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Design of Unapodized Surface-Wave Transducers with
Spectral Weighting |

GRAHAM R. NUDD, senior MEMBER, 1EEE, MICHAEL WALDNER, MEMBER, IEEE, AND
R. L. ZIMMERMAN, MEMBER, IEEE

Abstract—The technique commonly employed to provide a wide~
band surface-wave transducer with a specific conversion loss as a
function of frequency uses the linear frequency-modulation (LFM)
(quadratic-phase) design. This provides the necessary dispersion,
and apodization is then employed to obtain the required conversion
loss. In some applications the apodization presents complications in
that the beam generated has nonuniform width, and diffraction and
phase-front problems can result. An alternate technique is described
that relies on varying the number of effective transducer elements
as a function of frequency to provide the conversion-loss variation.
As examples of this technique, a flat bandpass filter for 2 nonlinear
convolver and a: very large fractional-bandwidth transducer (with
spectral weighting to provide sidelobe control) for a memory appli~
cation are described. , o

I. InTRODUCTION

IN many applications of surface-wave acousties for signal
L processing it is necessary to control the insertion loss
as a function of frequency across the band of the filter [1].
The conventional technique for achieving this is to build
an array with a linear frequency-modulated (LFM) char-
acteristic providing the wide bandwidth and then to
apodize the elements within the array to provide the
spectral weighting [2]. The apodization can cause prob-
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‘Fig. 1. Schematic of surface-wave filter.

lems because of the nonuniform beamwidth it produces
and the variation in diffraction losses across the band.
An alternate technique which has found application in
a variety of devices and avoids apodization and its associ-
ated problems, but provides a controlled insertion loss as
a function of frequency, is described here. The technique
relies on varying the number of elements within the array
that are synchronous at any given frequency. By varying
the number of effective elements N ( f) as a function of
frequency f across the band, the insertion loss can be
controlled to provide the desired spectral characteristics.
This technique requires control of the finger positions to



2

+ l

IEEE TRANSACTIONS ON MICROWAVE THEORY AND TECHNIQUES, JANUARY 1974

REBEE.

|

[_? WA %—-1 CRYSTAL SURFACE

A

=

_l

— a

-

(a)

N Bn
iZynd 5!

o—

[ S
ACOUSTIC
PORT 1

~j 2, cosec (6}

ACOUSTIC
PORT 2

€2

o ELECTRICAL
e B PORT 3
n

Ot

Fig, 2.

provide the amplitude response of the filter and, hence,
predetermines the phase characteristics of the individual
transducer arrays. However, in many apphcatlons, in-
cluding the very broad class of filters employing identical
transducers for both input and output, the phase of the
individual transducers is unimportant.

For instance, the output of ‘a surface-wave acoustic
filter havihg identical transducers (1) and (2) shown in
F1g 1 in response to an 1nput s1gna1 Vi(t) can be wrltten

as [1] ,

Va4 1) = Vi *h(O*h(=) (1)
where h(t) is the unit impulse response of the input trans-
ducer, 7 is the nondispersive delay shown in Fig. 1, and *

indicates’ convolutlon Transformlng to the frequency
domain we obtaln »

Vo(f) exp [ oo )]

Vil 1) exp Lige( )]
-H(f) exp [ion(f)]
H(J) exp [—itn(1)]
- exp [ —j2nfr]
Vi )H(f)?exp [ jo:( )]
. exp (—j2nfr) ©)

where the notation that V,(¢) transforms to Vol f)-
exp [ 7o ( f) ], ete., is used. Hence "the output signal
Vo( f) exp.Fjoo(£)] is seen to be independent of the
phase of the transducers ¢x( f).

The concepts ‘of the design of such transducers and their
apphcatlon to two devices, the -nonlinear ‘convolver [3]
and the dlgl’_cal acoustic memory [4], are described below.

11 TransDUCER DEsigN TECHNIQUES

Consider a transducer array consisting of N elements
of the form shown in Fig. 2(a). The response of the array

n’s

it

()

(a) Transducer electrode geometry. (b) Mason equivalent circuit for single element of array.

“can be analyzed by techniques analogous to those devel-

oped by Smith et al. [5], where each element of the array
is described by the Mason equivalent circuit [6], as illus-
trated in Fig. 2(b). The transformer coupling ratio r,
[7] is given by

K(g.)

= (- n 2 1/2
(=D (@AC 70 T (3)
where
k  electromechanical coupling constant;
C, static electrode capacitance of the section;
Zy acoustic-wave impedance;
f»  synchronous frequency of the element;
L, transducer gap dimension;
L, ‘transducer electrode width;
¢, = sin (nLy/2(Ls +.L;));
¢’ = cos (nL/2(Ls + L));

and K is the Jacobian complete elliptic integral of the first
klnd ‘The transit angle 6, of the section is given byv

(1r/ 2) (f/f.). In terms of the parameters of this
cucult the ratio between an applied voltage ¢ at port 3
and the equlvalent Voltage er of the acoustlc s1gna1 gen-
erated at port 1 can be written as

5_1 = 7rn sin (6,) exp (—38,). 4)
3 N .
Also, the transfer function
Gy
TlS(f) = 2 (Gs) 6_3
AN
= 2(3) " rasin 02 exp (=) (5)
3 .
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Fig. 3. Schematic of external circuit conﬁguration.

can be defined so that the conversion loss Ly; from elec-
trical port 3 to acoustic port 1 is given by

Ly = | Tu(f) |2

With reference to Fig. 3, the insertion loss (IL) be-
tween an external electrical generator ¢, and the acoustic
ports can be written as

2 (2] -2
u#@@%g (6)
where ¢, = e;:(Gr + Yi,) /Gy, or
2 L -2
=@ =a + vujen ™0 <T> @

For the entire array the response can be found by cascad-
ing the equivalent circuits for the individual sections. For
this the electrical ports are connected in parallel and the
equivalent acoustic terminals are summed with the ap-
propriate phase shifts exp (—jot,), where i, is the delay
to the center of the nth section. Thus the IL and the
transfer function (Th,(f)) for the entire array can be
written

]2 T - zf_)
L= ey 2 ¥ vaky) ™ (2 .

n=1

cexp (—jab) | (8)
and
2 Y v sin (xf/2f,) - exp (—jot,)
Tlg(f) - (ZOGL)llan:] (1 _|_ YinRL) (9)

where B;, = G;™ and v = 2#f. Again from the equivalent
circuit of Fig. 2(b), Yi. can be calculated as

Yin =~ G, sin? (6,/2) + jB, sin (6,) + joCr (10)

where G, = 4k*,C, is the equivalent acoustic conductance
at synchronism, B, = 2k%,C, is the equivalent acoustic
susceptance at synchronism, and Cr is the static capaci-
tance of the full array. Furthermore, for transducers

27

with constant electrode width-to-gap ratio, ¢, = ¢.’ =
(2)-12, and hence

K(g) _
K (g.")
Therefore, the capacitance of each section C,, is a constant

(Cy). Hence, on low-coupling materials where the approx-
imation Y;,~jwCr can be made,

N -
- g ~ (8 nx/z
19( f) (GL) [1 + (wCrRy)*]12 ,Elf

. gin (g}?) exp (—jdn)  (11)

where
o, = 2rft, + tan™ (oCrR.). (12)

The approximate equations (11) and (12) are found
to be accurate to within a few percent for most trans-
ducers of interest and hence can be used extensively in
the design phase to define the finger locations and aper-
tures.

For a two-terminal transducer with unit impulse re-
sponse h(t) - exp (—jé(t)), the finger locations correspond
to phases of nr, and the phase at each finger location i,
can be expressed as

nr = ¢(t,) + tan™! (wCrRy). (13)

For the LFM case, &(t) =1 for 0<¢t<T and zero else-
where, and

o(t) = 2x[(fo — B/2)t + B#2/2T] - (14)

where B is the filter bandwidth. Substitution of this in
(13) gives

nr = 2r (fL + % tn) t, + tan—! [27r (fL + -2% t,,) CTRL]
(15a)
where fr = fo — B/2. Also, to first order
tan= (2= ( f2 + (B/2T)t.)CrRz]
7 BCrR.i,
2711 + (2xfLCrRL)*]

which substituted into (15a) results in the equation defin-
ing the finger locations for correct phase match given
below

~ tan—! (27rfLCTRL) +

CrR:B ]t
271 + (2afCrRL)?]] "

2T
tn2 + E [fL +

2T [@ _ tan™ (2nfiCrRL)
Bl2 2w

] =0. (15b)

An approximate expression for the transfer function T, ( f)
for a constant aperture array with finger locations defined
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by (15b) can be found by substitution in (11) and
k*Cr

(12), i.e.,
172
BiGa (1 + <w0TRL>2>> (16)

where Cr = foCoDT is the total capacitance of the array.
The calculated insertion loss as a function of frequency
of an array with 120 fingers and a bandwidth of 70 MHz
centered at 150 MHz, for example, is shown in Fig. 4.
The form of the apodization required to flatten the re-
sponse across the band can be derived from (8) and (16) as

Ty (f) =~ 4)‘“”(

3

W, =~ const (“;‘—0) [1+ (2nf,CrR.)%] 1
where W, is the aperture of the nth section. The form of
the array with this apodization and cosine weighting to
reduce the Fresnel passband ripple is shown in Fig. 5.

The technique to produce a flat-band response, for
example, and avoid the use of apodization is to vary the
number of elements that are synchronous in any given
frequency band. Thus, instead of starting with the phase-
defining equation (13), the amplitude problem is solved.
The design technique can be understood by considering
the characteristics of the equation defining the overall
transducer response as a function of frequency [(11)7].

Fig. 5. Apodization required to flatten and smooth the passband
of LFM array.
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Fig. 6. Vectorial representation of T,(f) [(11)]1 for 120-finger

unapodized array.

Each term of the summation in (11) (from 1 to 120 for
an array with 120 electrodes) is plotted in Fig. 6 (for a
fixed frequency f’) on a polar plot as a function of angle
¢ = 2xaf’t,. The response of the full array T(f’) is then
given by the vector AA’ joining the ends of the summation
T:(f")y and Twe( f). From Fig. 6 it can be seen that only
those electrodes (N1 to Np) in a narrow band which are
near synchronism contribute effectively to the response.
The principal contribution of electrodes outside this range
is to the Fresnel ripple. Hence we can write
120

T (f) = 2 Tu(f) (18)
N2 -
Ty(f) = X T.(H) +T(f) (19)

n=N1

where T( f) is a term representing the passband ripple.
Furthermore, with cosine-type apodization at the ends of
the array this ripple can be reduced to any desired limit,
and the response can be written as

Ty (f) ~To(f)

where

. B 2% 1/2 001/2
To(f) =2 (GL> (1 (aCeRr)5) ™

Ng . Wf
3 o (5) exp [—jdn]  (20)

n,

and Ny — Ny = N(f), the effective number of electrodes
at frequency f. It is convenient to define N(f) further
so that

¢N2_¢N1=N(f)7r+7r (21)
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so that the phase rotation between the ends of the syn-
chronous band is » rad.
For cases where wCrR;, << 1 it can be shown [8] that

To( f) =~ const N( f)f*2 (22)
Hence for the particular case of flat-band response,
N(f) = f712 (23)

An expression for the effective number of electrodes N ( f)
in terms of the differential delay (&y, — ty,) can be ob-
tained by substitution of (12) in (21), i.e.,

N(f) = 2f(tw, — tyy) — 1. (24)

Furthermore, if the phase difference {¢(ix,) — ¢(in,)}
across the active band is expressed in a Taylor series as

N(fyr o 2nf(tvy — ) + 72 (4, = ) (25)

neglecting third-order terms and above, (24) yields

o _ =
El?‘, = (th tNl) . (26)
Substitution of (22) and (24) in (26) yields
af 2f 2
- [1 + (const)— To( f)f~1/2] ' 20

For N(f) > 1, which is the case for most transducers of
interest

d_f _ 4 (const)? f*
To( f)?

i
Integration of (27) or (28) yields the phase characteristics
required of the transducer, i.e.,

() = 21r//%dtdt

from which the delay ¢, to the nth electrode can be calcu-
lated so that

(28)

(29)

¢(tn) — &(tnr) = . (30)

In general, it is convenient.to find the finger locations
z, for a particular spectral response H(f) = | To( f) |?
by iterative computer solution of (26)—(28) consistent
with the total capacitance and aperture required of the
array. However, as an illustration of this solution the
important case of flat passband response is calculated.
In this case To(f) is a constant which, for convenience
of calculation, is normalized to unity. The design constant
referred to in (22) is then calculated in terms of the band-
width B, total number of electrodes in the array Nr, and
the upper and lower frequencies f; and fi of the passband.
The solution of (28) for T)(f) = 1 can be obtained in
closed form as

_ (const)~*

V-

-1 (31)

29

[where const again refers to the design constant of (22)].
From this the phase characteristics of the array can be

calculated from (29) as
o(t.) = V2x (const)~! t,12 + ¢, (32)

where ¢, is a constant depending on the phase reference.
Furthermore, for the full array

¢(tv,) — ¢(t) = Nomw
= V2r (const)~! [ty 2 — Hi?]

(33)
(34)

which, after substitution in (31), can be written in terms
of the frequency extremes ( fi and f;) of the passband as

Npn = 7—; (const)~2 [ fit — fi~1]. (35)

This yields a value for the design constant [of (22)] in
terms of the design parameters as

B 1/2
const = <m> .

Finally, using (30) and (32), the differential delay to

each electrode can be expressed as

__m™B
4Ny fu fr

(36)

te 37)
and hence the position 2, of each electrode in the array
can be determined by the conventional method [5] from
a knowledge of the loaded and unloaded acoustic veloci-
ties. Examples of such designs for the particular cases of
a flat-band response and a weighted array with 120-percent
fractional bandwidth are given below.

II1. ExpERIMENTAL RESULTS

A. Unapodized Flat-Band Response

A transducer was designed, using the techniques de-
seribed in Section II, and incorporated into a nonlinear
convolver [9] requiring a flat passband of 75 MHz cen-
tered at 150 MHz. The form of the conventional LFM
array for this is illustrated in Fig. 5. The rather coarse
apodization (approximately 4:1) required to flatten the.
band introduces complications in this implementation.
First, to couple effectively to the low frequencies, the
aperture of the output coupler must be at least equal to
the longest electrode in the array (0.15 cm). At the high-
frequency end of the band the beam fills approximately
25 percent of the coupler; thus 75 percent of the coupler
width serves only to add parasitic capacitance and reduce
the coupling efficiency.

The “unapodized” bandpass transducer with 120 elec-
trodes is shown in Fig. 7(a). At each end of the array 12
electrodes were apodized to reduce the Fresnel ripple. The
calculated insertion loss of the array using the three-port
network analysis given in Section I is shown in Fig. 7(b).
The variation in conversion loss across the band is ap-
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Fig. 7. (a) Unapodized array for flat bandpass characteristics.
(b) Calculated insertion loss. (¢) Measured insertion loss.

proximately 2 dB, which agrees well with the measured
insertion loss shown in Fig. 7(c).

For an unapodized LFM array the number of effective
elements N(f) increases as a function of frequency as
(2DTf?/B)*?, where DT is the transit time of the array.
This leads to an insertion loss which increases as
(2DTf3*/B)~2, giving a variation of approximately 12 dB
across the band.

B. Large Fractional Bandwidth Unapodized Array with
Spectral Weighting

A further application of this design technique was in a
digital acoustic memory operating at 75 MHz with 67 pus
of delay [4]. To obtain the required pulse-in pulse-out
characteristics for a digital memory, it is necessary to
control the time-domain sidelobes associated with the
central peak. One technique to achieve this is to use a
pair of complementary or Golay codes [10], so that the
sidelobes of one code are of opposite polarity to its comple-

ment, and hence the time-domain output of the summed
response is a single central lobe. In general, this tech-
nique requires two parallel channels for a single output.
Techniques have been devised to provide noninteracting
codes to increase the bit density [11]. However, if the
bit density is increased to one cycle of carrier per bit,
(i.e., Manchester encoding), the required drive signal is
bipolar and requires a three-terminal transducer, as illus-
trated in Fig. 8.

An alternate technique to achieve the required output
signal which avoids much of the associated complexity is
to employ a matched filter pair with very large fractional
bandwidths. If the fractional bandwidth is less than 120
percent, the output pulse is ambiguous, consisting of a
number of cycles at the center frequency within the central
lobe [12]. In addition, spectral weighting must be incor-
porated to reduce interference between adjacent bits.
Signal analysis indicates that the optimum output, (i.e.,
the Ricker [13] waveform with zero energy at adjacent
bit locations) would result from a matched filter pair with
the amplitude-against-frequency characteristics shown in
Fig. 9. As shown, the frequency characteristic was re-
quired to be controlled over a band from approximately
35 to 140 MHz. To make the transducer input impedance
compatible with the high-speed logic required to regenerate
the bits, the capacitance of the array was limited to 20
pF, equivalent to an array with an aperture of 0.15 cm
and 70 fingers.

An array with 70 electrodes as shown in Fig. 10(a) was
designed and fabricated, and cosine-type weighting on
only three electrodes at each end was used to limit the
passband Fresnel ripple. (To a large extent the time-
domain output was unaffected by ripples within the band,

I

CODE ———— P 1 . o . 0 . o . 1 . 0 . 1

POLARITY

Fig. 8. Transducer required for Manchester-encoded Golay codes.
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Calculated insertion loss. (c) Measured insertion loss:

and hence in this application no effort was made to reduce
them below 4 dB.) The calculated insertion loss versus
frequency of the full array shown in Fig. 10 (b) and the
measured results in Fig. 10(c) can be seen to be in excellent
agreement. Because of the very wide fractional bandwidth,
interference from the fifth harmonic can be ‘seen at fre-
quencies above 125 MHaz. The electrode Wldth-to-gap
ratio used in the array was unity, which has been shown
[14] to effectively suppress the third harmonic but pro-
duce higher order harmonics. The coherence of these higher
harmonics producés interference with the fundamental of
periodicity DT. However, most of the fifth-harmonic
interference in this case was beyond the spectral content
of the input pulse and hence produced little degradation

31

()

Fig. 11. (a) Output from una.podlzed matched ﬁlter pair. (Graticule
corresponds to adjacent bit locations.) (b) Output from hybrid
YZ LiNbO;/ST-quartz/YZ LiNbO; 65-us delay line. (Input pulse
5V peak to peak.)

of the time-domain output. The output shown in Fig.
11(a) is from a 5-us delay line on YZ LiNbO; and can be
seen to be in excellent agreement with the desired Ricker
output. Also, the sidelobes are such that the pulse crosses
zero at all adjacent bit locations, indicating that there is
no pulse-to-pulse interference, and hence the correct spec-
tral weighting has been accomplished. The time-domain
output of a single channel of the memory in its final form
in response to a 5-V peak-to—peak input signal.is shown
in Fig. 11(b). The total delay is 67 us, and the substrate
is 4 hybrid structure [15] of LiNbOs for good ‘coupling
and ST quartz to minimize losses and temperature effects.

V. ConcLuUsIoN

The technique described here to avoid apodization and
to achieve spectral weighting avoids many of the prob-
lems of apodization, such as varying beamwidth as a
funetion of frequency and the problems assoclated with
diffraction. The examples described above for the non-
linear convolver and the very large fractlonal-bandmdth
array for the memory are eases where apod1zat10n imposed
severe limits on the device performance. The unapodized
technique has been shown to achieve the required trans-
ducer insertion-loss characteristics while circumventing
the above constraints and thereby improving the device
péerformance. These techniques are of partIcular value for
spectral—welghtlng applications where identical arrays are
employed as input and output transducers. In such appli-
cations the spectral weighting introduces no phase distor-
tlons Also of partlcular interest in thls area’ are pulse
compression ﬁlters where the phase characteristics (or
dispersion) can be separated from the electrical ta acoustic
transducers, as, for example, in the Reflective Array Com-
press1on (RAC) [16] devices.
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High-Permittivity Dielectrics in W aveguides and Resonators

JEAN VAN BLADEL, SENIOR MEMBER, IEEE

Abstract—Resonators and waveguides containing a region of high
dielectric constant are considered. The dielectric constant is first
assumed to be infinite, but is later given a high, but finite value.
Perturbation formulas are derived for the resulting shift in either
the resonant frequency of the resonator or the wavenumber of the
waveguide mode.

I. INTRODUCTION

ATERIALS of high dielectric constant and low
loss-factor are now available to the microwave
community. Typical values of the dielectric constant are
10 for alumina substrates, 33—-38 for temperature-stable
ceramics containing zirconates, and 100 or more for
materials such as rutile or strontium titanate [17], [2].
Consider a cavity containing a dielectric of high dielectric
constant e and a given resonant mode therein, the lowest
for example (Fig. 1). The resonant wavelength is of
the order of the typical dimensions L and L; of the
cavity. Now let e increase without limit. The resonant
wavelength in the dielectric remains of the order of Ly,
while the resonant frequency approaches zero. Expressed
more quantitatively: a) Maia approaches a value alg,
where « i a coefficient of order one; b) the wavenumber
in the dielectric approaches a limit % = 2x/Agier =
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Fig. 1. Resonant cavity containing a dielectric.
2n/aLy; and ¢) the wavenumber #n vacuo approaches a
value k/n = (1/n)(2n/aL;). Here, n = (&)¥? is the
index of refraction of the dielectric. It is seen that the
resonant frequency, given by w/¢ = k/n, approaches a
value
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It is the purpose of this paper to calculate a second-

order correction term for (1), i.e., to obtain the first two

terms in a series
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