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Abstract—The development of a low-loss broad-band linear FM
dispersive filter having a time-bandwidth (TB) product of 1000 is
discussed. Two systems applications for highly dispersive linear FM
filters-pulse compression radar and a microscan receiver—are dk-
cussed with emphasis on filter performance requirements. The
principal factors which influence the design of surface-wave filters
are reviewed and theoretical design procedures are outlined. The
1000:1 filters, which are implemented on strong-coupling YZ
lithium niobate, typically meet the design goal of a 1OO-MHZ
rectangular passband and have a CW insertion loss of less than 35
dB. Measured data are presented for the filter performance in a
puke-compression loop and in a prototype broad-band microscan
(compressive) receiver.

I. INTRODUCTION

T

HEIR SIZE, design flexi~ility, and reproducibility

make acoustic surface-wave devices excellent candi-

dates for many important applications in radar and

communication systems, This paper discusses applications,

design, and fabrication of highly dispersive filters (HDF’s) as

a specific class of surface-wave devices.

A dispersive filter is a delay line whose group delay is a

nonconstant function of the instantaneous frequency of the

input signal, and whose amplitude response is generally

shaped for its specific application. In particular, a linear FM

dispersive filter is designed to have a linear group delay versus

frequency. Because of their importance, we will concentrate

our attention on linear FM dispersive filters; however, the

basic concepts apply equally well to the broader class.

For the purpose of this paper, we arbitrarily define a highly

dispersive filter as one with a time–bandwidth (TB) product

of ATAf~ 1000, where Ar is the differential time delay and Af

is the filter bandwidth.

Although there are many applications for dispersive filters,

the discussion in Section II is confined to pulse-compression

radar and the microscan, or compressive, receiver. This section

emphasizes the importance of highly dispersive pulse-com-

pression filters for meeting the present-day requirements of

these systems. Section III continues with an overview of the

design considerations for a highly dispersive filter. Such fac-

tors as insertion loss, bandwidth, and time dispersion are

herein related to the transducer geometry and choice of sub-

strate. This is followed by a review of the design theory, which

demonstrates the extent to which current transducer circuit

models may be employed in the design and analysis of com-

plex dispersive filters.
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In Section V the performance of a low-loss 1OO-MHZ band-

width 1000:1 linear FM dispersive filter is presented with

filter errors treated in detail.

In the final section, some new techniques are discussed

which promise to extend the realm of acoustic surface-wave

filter capabilities to meet future requirements.

II. APPLICATIONS

Pulse- Compression Radar

HDF’s are of special interest for application to large TB

pulse-compression radars. The purpose of using large TB dis-

persive filters is to implement long-range high-range resolu-

tion radar systems for the detection, identification, and track-

ing of high-speed airborne objects.

The linear FM dispersive filter is by far the most exten-

sively studied and widely used in radar applications [1]. This

may be traced to the simplicity of linear FM filter design and

the inherent tolerance of the linear FM waveform to Doppler-

shifted returns fro m high-velocity targets.

A pulse-compression radar system may generate the fre-

quency-modulated pulse by applying a short pulse to the input

of a dispersive filter. The ‘(chirped” output pulse is spread in

time and peak-power reduced by a factor equal to the TB

product of the filter. This stretched pulse is frequency-con-

verted to the radar RF, amplified, and transmitted. The re-

ceived target returns are amplified, down-converted to the re-

ceiver IF, and compressed in a matched dispersive filter. This

compression increases the peak amplitude of the returning

signals and reduces their time duration by the TB product,

i.e., the compression ratio. Spreading the signal in time upon

transmission increases the radar range by permitting the peak

power-limited transmitter to radiate more energy per pulse.

However, the signal sensitivity and dynamic range thus gained

are decreased by the insertion loss incurred during pulse

expansion. Thus the dispersive-filter insertion loss is a critical

factor in determining the maximum dynamic range of a chirp

radar system.

Detecting, identifying, and tracking high-speed airborne

objects require range resolution of 1–2 m and velocity resolu-

tion on the order of 1000 m/s. Range resolution AR and Dop-

pler velocity resolution A V are related to signal bandwidth

Aj and pulse duration Ar as

AR=L
2Af

and

c
AV=—

2foAr

(2-1)

(2-2)
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Fig. 1. Block diagram of microscan or compressive receiver, utilizing
large TB product linear FM dispersive filters and passively gen-
erated sweep.

where jO is the radar carrier frequency and c is the speed of

light.1 For a typical 3-GHz radar, the above resolutions re-

quire Aj&100 MHz and A7e50 Ks. From this example, it is

clear that TB products (A$A~) of several thousand are needed.

Consequently, we have chosen to define a highly dispersive

filter as one having a TB product in excess of 1000.

Aticroscan (Compressive) Receiver

The microscan receiver, sometimes referred to as a com-

pressive receiver, is used to detect and instantaneously mea-

sure the frequencies of unknown signals. This type of receiver

is essentially a fast spectrum analyzer equivalent to a con-

tiguous filter bank of up to several thousand filters.

The basic design, Fig. 1, differs from a conventional re-

ceiver in that the center frequency is controlled by a sweeping

local oscillator (dashed box in Fig. 1). The LO sweep, which

may be generated by a linear FM dispersive filter, produces a

signal whose frequency sweeps linearly over a band B in time

T. In the specific implementation, two 1000:1 dispersive fil-

ters are combined (with appropriate frequency translation) to

generate a sweep having B = 2Af and T= 2AT. Since the dis-

persive filter following the mixer acts as a matched filter by

compressing the signal that was modulated by the sweeping

LO, the frequency versus time slope of this compression filter

must match the sweep rate of the local oscillator.

The receiver operation may be clarified using the sweep-

intercept diagram shown in Fig. 2, in which the mixer output

frequency is plotted as a function of time. A typical displayed

output, as shown at the bottom of Fig. 2, contains one com-

pressed pulse for each received frequency. The time delay of

the compressed output pulse is determined by the specific

portion of the LO sweep that is mixed down to the compres-

sion filter band. Thus the frequency of the received signal,

which controls the frequency translation of the sweep, also

controls the time of the output pulse. That is, two signals

differing in frequency by r3~produce displayed pulses that are

separated in time by at= (AT/Af) ~f.
The two intercepted CW signals superimposed on the

response diagram represent the highest and lowest frequencies

(~.~~x and .f~~i.) that can be resolved using the full bandwidth
of the compression filter. The criterion for full resolution is

that the mixer output signal for the received frequency com-

1 For a more general treatment of range and velocity resolution
see [16].
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Fig. 2. Sweep diagram for sweep range, B = 2Af, and sweep time,
T = 2AT, showing compressed outputs for two input frequencies.

pletely span the frequency range 1~–jo ] <Aj/2, which de-

fines the passband of the compression filter. If the mixer out-

put signal does not cover the full band of the compression

filter, the effective compression ratio is reduced, and the out-

put corresponding to that frequency will not have the full-time

(hence frequency) resolution.

The range of signal frequenciesfg over which full resolution

occurs is shown in Fig. 2 for the particular receiver described

above, in which the local oscillator frequency (jL o) Sweeps

over the range I~~o —jO I =Aj. In general, it can be shown’

that the range of full-frequency resolution is equal to the

sweep range minus the compression-filter bandwidth.

After compression, the time resolution is

1
At?—

Aj

which gives a frequency resolution of

()

Aj 1
8f, ~At ~ =Z. (2-4)

To achieve high-frequency resolution, large dispersion is

required in the compression filters. Moreover, high sweep rates

Af/AT are required to cover large bandwidths in minimum

time. Since the compression filter requires a large TB product,

highly dispersive filters are an attractive candidate for this

application.

III. OVERVIEW OF DESIGN Considerations

The dispersive filter design requires determining a surface-

wave filter with an impulse response specified in the time

domain as

h(t)= e(t) exp [j@(t)] (3-1)

or in the frequency domain as

H(f) = E(f) exp [jdr(~)]. (3-2)

This paper concentrates on a linear FM waveform of center

frequencyjo, pulse length AT, chirp bandwidth Aft and an im-

(2-3)
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pulse response

10,

3-3)

The surface-wave filter is treated as atwo-port network

whose terminal pairs are the electrical terminals of the two

surface-wave transducers. Thevoltage transfer function T(f)

of this network, when loaded, is required to be

(3-4)

i.e., T(f) must be made equal to the desired spectrum to

within a nondispersive delay r and a constant A. The constant

A is maximized when thetransducer and external circuit are

matched for minimum insertion loss.

Important limitations which influence the construction of

a highly dispersive surface-wave filter satisfying (3-4) are

enumerated below.

1) Thepulselength A~of asingle filter islimited by the

Iengthof thepiezoelectric crystal. Thelength is also limited

by the increase in acoustic propagation loss proportional to

the number of electrodes (iVC=2~OAT).

2) The center frequency (jo) is limited to about 300 MHz

by the state of the art in photolithography.

3) The fractional bandwidth (A~/jo) limitation depends on

whether the filter is configured with one dispersive transducer

and one nondispersive transducer or with two dispersive

transducers. Ordinary periodic nondispersive transducer frac-

tional bandwidths are limited to about 0.25, with new types

of nondispersive transducers showing promise for fractional

bandwidths up to 0.4. Using a pair of dispersive transducers

divides the total pulse length between two transducers, re-

quiring that their combined response satisfy (3-4). The frac-

tional bandwidth of dispersive transducers is limited to less

than 1.0 to prevent the low-frequency electrodes, synchro-

nous at fO — (Af/2), from generating interfering third har-

monic signals at .fo+ (Aj/2). If no special bulk wave suppres-

sion techniques are employed, the fractional bandwidth

should be somewhat smaller than 1.0 to prevent the low-

frequency electrodes from generating bulk waves when oper-

ated at ~0+ (A~/2).

4) The anodization (acoustic aperture tapering) required

to produce the desired amplitude response 13(j) can complicate

the design theory. When both transducers are apodized, the

circuit model [2] may fail, since it does not model the com-

plicated double sum required to account for the response of

each electrode in the receiving transducer to the acoustic

waves from each electrode in the launching transducer [3].

Designs with only one apodized transducer circumvent this

problem.

5) The low ( <50 Q) transducer impedance requires the

use of low-loss broad-band matching networks. The trans-

ducer impedance is low because large numbers of electrodes

lead to a large capacitance and radiation conductance, which

cannot be reduced by use of a narrow aperture because of

diffraction limitations.

6) A compression filter with temporal amplitude weighting

for compressed-pulse sidelobe suppression is subject to acous-

tic diffraction problems. This is because highly tapered trans-

ducer apertures are needed to implement amplitude weighting

directly into the acoustic filter via the function e(t) in (3-l).

An external weighting filter eliminates this problem.

7) Large acoustic multiple-transit echoes can occur in

highly dispersive filters implemented on strong-coupling pi-

ezoelectric materials (such as YZ lithium niobate) which are

attractive for low insertion-loss applications. The strong

coupling causes a relatively large perturbation in the acoustic-

wave impedance under the metal electrodes. The resultant

small acoustic reflections from each electrode can add in phase

to give large multiple-transit echoes [2]. The “double elec-

trode” technique [4] eliminates this problem, but the required

fabrication process becomes intractable at high frequencies.

Fortunately, the problem is ameliorated in large TB filters

inasmuch as the multiple-transit echoes undergo a large de-

correlation suppression relative to the desired signal and are

also attenuated by propagation loss.

IV. FILTER DESIGN AND ANALYSIS

In order to implement a surface-wave filter it is necessary

to choose a scheme for employing two transducers which

together produce the desired frequency response. Specifically,

it is necessary to find two new signals from which the two

individual transducers are to be designed. One method is to

use a short unanodized nondispersive transducer whose spec-

tral amplitude response is nearly constant over the desired

bandwidth A~. Such a transducer launches a straight-crested

wave whose transverse energy distribution is uniform (ignor-

ing diffraction effects in the near field). In this case the filter

transfer function T(j) assumes the product form

T~) = T,(f). T,(f) (4-1)

where Tl(j), the electroacoustic transfer function of the non-

dispersive transducer, is approximately

T~(j) ~ A ~ exp [–j2@l] (4-2)

and T?(f), associated with the dispersive transducer, is to be

designed from the relation

T,(j) = (A/A,) exp [–j27j(T – ~l)]ll(~). (4-3)

Thus one transducer has a transfer function of the same form

(3-4) as specified for the entire filter. The main disadvantage

of this configuration is the inherent bandwidth limitation of

the nondispersive transducer. Broad bandwidth operation can

be achieved by dividing the differential time delay Ar between

two identical apodized transducers each having bandwidth

Aj. Reference [3] shows that the transfer function of a filter

employing two apodized transducers, in general, cannot be

described by the product of the individual transducer transfer

functions. However, the product form (4-1) is a good approx-

imation if the apodized transducers are identical and the com-

pression ratio is very large.

The desired impulse response can be synthesized by using

two identical apodized transducers whose common electro-

acoustic transfer function is ~~(j), where II(j) is given by

(3-2). The desired filter impulse response is the linear FM

waveform given by (3-3). If we denote the Fourier transform

by F, the resulting time signal for each transducer is k,(t)

= F’ { tiF[h(t) ] }. For large ATAf, kl(t) is approximately a

ZA periodic transducer or any transducer with a plane of symmetry
normal to the propagation direction is nondispersive.
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linear FM waveform given by

Io, It\>;.

The filter-synthesis problem is

transducer which produces the

by (4-4).

thus reduced to designing a

impulse response ?Ll(t) given

According to the naive linear FM prescription, the trans-

ducer electrodes should be placed at temporal positions given

by

‘(f”’n+:’n’) ‘(’z-+) ‘4-’)
where N1 =~oAr + 1 is the number of electrodes in each trans-

ducer. Reference [2] shows that (4-5) must be modified be-

cause of the interaction between the acoustic waves and elec-

tric load. The modified equation is

‘(f”’n+%’)
+’an-’{:(’o+%?’)}‘(+ ‘4-’)

The parameter measuring the interaction is the “load Q,” de-

fined by

QL = 2TfOCTKL (4-7)

where RL is the load resistance and CT is the transducer ca-

pacitance.

There are at least two additional effects which require

further modification of the electrode-positioning law (4-6).

One is the difference in the surface-wave velocity in the metal-

Iized electrode regions compared to that in the gaps between

electrodes. If the transducer is constructed with the electrode

width being a constant fraction of the spacing between adja-

cent line centers, (4-6) remains valid provided that an ‘feffec-

tive” surface-wave velocity [5] is used in converting from

temporal electrode positions to spatial positions (z,, = u,@~).

However, common techniques for fabrication of high-fre-

quency transducer patterns generally dictate a constant elec-

trode width. The required modification to the spatial electrode

positions is described in [5] for the case corresponding to

QL = O. Another effect is velocity dispersion due to finite-thick-

ness electrodes. This problem becomes increasingly serious as

the design frequency of the filter is increased.

Completion of the transducer design consists of specifying

the acoustic apertures (w.) of the electrodes; that is, the

length of overlap of adjacent electrodes measured in the di-

rection transverse to acoustic propagation. For linear FM

transducers of large compression ratio, the apertures are given

to an excellent approximation by [2]

‘n “ (;)3[’+Q’(i)21
(4-8)

where j% is the synchronous frequency defined by .fn = (tn+l
–f.)–I.Note that the apertures are wider at the low-frequency

end than at the high-frequency end of the transducer, and for

,Zo TAN -$ ,zm TAN * ,20 T6N +

11

I
e]

PORT 1
(ACOUSTIC]

*
b.MJ

ti3 PORT 3 [ELECTRIC)

Fig. 3. Mason equivalent circuit for the crossed-field model of one
electrode including an acoustic impedance discontinuity.

weak coupling to the load (QL~O), the apertures vary as ~n–s.

Slight modifications to (4-8) are required to compensate for

electrostatic electric field variations if all transducer elec-

trodes have the same width.t

The 1000:1 linear FM transducer design incorporated the

modifications outlined above and was implemented using an

iterative numerical procedure to derive the electrode pattern.

Detailed calculations of filter performance are carried out

by use of the crossed-field Mason circuit model [6], modified

to include acoustic-propagation loss, velocity dispersion under

the metal electrodes, and different acoustic-wave impedances

in the electrode and gap regions, The three-port circuit for one

electrode plus half of each adjacent gap is shown in Fig, 3. The

metallized region has an acoustic impedance Zn and transit

angle $. = 27r~L,n/v~, where L,. is the width of the nth elec-

trode and ZImk the acoustic velocity in the metallized region.

In general, v~ is taken to be a frequency-dependent function

of the form vI—M$, where k is a constant of the materials, k

is the electrode thickness, and ~ is the operating frequency.

The gap region consisting of half of each gap adjacent to the

nth electrode has length L ~n, and is represented by two trans-

mission lines, each of impedance ZO and transit angle ~n

= rfLgn/vo, where V. is the surface-wave velocity of the un-

metallized region. Evaluation of the effect of acoustic-propa-

gation loss requires the inclusion of imaginary parts of Zo,

Z~, ~m, and *.. Reference [2] gives further details of the elec-

trode capacitance C., electroacoustic transformers, and inter-

connection of the single-electrode networks into a transducer

circuit.

The computer program which utilizes the above model for

transducer analysis also combines transducers to find the fre-

quency-domain response of a dispersive filter. In addition, it

finds the response of a pulse-compression loop (expansion and

compression filters with optional spectral weighting filter),

giving frequency-domain amplitude and phase information as

well as compressed pulses in the time domain.

The analytical model confirms the effectiveness of design-

ing the transducers to account for a reduced, dispersive veloc-

ity under metal electrodes and for coupling to the electric

load. When these effects are not taken into account in the

transducer design, the result is phase errors which in turn

cause severe distortion of the recompressed pulse and associ-

ated sidelobes. Fig. 4 is a plot of the computed phase error for

a puke-compression loop in which the expanded pulse is

spectrally inverted and compressed in the same filter used for

expansion. The associated recompressed pulse shown in Fig.

~ Details of this modification are described in [2].
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Fig. 5. Compressed pulse from a 1000:1 filter without correction for
electric-load interactions and acoustic velocity reduction in electrode
regions. (a) Calculated. (b) Calculated amplitude. (c) Observed
amplitude.

5(a) and (b) is severely distorted from the desired sin x/x

shape, with thelargest leading sidelobe being only 4dB below

the main recompressed pulse. This result is essentially con-

firmed by the experimental data of Fig. 5 (c), although the

largest leading sidelobe is somewhat lower ( –8 dB) than pre-

dicted.

J
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11.1-
1

Fig. 6. Compressed pulse from a 1000:1 filter designed to account for
electric-load interactions and acoustic velocity reduction in electrode
regions.

When the transducer design is modified to account for

coupling to the load and the electrode-region velocity reduc-

tion, the phase errors are reduced to less than 4° in the operat-

ing band of 250–350 MHz. The recompressed pulse (Fig. 6)

very nearly conforms to a sin x/x shape. The l-dB difference

between the levels of the largest leading and trailing sidelobes

is a consequence of additional load-interaction effects which

are discussed in [2], but were not accounted for in the present

design.4 The acoustic-wave impedance discontinuities caused

by the metal electrodes as well as acoustic-propagation loss

have been neglected in the calculations described above, inas-

much as the purpose was to verify the value of the lossless

discontinuity-free circuit-model analysis for transducer de-

sign. The circuit model is presently being used to investigate

the combined effects of the impedance discontinuities, propa-

gation loss, and matching circuits in order to further optimize

transducer design. Insertion-loss data calculated with and

without the impedance–discontinuity effect, but without con-

sidering acoustic propagation loss, are presented in [2, fig.

lo].

V. 1000:1 DISPERSIVE-FILTER PERFORMANCE

The performance of a large compression-ratio broad band-

width dispersive filter designed for 1OO-M Hz bandwidth at a

center frequency of 300 MHz is discussed in this section. To

obtain broad-band operation with low CW insertion loss,

strong-coupling YZ lithium niobate was used. For the re-

quired bandwidth, insertion losses of less than 40 dB cannot

be realized with a weak-coupling substrate such as quartz.

The use of lithi urn niobate led to the unveiling of several in-

teresting complications associated with the strong piezoelec-

4 See [2, p. 463 I for the discussion of the “radiation admittance” term
which causes this effect.
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Theoretical design considerations show that favorable

Fig. 7. Prototype 1000:1 dispersive filter with microstrip tuning circuits.
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Fig, 8. 1000:1 dispersive-filter transducer geometry.

tric coupling. With appropriate compensations, however, the

excellent observed performance demonstrates that strong-

coupling materials are extremely valuable for complex pulse-

compression filter applications. M,oreover, the study of strong

coupling effects has given valuable insights into similar effects

that can cause problems in all extremely long dispersive filters,

even when weak-coupling materials are used.

The prototype 1000:1 dispersive filter, shown in Fig. 7,

includes the delay crystal with interdigital transducer arrays

and the microstrip impedance matching transformers. The

tapping electrodes in the input and output arrays are located

on the acoustic substrate to yield a “down-chirp” linear FM

waveform.

The transducer structures are fabricated from 750-~

aluminum, deposited using the “lift-off” or expendable-mask

lithography technique [7]. This technique has proved most

valuable in achieving uniform 2.5-pm widths for the required

7200 electrodes which are spaced over a pattern area of more

than 2 in. The transducer geometry used in the 1000:1 design

is shown schematically in Fig. 8. The choice of a down-chirp

configuration is essential for the following reason. The metal

electrodes on the surface of a strongly piezolectric substrate

cause wave-impedance discontinuities, resulting in undesir-

able surface-wave reflections [2], [8]. These reflecticjns are of

critical importance in the 1000:1 filter design since their mag-

nitude is comparable to that for a periodic array of nearly 140

electrodes [5]. In linear FM transducers, these reflections in-

troduce high directivity, enhancing the coupling of acoustic

waves directed toward the high-frequency end and suppress-

ing those directed toward the low-frequency end. The down-

chirp configuration is therefore most desirable for low filter

insertion loss.

source and load impedances for efficient operation of the

transducers are considerably less than 50 Q. The microstrip

circuits provide an impedance reduction of approximately

17:1, thereby improving the efficiency of the dispersive filter.

These circuits are composed of a quarter wavelength trans-

mission line with a shorted stub, and are similar to those

described in [15].

The measured CW insertion-loss spectrum of a typical

tuned 1000:1 dispersive filter, shown in Fig. 9, exhibits a rec-

tangular passband which conforms closely to the ideal shape

for an unweighed expansion (transmitter) filter. The realiza-

tion of insertion loss as low as 30 dB is very encouraging for a

filter of such complexity, although the measured amplitude

ripple of approximately i 0.8 dB is slightly larger than pre-

dicted by the lossless transducer circuit model [2]. Triple-

transit echoes, spurious signals, and direct electromagnetic

feedthrough are typically suppressed by more than 50 dB. The

departure of the measured phase response from an ideal quad-

ratic phase function is also shown in Fig. 9. The dispersive

filters were thermally insulated in order to prevent drifts dur-

ing the 15 min required to complete the phase and amplitude

measurement on a computer-controlled network analyzer.

Fig. 10 shows the impulse response, or expanded pulse, of

the 1000:1 dispersive filter and the recompressed pulse en-

velope using the same filter to both expand and compress.

Spe&ral inv~rsion was employed prior to ~ompression in &-der

to transform the down-chirp linear FM into its matched “up-

chirp” waveform. The nearly rectangular impulse response is

con~istent with the flat insertion-loss spectrum show; in Fig.

9. The sin x/x form of the recompressed pulse envelope is

evidence that the amplitude and phase performance of the

1000:1 dispersive filter is nearly ideal. Some departure from a

perfect sin-x/x shape is, however, apparent in the more distant

time sidelobes. The measured null width of 20 ns, Fig. 11 (a),

is in accord with the 1OO-MHZ bandwidth.

The deviation of the recompressed waveform from a per-

fect sin x/x shape indicates that-high time sidelobe suppres~ion

may be difficult to achieve. This conjecture is supported by

the comparison of recompressed pulses for both unweighted

,,and Hamming-weighted cases. The same dispersive filters

were used for both measurements with the Hamming weight-

ing implemented by means of a coaxial transmission-line trans-

versal filter. Fig. 11 (b) shows that Hamming weighting in-

creases the null width of the recompressed pulse from 20 ns

(unweighed) to 38 ns, and the time sidelobe suppression, from

13 dB (unweighed) to 27 dB. Theoretically, for a 1000:1

linear FM design, the use of Hamming spectral weighting is

capable of 42-d B time sidelobe suppression with null width

broadening by a factor of 2 [1], [9]. This discrepancy results

from the amplitude and phase errors in the dispersive-filter

response. Since the phase and amplitude varia~ions (which

are discussed in more detail below) are largely random, it does

not seem likely that extending the design-compression ratio by

increasing bandwidth or time dispersion will lead to further

reduction in the achievable sidelobe suppression. While de-

sires having comm-ession ratios of more than 1000:1 are

re~lizable, s~me q~estion remains as to whether time sidelobe

suppression in excess of about 30 dB can be achieved without

the use of external equalization to compensate for the small

variations in each filter response.
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Fig. 9. Measured insertion-loss spectrum and phase deviation from a quadratic for 1000:1 linear FM dispersive filter.

Fig. 10, Expanded and compressed pulse envelopes for, unweighted 1000:1 linear FM dispersive flter.

Fig. 11. Recompressed pulse waveforms. (a) With no spectral weighting. (b) With Hamming weighting.

A prototype compressive receiver which utilizes three

1000:1 linear FM dispersive filters has been assembled and

tested. Two of these filters generate the sweeping local oscilla-

tor signal while the third is utilized to compress the IF mixer-

output waveform (see Fig. 1). The operation of the microscan

receiver was discussed in Section II. The necessity of main-

taining high signal-to-noise ratios requires that all filters have

!OW insertion loss. Specifically, the signal from the sweeping

local oscillator into the mixer should beat least 10 dB above

the maximum received signal to avoid degradation of the

receiver performance.

Typical measured results are shown in Fig. 12(a) and (b).

Fig. 12(a)shows thedetected output of the compression filter

for two equal-amplitude CW signals separated by 1 MHz.

Fig. 12 (b) shows the same situation with 400-kHz separation

between signals. During these tests equal amplitude signals of

– 95 dBm were resolved down to a separation of 200 kHz.

These encouraging results were obtained in spite of using dis-

persive filters which had small differences in chirp slope. The

use of adjustable temperature-controlled ovens to achieve

matching chirp slopes in the dispersive filters is expected to

improve the resolution to 100 kHz.
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lb)

Fig. 12. Compressive receiver output pulses for CWsignalsseparatedby
(a) 1 MHz. Time scale: 20 ns/div. Receiver units are --95 dBm.
(b) 400kHz. Time scale: 20ns/div.

The foregoing discussion demonstrates that high-per-

formance 1000:1 dispersive filters with lowinsertionl osscan

be realized. We now focus on the finer details of the filter be-

havior, with particular emphasis placed on the explanation of

the losses and the factors which lead to errors and variations

in the filter response.

Electrical impedance data have been used to estimate the

conduction losses in an untuned dispersive transducer in the

following manner. Within the range of 250–350 MHz, the

total series resistance measured 1.8 fl. Since circuit-model pre-

dictions indicate an acoustic radiation resistance of 0.62 Q,

the remaining resistance of approximately 1.2 fl therefore cor-

responds to nonacoustic losses within the transducer. We can

calculate the total loss for an untuned dispersive transducer.

The transducer efficiency in terms of the generator impedance,

RG, the radiation resistance &, the conduction loss R., and

the array capacitance CT, is given by

4RGRa
(5-1)

“E (RG + R. + RJ2 + (l/uC.)’ “

For RG=50 0, R,= 1.2 L?, &=O.6 G?, and CT= 160 pF, the

transducer loss is 14 dB. Of this, roughly 9 dB corresponds to

electrical mismatch loss, and the remainder to conduction

losses within the transducer. A 3-dB loss, which is commonly

included to account for the bidirectional loss in conventional

interdigital transducers, has not been included here because

of the highly directional nature of the long transducers.

The microstrip networks are designed to reduce RG to

approximately 3 !2, thereby improving the impedance match

of the transducers. As a result, the tuning circuits provide a

reduction in the filter insertion loss by approximately 15 dB.

The realization of this large improvement required careful

attention to the minimization of conduction losses in the

microstrip circuits, since a circuit resistance of only a few

ohms could easily negate any advantage gained by tuning.

The typical insertion loss for a tuned 1000:1 dispersive

filter ranges between 30 and 35 dB. With transducer mismatch

and conduction losses accounting for typically 13 dB, the re-

maining loss arises principally from the propagation loss of

the acoustic wave within the electrode regions. Since long

dispersive gratings are nearly periodic, they prod uce an al-

most perfect acoustic reflection (i. e., the reflection loss is very

small). The triple-transit suppression in the 1000:1 dispersive

filter is therefore approximately equal to twice the propagation

loss between the points of reflection. Thus the propagation loss

in the 1000:1 filter can be measured across the passband by

simply observing the frequency-dependent time-delay charac-

teristics of narrow-band tone pulses and measuring triple-

transit echo suppression. The measured triple-transit sup-

pression data, shown in Fig. 13, indicate that the propagation

—

—

—

250 275 300 325 350

FREQUENCY, MHz

Fig. 13. Triple-transit echo suppression versus frequency measured in
two different 1000:1 linear FM dispersive filters.

loss varies by about 5 dB over the passband. The relatively

high measured midband propagation loss of 22–25 dB may
indicate appreciable scattering of the surface wave into bulk,

waves within the arrays. The propagation loss is seen to de-

crease sharply at the upper edge of the passband where the

distance of propagation within the electrode regions becomes

small. Combining the propagation loss from Fig. 13 with the

13-dB total-tuned transducer loss, gives reasonably good

agreement with the measured insertion loss. The correspond-

ing loss for an untuned dispersive filter, in which the trans-

ducer loss is approximately 28 dB, also agrees well with mea-

sured values of typically 50 dB. The overall measured loss, as

well as the details of the passband shape, have been found to

vary by several decibels as a consequence of differences in the

propagation loss within the electrode regions. The frequency

dependence of the propagation loss appears to be intimately

related to the nature of the metal electrodes. Anomalies in the

passband shape, such as small peaks and valleys and the

“non-Fresnel” shaped ripple may, therefore, be eliminated by

improved fabrication uniformity.

Since the filter-loss characterization presented above does

not shed much light on the nature of the filter-phase response,

it yields little information about the pulse-compression per-

formance of the 1000:1 dispersive filters. The factors which

determine the filter-phase characteristics are the phase shifts

associated with the transducer capacitance and matching cir-

cuits and the frequency dependence of the acoustic phase de-

lay. The circuit effect is far smaller than the acoustic phase

delay which contributes 27r for each acoustic wavelength in

the delay path. For this reason, variations in the acoustic de-

lay properties are the principal cause of the phase deviations

observed in 1000:1 filters.

It k important to distinguish between “errors” and “varia-

tion” in the phase response. Errors are departures from quad-

ratic frequency dependence of the phase, while variations refer

to differences in the constants used to describe the quadratic

phase functions of different filters. In general, small phase

errors produce time sidelobes in the recompressed pulse whose

size and position depend on the nature of the error [1], The

presence of these phase errors defeats the effectiveness of con-
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Fig. 14. Phase difference versus frequency between two 1000:llinear FM dispersive
tllters before and after thermal chirp-slope equalization (AT= 8.9”C).

ventional spectral weighting techniques for suppressing the

13-dB time sidelobes which are characteristic of a pair of per-

fect (error-free) matched linear FM filters.

Since accurate phase behavior is of primary importance in

large compression-ratio dispersive filters, factors which lead

to errors merit special attention.

Provided electrode positions are corrected to account for

the constant width electrodes and other strong coupling effects

discussed in Section IV, accurate phase response depends on

transducer fabrication. Improper photoresist exposure, for

example, may cause the actual electrode width to be in error

by an amount AW. This causes the acoustic phase from the

region of excitation to the high-frequency end of the array to

change by

where

and ZJois the unmetallized surface-watie velocity, & is the

change in velocity resulting from shorting, and q(j) is the num-

ber of electrodes between the point of excitation and the high-

frequency end of the array. In the constant electrode-width

arrays, the corrected electrode positions do not differ appreci-

ably from the linear FM law; therefore,

{

Umi.2- f’]
v(j) @ 2AT fO +

2Aj }
(5-3)

where$min is the minimum frequency in the filter band and AT

is twice the time dispersion for a single array. Since the disper-

sive filters are operated using spectral inversion to invert the

passband about the center frequency j. ,the phase error is ex-

pressed with reference to the midband frequency. Of particular

interest are the phase error terms in (f —fo)z and ($ —fo)3, which

correspond to the changes in chirp slope and delay linearity,

respectively. These terms are given by

and

A@s m 27r[j – f,]’ [+1[:1[-3[21“-’)
where jm.x is the highest frequency in the filter band. The de-

sign electrode width W equals a quarter wavelength at fm,x.

Thus the error in the phase response is proportional to both

the fabrication tolerance A W/ W and to &J/Vo.

Measurements of the phase response of the 1000:1 disper-

sive filters indicate that it can generally be fitted to within 20°

of a quadratic curve centered at~o. The constants defining the

“best-fit” quadratics for different filters, however, vary over a

range of almost 0,5 percent. Therefore, when two filters are

operated as a matched pair they often exhibit a phase mis-

match of several hundred degrees over the 1OO-MHZ band.

From (5-4), the predicted chirp-slope error is related to

AW/W by

A chirp slope

chirp slope ‘RE3[+] ‘5-’)

With 13v/uoN2.2 X 10–Z for YZ LiNbO~ [10], the observed

chirp-slope variations of 0.5 percent correspond to A W/ W S6

percent. This is reasonable for the large number of filters

tested with the substantial evolution of the fabrication pro-

cesses. In the most recent filters, fabricated in pairs using

identical photoresist exposures, the chirp-slope variations

were found to correspond to electrode-width variations of less

than 1.0 percent. This demonstrates that careful controls on

fabrication can substantially overcome the phase mismatch

problem.

Unless the phase discrepancies are corrected, the recom-

pressed waveform may bear little resemblance to the desired

sin x/x shape. Small differences in chirp slope AT/A~ can be

corrected relatively easily by using broad-band electromagne-

tic dispersive networks, for example, which have quite modest

compression ratios [9], [11 ]. An alternate approach to ‘match-

ing the phase responses utilizes the temperature dependence

of the acoustic velocity. With the filters in separate ovens, the

temperatures are adjusted until the quadratic phase difference

is cancelled. Fig. 14 shows the measured phase difference as a

function of frequency for two dispersive filters before and

after temperature compensation. The temperature difference,
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Fig. 15. Compressed pulse envelope for a pair of 1000:1 linear dispersive filters before and after thermal chirp-slope equalization (AT= 8.9°C)

AT, to offset the chirp-slope difference is

1 A(chir,p slope)
AT=–—

{ )
(5-7)

2K (chirp slope)

where K is the temperature coefficient of delay for the swb-

strate material. For YZ LiNb03 with K = —85 X 10–s/OC,

[12], chirp-slope variations of as much as 0.5 percent can be

equalized with temperature differences of less than 30°C. Fig.

15 shows the improvement in the shape of the recompressed

pulse of the two filterg in Fig. 14 using temperature-controlled

ovens.

Examination of the cubic-phase error term in (5-5) shows

that, although its magnitude is smaller than the cluadratic

term by almost a factor of 20, it may cause serious problems

when the fabrication errors are large.

In addition to the smooth phase variations described

above, small random departures (errors) of the phase data

from a quadratic-frequency dependence have been observed.

Because these errors are not reproduced in different filters

fabricated from the same mask, it is unlikely that they result

from errors in the design or fabrication of the photomask. It is

more plausible that the errors are caused by nonuniformities

in the metal electrode structure. The dependence of phase

error on electrode width, derived from (5-2) and (5-3), in-

dicates that only a few percent change in W can produce an

error of many degrees. In view of the magnitude of the mea-

sured phase errors of m20° , and the estimated fabrication

tolerances, random variations in W offer a plausible explana’

tion for these errors. When the variation in W is not uniform,

the exact characterization of A@ depends on the detailed na-

ture of the variation and is not attempted here. The mathe-

matical analysis of the consequences of a 20° nonperiodic

phase error over the filter bandwidth has not been performed.

However, experimental implementation of Hamming spectral

weighting produced sidelobe suppression varying from 21 to

27 dB for different dispersive filters rather than the theoret-

ical value of 42 dB.

In addition to reducing these errors by improvecl fabrica-

tion accuracy, a second approach may be to utilize a weaker

coupling substrate to decrease rlv/uo. In so doing, the filter in-

sertion loss is generally increased. Thus, for each specific ap-

plication there is a tradeoff between the advantages of im.

proved signal-to-noise ratio due to low loss and the disad-

vantages of poor time sidelobe suppression due to phase errors.

VI. CONCLUSIONS

Acoustic surface-wave technology has for several years

promised to revolutionize the design of complex filters at

IF and high IF frequencies. The realization of a 1OO-M Hz

bandwidth, low insertion-loss dispersive filter indicates that

these expectations are well on their way to being realized. This

is not to imply that all the problems have been solved, but

rather that continued effort in characterizing acoustic losses

and improving fabrication controls will be rewarded.

We have shown that present phenomenological computer

models are sufficiently versatile to cope with the second-order

effects encountered with strong-coupling piezoelectrics. How-

ever, considerable work remains to be done in treating conduc-

tion and propagation losses in complex acoustic surface-wave

filters.

The performance of the 1000:1 dispersive filter was shown

to be highly encouraging with the remaining problems stem-

ming primarily from fabrication variations. These difficulties

might be substantially reduced with improvement of photo-

lithography procedures, such as the use of flexible glass photo-

masks [13 ]. The use of a weak-coupling substrate can effect a

reduction in errors in the filter response; however, this ap-

proach may increase the filter insertion loss.

The development of accurate and reproducible dispersive

filters having compression ratiog on the order of 1000 is the

first step toward meeting future dispersive-filter requirements

of TB’s >10000. The passive chirp-sweep generator in the

compressive receiver demonstrates that identical 1000:1 filters

may be used to provide an increased compression ratio. This

general technique of using N linear FM dispersive filters to

enhance the compression ratio by a factor of N2, has been

proven at low frequencies using 100:1 filters with N= 10

[14]. From the performance of the two 1000:1 filters in the

compressive receiver (which were not phase compensated in

ovens), the prospects seem excellent for combining several of

the 1000:1 components to achieve TB = 10000 or more.

Finally, it should be mentioned that a novel transducer

geometry employing eighth wave or “double” electrodes has

recently been reported in conjunction with the suppression of

electrode reflections. It was demonstrated that transducers

utilizing this geometry exhibit strong responses at their third

harmonic. This double-electrode geometry may be utilized to

great advantage in the design of highly dispersive filters since

the suppression of electrode reflections helps to improve the

triple-transit echo rejection, Even more significant is the fact
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that harmonic operation permits the upper frequency range

of fabrication to be extended for most dispersive-filter designs

[4].

In view of the wide utility of large TB dispersive filters

having high compression ratios and the degree of success in

present development efforts, the outlook is extremely bright

for continued progress in the field of acoustic surface-wave

dispersive filters.
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The IMCON Pulse Compression Filter and its Applications

TOM A. MARTIN

Invited Paper

Abstract—The IMCON is a reflection-mode dispersive delay

line capable of high performance in large time-bandwidth product
pulse compression systems. As developed in thk paper, the unique
characteristics of the IM CON are obtained by reflection from a
double grating array that is applied to the surface of a strip. Current
models of the device have center frequencies in the 4-30-MHz range
with bandwidth up to 15 MHz, dispersion to 320 I@ time sidelobes

on the order of — 40 dB (with equalization), and other spurious sig-
nals at least 70 dB below the compressed output.

The characteristics of IM CON operation are developed from a
consideration of the device% transfer function. In particular, the
IMCON’S high linearity and low sensitivity to fabrication and propa-

gation problems are shown to be due to a unique error rejection
effect. By comparison, the error rejection characteristics of single
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grating and dispersive transducer devices are found to be inferior
to the IMCON. Data derived from operating pulse compression sys-
tems are utilized to demonstrate the low tiie sidelobe snd high
time-bandwidth capability of the IMCON.

I. INTRODUCTION

T
HE I MCON is a reflection-mode dispersive delay line

capable of high performance in large time–bandwidth

pulse compression systems [1]. It has evolved from a

synthesis of three earlier dispersive delay-line technologies:

the dispersive strip delay line, the perpendicular diffraction

delay line, and the reflection grating device of Sittig and

Coquin.

The dispersive strip delay line, described by Meeker [2],

makes use of the naturally dispersive characteristics of the

first symmetric Lamb mode in a thin strip of metal. Although


