de-

scribed in Section III and the Appendix. Finally, the

performance of the subsystem is illustrated in Section IV.

II. CONVOLVER-BASED SPREAD SPECTRUM

COMMUNICATIONS SYSTEM

In the system described here, data demodulation is

accomplished using DPSK [13]. Many specific features of

the system implementation are determined by the char-

acteristics of the convolver and the choice of DPSK.

The convolver devices used in this application are il-

lustrated in Fig. 1. Each device consists of a SAW delay

line fabricated on LiNb03, separated by a small air gap

(m 0.5 pm) from two bars of silicon, ;ach approximately

3.8 cm, or 11 ps long. Two input signals, the signal S(t)

and the reference R(t), are applied to the input interdigital

SAW transducers at the two ends of the LiNb03. As the

two signals counterpropagate beneath the silicon, the elec-

tric fields that accompany them interact nonlinearly with

charge carriers near the silicon surface. The resulting out-

put

c(t)= kJs(T)R(2t– T–T)dT (1)

where T is the total delay time beneath the silicon, is a

time-compressed replica of the convolution of the two

input signals. If one of the inputs is time reversed, the

output is the correlation rather than the convolution of the

two inputs, and therefore the device provides the matched

filter function [13]. It is freely programmable, constrained

only by its length and the bandwidth of the input SAW

transducers.

Each bar of silicon is 1 bit period in length. The outputs

from the two bars are the matched filter functions for two

successive bit periods. Therefore, the device geometry pro-

vides a natural means for DPSK demodulation: the 1-bit

delay time required to compare successive bits is built into

the device.

The essential elements of the convolver-based spread

spectrum system are illustrated in Figs. 1 and 2. The

Upgraded Packet Radio subsystem consists of an MSK

modulator board for waveform generation and a convolver

board for matched filtering and DPSK demodulation. The

contents of these circuit boards are highlighted in Figs. 1

and 2.
The transmitter (Fig. 2(a)) utilizes MSK [14], [15] wave-

forms. A high data rate digital code, called the chip code, is

generated at a rate fc= 1/Tc, where Tc is the chip duration.

In the subsystem under discussion, fi, E 92.5 MHz and

T== 10.8 ns. The details of the chip code are determined

by cryptographic requirements. This code is superimposed

on a carrier by the MSK modulator (see Section III). Each

bit period, of length Tb (=11 ps), contains N (= 1024)

chips. A bit code b~(t ), containing the binary encoded

message to be transmitted, is also superimposed on the

MSK waveform. The bit rate isfb=91 kHz. The phase of

the MSK modulator output is controlled by a code bn( t ),

derived from the bit code. Over intervals of length Tb, the

phase of the MSK waveform is shifted by n- radians or not

shifted, depending on bu( t ). (Details of this procedure may

be found in [13].) In this way, the digital information to be

communicated, b~( t ), is built into the relative phase of

consecutive bits of the transmitted waveform.
In the receiver (Fig. 2(b)), SAW convolves are used to

decipher the chip code and to achieve processing gain. A

chip code generator and an MSK modulator supply a

reference MSK input to the convolver. The other convolver

input is derived from the received signal. The reference

MSK waveform differs from the signal in several respects.

First, no bit-level code is used in the reference. This is

central to bit demodulation: since there are “phase flips”

controlled by the transmitter only, the matched filter out-

put phase is controlled uniquely by the transmitted wave-

form. Detection of this phase allows determination of the

original bit information, Second, within a given bit, the

chip code in the reference is the time reverse of the chip

code of the corresponding bit in the signal. That is, if each

bit has N chips, then th chip in the signal is the same as the

(1+ N– n )th chip in the reference. This feature is a result

of the time-reversal requirement described earlier. Third,

the k th bit precedes the (k+ l)th bit in the signal, but

follows it in the reference. This is a result of the implemen-

tation of DPSK demodulation using two convolves on one

substrate, as described earlier. With this device architec-

ture, the k th bit of both the signal and the reference must

line up beneath the rightmost silicon bar in Fig. 1 at the

same time as the (k+ 1)th bits of the signal and reference

line up beneath the leftmost silicon bar. A further conse-

quence of this alignment requirement is that a single device
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Fig. 1. Schematic diagram of a convolver as part of a DPSK spread

spectrum receiver. The arrows drawn in the chip code generators in
Figs. I and 2 indicate the direction in time of the code (see text).
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Fig. 2. (a) Block diagram of a convolver-based DPSK spread spectrum
system transmitter, highlighting the contents of the MSK modulator
board. (b) Receiver, with two channels for 100-percent duty cycle
operation. The convolver board contains two convolves and afl compo-
nents of this diagram to the right of the convolves.
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Fig. 3. Matched filter output, representing the convolution of two 22-

ps-long MSK signals. Note that the ideaf response would be =22 ns
wide to the nulls of the main response.
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Fig-a) DPSK performance with a bit code b;, of 1. The peak sum
output (top trace) is more than 20 dB larger than the delta output

(bottom trace). (b) DPSK performance with a bit code b; of O. The
delta output is more than 20 dB larger than the sum output.

can process only 50 percent of the transmitted data. There-

fore, in order to achieve 100-percent duty cycle operation

of the receiver, two identical channels are used and selec-

tion switches are included (Fig. 2(b)). Convolver 1 per-

forms DPSK demodulation using bits 1 and 2, 3 and 4, etc.

(using a reference waveform with a bit sequence 2, 1, 4, 3,

etc.). Convolver 2 processes bits 2 and 3, 4 and 5, etc.

(using a reference code in order 3, 2, 5, 4, etc.). Two

separate MSK generation channels are used to supply the

two convolves with the required reference waveforms.

Given the convolver geometry of Fig. 1, DPSK demodu-

lation is easily done. The matched filter output of a typical

bit period is illustrated in Fig. 3. This RF waveform has a

well-defined phase. Outputs corresponding to successive

bit periods are generated simultaneously in the two halves

of a convolver. These two outputs are dhez+lentical or

they differ by a phase shift of ~ radians, depending on the

transmitter bit code. Thus data demodulation can be

achieved by simply adding and subtracting the two con-

volver outputs from one DPSK convolver in a 180° hybrid.

Depending on the bit-level phase shifts introduced in the

transmitter, either the X output is large and the A small

(nominally zero), giving data 1, or vice versa, giving data O.

The performance of a typical subsystem under these two

conditions is illustrated in Fig. 4. A large ratio of the sum

and delta outputs (sum/delta for data 1 and delta/sum for

data O) is desired to minimize the impact on system bit

error rates. The typical measured value of 20 dB exceeds

the system specification of 14 dB.

The convolver output is developed at twice the input

frequency. Consequently, spurious output due to electro-

magnetic feedthrough can be suppressed by bandpass

filters. Inputs and outputs of the convolves are centered at

300 and 600 MHz, respectively. Feedthrough of input

signals directly to the output is suppressed by the two

bandpass filters— a four pole and a one pole— in the

convolver board (Fig. 2(b)). These filters in cascade are

designed for 180-MHz 3-dB bandwidth, centered at 600

MHz and more than 55-dB rejection across the input

frequency band. Assuming 60-dB suppression of feed-

through in the convolver and + 15-dBm maximum input

signals, this 55-dB rejection is sufficient to limit the output

signal-to-noise degradation due to 300-MHz feedthrough

to less than 0.5 dB. These filters also reduce transients
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(a) (b)

Fig. 5. Outputs of the MSK modulator board. (a) Distorted MSK,

before implementation of the compensated MSK filter. (b) Improved
MSK waveforms, generated using the compensated SAW MSK filter.

from the switching circuitry and prevent possible satura-

tion of the output amplifiers. Therefore, the four-pole filter

is placed immediately after the switches. The one-pole filter

is placed after the final amplifier to reestablish the desired

noise bandwidth. Similarly, a five-pole bandpass filter with

a 3-dB bandwidth of 120 MHz centered at 300 MHz is

included in the modulator board (Fig. 2(a)). This filter

limits the second-harmonic content of the MSK reference

waveforms to – 40 dBm or less. The degradation of signal-

to-noise ratio at the convolver board output due to spuri-

ous input signals in the 600-MHz band is thereby limited

to less than 0.5 dB.’

The measured degradation of the system noise floor due

to electromagnetic feedthrough, including all frequencies,

was typically less than 0.5 dB.

III. GENERATION OF HIGH BANDWIDTH MSK

WAVEFORMS

MSK waveforms are characterized by tighter spectral

confinement than the more commonly used phase-shift-

keyed (PSK) waveforms. More than 99.5 percent of the

MSK energy is located between the first nulls of the MSK

spectrum, compared to 92 percent for PSK waveforms.

Therefore, MSK is a desirable waveform for multichannel

systems. SAW filters offer the broad bandwidth and pre-

cise control of impulse response required for MSK wave-

form generation. Two techniques for generating MSK using

SAW filters have been reported. One, [6], [17], based on an

impulse generator together with a SAW filter, is utilized in

the convolver-based subsystem and is described in detail in

the Appendix. The other [18] uses a SAW filter for con-

version of PSK to MSK. The impulse generator technique

is more fully developed and has been used to ,produce

waveforms with low distortion levels at chipping rates as

high as 92.5 MHz. Provided system clocks are available at

the required rates, the PSK-to-MSK conversion scheme

appears simpler to implement. It is inherently more effi.

cient, since the energy of the PSK waveform input to the

SAW filter is concentrated in the passband of the filter,

whereas an impulse has much of its energy outside the

passband of the corresponding filter. This simplifies the

circuit implementation by reducing the required gain. In

addition, the PSK-to-MSK conversion scheme should suffer

smaller distortions as a result of timing jitter in the data

transitions. However, the authors are not aware of any

published records of MSK waveforms produced with this

technique. The SAW PSK-to-MSK conversion filter in [ 18]

was designed for a chipping rate of only 5 MHz. Therefore,

in comparing the two techniques, the high-bandwidth low-

distortion results reported here should be considered along

with the potential advantages of the PSK-to-MSK con-

version technique,

The simplest measure of deviation from ideal MSK is

amplitude modulation (AM). The system specifications

required <20 percent AM, with < ‘1O percent desired. As

described in the Appendix, initial implementations of the

subsystem did not meet this specification. The MSK wave-

forms, illustrated in Fig. 5(a), exhibited H 25 percent AM.

The problem was solved by tailoring the SAW MSK filter

passband to compensate for the frequency rolloff of the

impulse generator output spectrum. The resulting MSK

waveform is illustrated in Fig, 5(b). AM in this case was

reduced to = 7 percent, with m 13 percent typical in the 8

channels made.

IV. PERFORMANCE OF THE CONVOLVER-BASED

SUBSYSTEM

The performance achieved with the convolver-based sub-

system, consisting of a modulator board and a convolver

board as described in Sections II and III, is summarized in

Table I. The parameters most relevant for system imple-

mentation are emphasized. The data in Table I are based

on the measured performance of four subsystems, contain-

ing eight convolver devices and eight output channels, built

at Texas Instruments. Note that the BT product of the

MSK waveforms used in the subsystem—nominally 31

dB— is slightly less than the convolver BT product of 33

dB.

The dynamic range and implementation loss measure-

ments require considerable care and merit further discus-

sion. Matched filter outputs generated by convolution over

the entire device length (2 bits, or 22 ps) are used in each
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TABLE I
PERFORMANCE OF THE CONVOLVER-BASED DPSK

SPREAD SPECTRUM SUBSYSTEM

specification Meas!, rement

A. DPSK Convolver Devices

Interaction Length (imec)
I“plt 3 dB Bandwidth (MHZ)
I“p. t center Frequency (MHz)
Time-Bandvidth Prodt,ct
Conversion Efficiency F,i (dBm)

DY.a.i. R..8e (dB ..l. tive t. kTB)

Maximum output Power (P1-P2-+15 dSm)

xn{>utlo,, tput I..lati.n (dB)
CJPCrating Ternperaturc
Phase deviation from linear

B, Conv.lver $.bey stem: MSK W.vef . . . .

M,XIIIIU. wIwcr Out (d!Jm)
3 dt! Bandwidth (MHz)
Waveform Time-Bandwidth Product (dB)
AM (%)
upper Harmonic Co”te”t at

Maximum Output (d B.)
DC Pow. Con6wnpti on,

MSK modulator (tJatt. )z
output Vshw

c. C. WW1.H subsystem: C.nv.lve. Board

W...i. time (dB)
SumfDelta Ratio (dB)

Implement.ti.” ..ss3 (dB)
l“put Power at 1 dB Compression

(dBm, both Signal and Refereric,)
DC Power Consumption (Watts)

22
100
300

2200
>-70

--
60

-25 to 7r3”c
--

+1 5

<56
30.9

<20

.-
<2:1 across

passba”d

>40
>14

_-

--
--

22 ● .2
IDO i. 10

300
2200

-66 i 4

56*4

-36 i 4

63*3
-25 co 70”C

*15”

+15* 3
46*3

30. I
13*6

<-45

4.2* .1
<2:1

50+3
>17

1 *.2

15*2
1.6 + .3

1 Defined as F = 10108( Poutl F’, P*), where pour ,. the device OUCPUC power and

pl ..d pz ..e the two input powers, .IL i. mw.

2 ‘zhi. doe. not include Chip Code Generator.

3 Contribution of convolves and waveform generators only. In addition to the
+ .2 dB variations among channels there is a meas”reme”t tincert.i”ty
estimated at + .5 dB.

measurement. The signal and reference waveforms are

MSK, based on chip codes 22 ps long with appropriate

time reversal. The peak instantaneous output signal power,

SOU,,is measured as follows. First the maximum amplitude

of the subsystem output (see Fig. 3) is found using an

oscilloscope. A CW signal source is used to generate a

signal at 600 MHz (the center of the output frequency

band) with the same amplitude. The rms power, S’~, of this

CW signal is then measured using a power meter. Twice

this rms power gives the peak instantaneous output power

SOUt:SOUt= 2 X Sm. S~ will be referred to as the CW equiva-

lent output power of the subsystem. The CW equivalent

power, Cm, and the peak instantaneous power, COUt,at the

convolver output can be determined by subtracting the net

gain of the post-convolver electronics from SM and SOU,,

respectively.

The subsystem dynamic range is defined as the dif-

ference between the subsystem noise floor and the CW

equivalent output power at 1-dB compression. The subsys-

tem noise floor is defined as the rms subsystem output

power when a full power reference waveform is applied to

each convolver and the signal input ports are terminated.

This simulates the case when no signal is received. The

1-dB compression point is determined by measuring the

CW equivalent output power S~ as a function of input

MSK power S1., with the reference power fixed at its

maximum value. A typical result is shown in Fig. 6. The

dynamic range of the convolver (generally quoted relative

to thermal noise) is similarly determined by measuring, as

described above, Cm as a function of Sin, locating the l-dB

compression point, and comparing to kTB. Note that the

subsystem dynamic range differs from the device dynamic

range by about 6 dB. The difference is accounted for by

several factors that degrade the signal-to-noise ratio after

the device output. These factors include losses in the 180”

hybrid (1& 0.5 dB), the preamplifier noise figure (3 & 0.5

dB), and miscellaneous factors ( 1.5 & 1 dB) such as residual

effects of crosstalk from convolver input to output, the

output amplifier noise figure, and failure to achieve exactly

the desired noise bandwidth.

The subsystem implementation loss, L,u~,Y,, is defined as

the difference (in decibels) between the output signal-to-

noise ratios of the ideal matched filter and the actual

subsystem in the presence of jamming. This loss is a

function of many factors. such as signal and noise levels at

the input, device efficiency and dynamic range, correlation

between the jammer and the signal. and amplifier noise

figures. A single, simple figure of merit, LCOnv, that de-

scribes the contribution of the convolves and waveform

generators to the implementation loss can be defined with

the aid of two simplifying assumptions. First, since matched

filters are ideal when used with white Gaussian noise,

band-limited white-noise jammers, with noise equivalent

bandwidth BN and spectral density no will be assumed.

Second, to make the figure of merit independent of ampli-

fier noise figures and signal and jammer levels at the input,

L ~Onvwill be defined in terms of signal and noise levels at

the convolver output. Equivalently, only that noise in the

signal at the subsystem output is considered that is present

because of the jammer at the input. LcOnvis then defined as

L
conv ‘(s/N),~~~]/(COUt/NOUt) (2)
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where (S/N )i~ed is the output signal-to-noise ratio of the

ideal matched filter, COutis the peak instantaneous output

of the convolver, and NOut is the rms noise power at the

convolver output, excluding thermal noise ( kTB ).

It is difficult to measure COut/NOut when the signal and

noise inputs are applied simultaneously. Therefore, the

signal and noise inputs are applied separately when mea-

suring COUtand NOUt, respectively. As long as the device is

not significantly saturated by one or both inputs, the

resulting measurement of LCO~v is not affected by the

separate application of Sin and Ni~. COut is measured as

described earlier. NOUtmust be determined indirectly. The

power at the subsystem output is first measured when Ni~
is applied at the input. The result includes, in addition to

N~Ut, the effects of the post-convolver electronics. These

effects, which are dominated by the noise figure of the first

amplifier and the gain of all amplifiers, must be subtracted

from the measured noise power at the subsystem output to

give an estimate of NOU,.

L ~Onvcan be expressed in terms of readily measurable

quantities by using the well-known result

(s/’N)i..al=2-E/nO (3)

where E is the energy in the input signal. E and no are

given by

E= Sin XT (4)

no =Nifl/B~ (5)

where T is the length of the matched filter and S,n and Ni~

are the rms input signal (MSK) and noise powers. Equa-

tions (2)–(4) together show that

L
conv

= (2BT) x (Sin/N,n)/(Cou, /Nou,) (6)

or, if all power ratios are expressed in decibels

L conv = 1010g(2BT)+ (Si~/Ni~) – (COu,/NOu,). (7)

The subsystem discrimination against a white-noise

jammer can be calculated by adding the effects of the

post-convolver electronics to the effects of Lconv. Thus by

using this single figure of merit to characterize the wave-

form generators and convolves, the signal-to-noise ratio

expected at the output can be determined for arbitrary

input power levels. For jammers other than white, Gaus-

sian noise, the correlations of the code and the jammer

must also be taken into account.

A typical measurement of COU,/NOu, versus input signal-

to-noise ratio, from which Lconv can be deduced, is shown

in Fig. 7. The apparent tendency toward smaller implemen-

tation loss evident at low input S/N is an artifact. These

curves were made with constant Sin = – 10 dBm. Low

input S/N, therefore, corresponds to large Ni”. For Nin

greater than +6 dBm (Sin /Nin < – 16 dB) the effects of

saturation are discernible in Fig. 7 as a variation in the

apparent implementation loss. This is a result of the sep-

arate application of S,. and N1~ while measuring COutand

NOU1,as described above.

27

25

23

15

,3 ~

-22 -20 -18 -16 -14 -12 -lo -8

Illpllt S/N (cjB)

Fig. 7. Convolver output signal-to-noise ratio versus input signal-to-
noise ratio for a typicat convolver board channel. The error bars
represent the repeatability of the measurements. There is an additional

estimated uncertainty of &0,5 dB in the measurements. The effects of
saturation are evident at low input signal-to-noise levels.

The N 50-dB dynamic range shown in Table I is more

than adequate to support the E 30-dB processing gain of

the subsystem. The major sources of the m l-dB contribu-

tion to the implementation loss by the convolves and

waveform generators are spatial nonuniformities in the

convolves, variations from ideal flat-amplitude, linear-

phase performance at the convolver inputs and outputs,

and residual distortions in the MSK waveforms. Spatial

nonuniformities are the result of geometric and electric

factors [8] and result in an unequal weighting in amplitude

and phase of the contributions to the output from different

parts of the convolver. Additional losses, probably rela-

tively minor, are contributed by the amplifiers, bandpass

filters, hybrids, and switches that make up the rest of the

subsystem. The total -1 -dB contribution to implementa-

tion loss by the convolves and waveform generators is

quite low considering the BT product of the subsystem.

The relatively low distortion levels introduced by the sub-

system can be further illustrated by comparing the system

output to the calculated theoretical output. The ideal out-

put, illustrated in Fig. 8(a) using the same scale as used in

Fig. 3 for the measured output, would be proportional to

the autocorrelation function of the SAW MSK filter im-

pulse response h(t) (see (A 1) in the Appendix). There are

significant discrepancies between Figs. 3 and 8(a). Most

notably, the measured output is about 30 ns between nulls,

compared to 22 ns for Fig. 8(a). In Fig. 8(b) the autocorre-

lation function of the ideal MSK filter response, distorted

by two SAW transducers centered at fo, one 3 wavelengths
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Fig. 8. (a) Calculated matched filter output with ideal MSK inputs. (b)

Calculated matched filter output including distortions due to MSK

filter output and convolver input transducers.

,, ,,
long and one 2.5 wavelengths long, is displayed on the

same scale as used in Figs. 3 and 8(a). These distortions

model the effects of the broad-band transducers in the

MSK filter outputs and the convolver inputs. The match-

ing networks at the convolver inputs are not accounted for

by this calculation. The agreement between Figs. 3 and

8(b) is excellent. The major discrepancy— a slight variation

in the apparent period from one cycle to the next in Fig.

8(b)— might be due to time jitter in the test equipment or

subsystem distortions not accounted for in Fig. 8(b). Thus

virtually all of the deviation from the ideal output pulse

shape can be accounted for by a well-understood mecha-

nism— the effect of broad-band SAW transducers. No

significant system-level performance degradation appears

to result from these small distortions.

V. CONCLUSIONS

A SAW convolver-based spread spectrum communica-

tions subsystem has been fabricated with > 30-dB process-

ing gain, a 92.5-MHz chipping rate, and a 9 l-kHz data

rate. Low-distortion MSK waveforms have been generated

with the aid of a SAW filter that compensates for distor-

tions in the waveform generator electronics. Highly devel-

oped acoustoelectric convolves have made possible the

achievement of low-distortion levels, near-ideal DPSK data

demodulation, 50-dB dynamic range, and contributions to

implementation loss of approximately 1 dB. The subsystem

thus provides a powerful basis for a spread spectrum

communications system.

APPENDIX

GENERATION OF MSK WAVEFORMS USING

A COMPENSATED SAW FILTER

The conceptual basis for the MSK modulator is given by

the block diagram outlined in Fig. 2(a). The impulse gener-

ator creates positive and negative pulses, at a rate ~ = 1/TC.

following the chip code. The n th element of the chip code

is denoted by C., where C. is 1 or O and the n th impulse

has amplitude (– 1)CII and is denoted by 8.( t).The impulse

generator output is applied to a SAW filter with a nominal

impulse response chosen so that the filter output will be an

MSK waveform. With an ideal impulse generator this

impulse response is given by

{

sin [nt/(2TC)] sin(2n~Ot), 0<t<2TC
h(t)= o

lt– Tc\>TC.
(Al)

As shown in Fig. 9, h(t) is a sinusoidal carrier inside

one-half cycle of a sinusoidal envelope. The carrier

frequency ~0 is chosen so that an odd number of half cycles

occur in the time 2TC

&=(2k+l)/(4TC). (A2)

In the case illustrated here, k= 6. Trigonometric identities

can be applied to show that the SAW MSK filter impulse

response, h(t), can also be considered as the sum of two

time-gated sinusoids

{y

[cos(27rf,l)-cos(277f2 t)]/2, o<t<2~,
h(t)= o

lt– TCl>Tc

(A3)

where

A ‘fo – l/(4L) (A4a)

f, =fo + l/(4q). (A4b)

The output of the MSK filter is

~h~(t) (A5a)
n

where

hn(t)=an(t)c31r(t) (A5b)

is the response of the SAW device to the n th impulse

generator output. Ideally, 8Jt ) is ( – l)CI times a 8 function

centered at t.

t. =nT c (A6a)

bn(t)=(– l)c’’tl(t-tn). (A6b)



GOLL AND lW4LOC~ : APPLICATION OF CONVOLVES TO COMMUNICATIONS 48 I

Fig. 9. Impulse response h(t) of the SAW MSK filter required with an
ideal impulse generator.

In this case

hn(t)=(– l)c’%(t-ln). (A6c)

Since the duration of h(t) is 2TC and the time between

impulses is T=, the filter output, (A5a) contains nonzero

contributions. h~(t) and h.+ l(t)

h~(l)=(– l)c’rsin[n(t–t. )/(2~)] sin[27~O(t–t.)]

=(-l) c’’{ cos[2nf,(t-t.)] -cos[2nf2(t-ln)] }/2

(A7)

and

hn+,(t)=(– l)c’’+’(– l)kcos[m(l–tn)

/(2Tc)] CO.S[27rj@tti)]

=(-l) c’’+’(-l)k{cos[27rf, (l-tJ

+Cos [27rf2(t-tn)] }/2 (A8)

during the interval

t~+l=t~+ TC<t<t. +2 TC=t.+l+Tc. (A9)

Equation (A7) was simplified using trigonometric identi-

ties, (Al) and (A3), and the relation (from A6a))

tn~l=tn+TC. (AIO)

The output of the SAW MSK filter during the time interval

of (A9) is, therefore, given by the sum of (A7) and (A8)

fMSK(t)=hn(t)+hn+ I(t)= (-l)c’’+ ’(-l)’

.COS{2W[~0 –(–l)c’’+c’I+ ’+~/(4TC)]}.

(All)

For the case illustrated here, k= 6 and, therefore, during

the interval of (A9)

{

(-l)c’’+’cos[2@-, (t- fn)], Cn =Cn+,
fMSK(t ) =

(-l)c’’+’cos(27rf2( t-tn)], cn#c”+,.

(A12)

The MSK waveform is a uniform amplitude sinusoid with

(a)

I

(b)

t

(c)

Fig. 10. Formation of the M>K waveform. (a) In-phase chips with code
+1, O, 1,1. (b) Quadrature chips with code +1, O, 1,1. (c) MSK wave-

form for code 11001111.

a “local” frequency that takes one of two values, ~1 or f2,

depending on the relation between successive elements of

the chip code. Transitions between j, and fz occur at times

t. = n TC when the waveform, a cosine function, is at its

peak. At this point, for any frequency, the derivative of the

cosine function is zero and thus the MSK waveform is

continuous and has a continuous first derivative.

The ideal operation of the system is summarized in Fig.

10 for the particular chip code 11001111. The odd-

numbered chips, Cl, C3, ” o“, generate the SAW MSK filter

output shown on the top line of Fig. 10 and the even-

numbered chips generate the output shown on the second

line. Note that both the carrier and the envelope of the

even-chip waveform are in quadrature with the correspond-

ing features of the odd-chip waveform, The device output,

shown on the third line of Fig. 10, is the sum of the first

two lines. Note that at all times (following the one-chip

long start-up period) one odd-numbered (or in-phase) chip

and one even-numbered (or quadrature chip contribute to

the output.

The output of an optimized impulse generator is il-

lustrated in Fig. 1l(a). The pulses exhibit good uniformity

of amplitude and timing. However, the minimum pulse-

width achieved, using Fairchild 100K series ECL compo-

nents, was 1.6 ns at the pulse base. The corresponding

frequency spectrum, illustrated in Fig. 1l(b), has a non-

negligible rolloff in this band. Therefore, when an uncom-

pensated SAW MSK filter is used with this impulse genera-

tor, significant distortion of the MSK waveform results, as

shown in Fig. 5(a). The two-step character of the waveform

in Fig. 5(a) is consistent with the hypothesis that, the

impulse generator rolloff is the dominant source of distor-

tion. Regions with “local” frequency fl = 277.5 MHz ex-
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Fig. 11

(a)
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(b)

Output of the MSK modulator impulse generator. (a) Time
domain, 50 ns per horizontal division. (b) Frequency domain, 300 MHz
at center of picture, 20 MHz per horizontal division, 10 dB per vertical
division.

hibit higher amplitude than regions with “local” fre-

quency f~ = 323.7 MHz. Computer modeling based on this

argument gave good agreement with observed MSK wave-

forms, indicating that the impulse generator rolloff was the

dominant distortion mechanism.

In order to reduce the MSK distortions, the rolloff of the

impulse generator spectrum was compensated by a rollup

in the SAW MSK filter spectrum [6]. The pulse outputs

8M(t) of the impulse generator all have nearly the same

shape, denoted by p(t)

an(t) =(–l)c”xp(t–tn). (A13)

The Fourier transform of p(t) is denoted P(w), The ideal

MSK spectrum is proportional to H(Q), the Fourier trans-

form of h(t). By the convolution theorem and (A5b) and

A13), the spectrum of the waveform resulting from applica-
tion of the impulse generator output to an ideal SAW

MSK filter is proportional to

H,(Q) =P(U)XH(U). (A14)

Ideal MSK would, therefore, be generated if the ideal MSK

filter were replaced by a filter with a transfer function

HC(U ) given by

Hc(@)=H(@)/P(ti). (A15)

A compensated filter was designed to follow (Al 5) in

amplitude exactly at fl and f2and approximately throughout

the remainder of the MSK band. No phase compensation

was attempted. The compensated SAW MSK filter utilized

in-phase and quadrature weighting in a 6.5 wavelength

long apodized transducer on yz-LiNb03. The second trans-

ducer in the compensated MSK filter was a 3 wavelength

long broad-band transducer that introduced only minor

distortions (<3 percent AM) in the MSK waveform. As

much as 4.6-dB rolloff between f, and f2 was successfully

compensated in the course of the development work. In the

final modules, with an optimized impulse generator, only

1.8 dB of rolloff compensation was required. Fig. 5(b)

shows the MSK output of a system that utilized a com-

pensated SAW MSK filter. Amplitude modulation in this

case was reduced to = 7 percent, with C= 13 percent

typical in the 8 channels made.
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Wide-Band Signal Processing Using the
Two-Beam Surface Acoustic Wave

Acoustooptic Time Integrating
Correlator

MICHAEL W. CASSEDAY, NORMAN J. BERG, MEMBER, lEEE, IRWIN J. ABRAMOVITZ,

AND JOHN N. LEE, MEMBER, IEEE

A bstruet— A new acoustooptic architecture for performing real-time
correlation of tigh-frequency wide-band signals has beerr developed. It uses
a surface-acoustic-wave (SAW) delay line, and features the optical in-

terference of two coherent light beams which have been Bra&-diffracted by

SAW’s propagating in the tine. The signal muttipiication, and subsequent
time integration of the product formed, is performed by a photodiode array
which deteets the diffracted tight. This arehitectrrre has achieved tirste-

bandwidths products exceeding 106 (34 MHz X 30 ins), and has several
attributes which make it particularly well suited for use as a spread-spectrum

signal processor. These include linearity of operation, large dynamic range,

a large time aperture over which the correlation can be observed, and the
ability to determine the center frequency and bandwidth of the signals. A
correlator with this architecture has been used to detect a number of
wide-band spread-spectrum signals. Its suitability for nse as a signal
processor in several spread-spectrum systems is considered.

I. INTRODUCTION

EVERAL present-day radio systems

munications, navigation, and radar

used for com-

make use of

spread-spectrum techniques to obtain greater range, multi-
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ple user access, better range resolution, lower probability

of intercept, and improved antijam capability [ 1, ch. 1]. The

transmitted signal in these systems is spread over a

frequency band that is much larger than is necessary for

the information being sent. In most systems of interest, this

bandwidth spreading is accomplished by using a special

signal in addition to the information being sent to mod-

ulate the radio carrier. At the receiver, a correlation de-

modulation process “collapses” the excess bandwidth, ob-

taining the improved performance in the system. The wide-

band signals employed in these systems present special

problems in real-time signal detection and reception, prob-

lems which a large time–bandwidth product correlator

may help solve.

Current digital processors are too limited in bandwidth

to successfully perform real-time correlation of many of

these spread-spectrum signals. The “traditional” analog

correlator (which consists of a mixer-multiplier followed by

an operational amplifier integrator) can process long dura-

tion wide-band signals. However, its output represents the

correlation of the signals at only one relative time delay

between them. It is very desirable to have a correlator
which can simultaneously perform the correlation of the

signals over a range of relative time delays, thereby sim-

U. S. Government work not protected by U. S. copyright.


