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Abstract: Design  of  surface  acoustic  wave (SAW) 
filters with linear phase (LP), prescribed nonlinear phase 
(NLP), minimum phase (MP), and optimum minimum 
phase (OMP) characteristics by factorizing (splitting) the 
filter frequency response is considered. The universal 
factorization algorithm based on the 2-transform roots 
searching, lexicographical sorting, and sharing between 
the transducers is proposed in the paper. A feature of the 
algorithm is that irrespective of the overall phase specifi- 
cations both weighted IDT tend to have minimum phase 
characteristics being less sensitive to the tap-weighting 
inaccuracies. 

The design examples of LP, NLP, MP, and OMP SAW 
filters are presented which confirm the flexibility and effi- 
ciency of the design procedure. 

Introduction 

In the first order approximation the frequency response 
(FR) of a SAW filter can be written as the following 
product [l] 

F ( 4 = t ( ' ( o )  F,(4 F;(@) (1) 

where the functions F,(w), i= 1,2, are attributed to the 
IDT array factors, and the asterisk denotes the complex- 
conjugation. The skewing factor t ( w )  is introduced to 
account for the IDT element factors and/or the multistrip 
coupler FR, etc. Without the loss of generality we may 
suppose hereafter t ( w ) =  1 as this factor can be implicitly 
accounted for by a proper predistortion of the function 
F(W). 

To simplify the design the frequency response F,(o) of 
one of the transducers is usually supposed  to be given a 
priori  while the other's F2(w) is optimized to satisfy the 
filter transfer function specifications [2, 31. 

An alternative design simplification is to use two iden- 
tical weighted IDT with the "halved" frequency response 

F , ( o ) = F ; ( o ) = ~  . (2) 

But  in general case both functions F,(w) and F2(w) are 
to be found separately from the design, any a priori 
restrictions to them resulting in a filter length increase. 

For linear phase SAW filters composed of two weighted 
IDT in  conjunction  with  the  multistrip  coupler  the 
factorizational synthesis technique [4-61 based on the Z- 
transform roots searching and sharing was elaborated. 
The present paper generalizes the factorization technique 
to the NLP design including minimum phase SAW filters. 

Basic Z-transform ProDerties of 
a SAW Filter Reswnse 

Supposed the functions Fi(cp), i= 1,2 to be the complex 
trigonometric (exponential) polynomials of the order 4, 
the overall transfer functionF(cp) is also the trigonometric 
polynomial of the order N = N ,  +NZ-l, i.e. 

N- I 

F((P)=F,(cp)F;(cp)=c Ace 
PO (3) 

k=O 

where cp =TW/W, is an angle variable, W, being a trans- 
ducer synchronous frequency. The complex trigonometric 
polynomial (3) can be converted to the algebraic poly- 
nomial F(z) using 2-transform [7] 

N-l 

F(z )=F, ( z )F , ( l / z )=~   A , zc ,  z=reJC . (4) 
k== 
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The frequency  response F(q)  is a  2-transform F(z) eva-  Thus,  the  zeros  distribution on the 2-plane depends 

luated on the  unit circle z=e . characteristic  required. While in the general case of the 
jv highly on the  SAW filter magnitude  shape  and  phase 

N W  filter  zero  couples Di(z) may w u r  both  inside as 
According to the theorem Of the well as outside the unit  circle providing the desired 

circle must occur in quadruplets  to  ensure a phase 
polynomia1 (4) can be expressed in terms Of their and approximation, all offthe unit 

roots zi as follows 

linearity.  Minimum (or maximum)  phase  SAW  filters 
have zeros inside (or outside) the unit circle. Zero 

the  overall  transfer  function F ( q )  at  the  points  and 
always  have  linear  phase  response. 

N-l 

F(z)3]II (z-zf)=n M1(z)n D/<z>n 'k") (5) couples on the  unit circle correspond  to  the  real  roots of 
1-1 l I k 

where for the real-valued  coefficients A,  the  roots  (zeros) 

G= riJ%ppear in the complexconjugated pairs  (couples)  The  factorized  form (5) allows to observe  visually  how 
each  zero  contributes to the  overall  transfer  function. One 

the  withdrawal,  substitution,  and  addition of zeros. D~z)=D(z~))=(z-z))(z-z;) ,  (pi* nn (6) could  effectively  control  a SAW frequency response by 

or degenerate  into  the  single  zeros  (monozeros) on the 
real  axis  of  the 2-plane 

Moreover,  to  ensure  a  phase  linearity each  zero  couple  at 
the point zi off  the unit circle (ri # 1, (pi # m )  must  have 
its reciprocal  at  the  point l/q with  the  same  scaled  mag- 
nitude response but  with  the  phase  reversal  composing  a 
linear  phase  quadruplet 

when  combined  together  (Fig. 1). 

Im Z 

An illustrative  example  of  the  elemental  root  frequency 
response Di(q) is  shown in Fig. 2 for ri=0.5, 0.75, and 
1.0 where (pi=a14. One can see that  moving  a  zero zi off 
the unit circle  results in the  deterioration  of  the  outofband 
attenuation. 

Fig. 1. 2-transform  monozeros,  couples of zeros, Fig. 2. Frequency  response Di(q) of  the  elemental 
and  linear  phase  quadruplet zero  couple 

807 



Factorizational  Svnthesis  Algorithm 

The ultimate purpose of the algorithm is to determine 
the separate transducer responses Fl(cp), F,(cp), and the 
transducers tap-weights from the overall transfer function 
F(cp). 

The design procedure starts from the optimization of the 
function F(cp) to meet the desired magnitude and phase 
specifications. The known FIR synthesis techniques, for 
example the Remez exchange algorithm [7] or linear 
programming [8] may be directly applied to the LP de- 
sign without any adaptations. But to meet the supple- 
mentary phase or group delay requirements one should 
optimize separately the real and image part using one of 
the tolerance transformation scheme [8-111 or resort to 
nonlinear programming [ 121. 

The functions F,(cp) and F,((o) so far unknown can be 
found from (5) by sharing the roots zi in the systematic 
manner between IDT.  There  are many possible ways of 
factorizing but one should take into consideration the 
following: 

1) a stopband attenuation depends on  the zeros distribu- 
tion density. The closer are the roots allocated on the unit 
circle, the higher is a stopband attenuation; 

2) moving the root off the unit circle improves the 
passband  shape  factor  but  deteriorates  the  stopband 
attenuation. 

Hence, while factorizing it is preferable to  maintain in 
the stopband nearly the even zeros density on (or near) 
the unit circle and to minimize the magnitude difference 
of the transducers elemental root factors in the passband. 

The following factorization algorithm may be applied. 

1 .  Find Z-transform roots zi= e J* using the root 
solving program for high-order polynomials [13]. 

2. Sort the roots lexicographically in their angles cpi 
and radii ri. 

3. Assign every second root in the filter stopband and 
all passband roots inside the unit circle to the input IDT, 
the others being attributed to the output IDT. 

4. Restore the coefficients of the complex trigonometric 
polynomials F,(cp) and F;(cp) by  using  the  multiple 
recurrent convolution of the elemental root factors Mi(cp) 
and Dj(p) or by performing the discrete Fourier trans- 
form. 

5 .  Invert in time the coefficients of the output IDT to 
account for the complex-conjugation of the function F,(p) 
in the expression (1). 

The algorithm is general and may be applied both LP 
and NLP designs. 

A feature of the factorization technique above is that 
after the step 5 both IDT have their roots inside or  on the 
unit circle satisfying the minimum phase condition [7]. 
Such transducers are less sensitive to the tap-weighting 
inaccuracies [ 141 if compared to the conventional .design 
where two identical weighted IDT  are used. 

Another feature is that quadruplets are splitted into 
inside and outside zero couples with the same scaled 
magnitude  response to  be  attributed  to  the  input  and 
output IDT. Thus, the minimal difference in the passband 
magnitude shape for both transducers is attained. 

Linear Phase Desien 

The factorizational synthesis is illustrated by an example 
of a SAW  bandpass LP filter design with the -3 dB frac- 
tional bandwidth of 50% and the -31-40 dB shape factor 
of 1.5, the filter center frequency being 25 MHz. The 
design results are presented in Fig. 3 and 4 where for 
comparison the conventional design results using two 
identical IDT  are also shown. The design specifications 
are the same for both designs, the stopband attenuation 
being -60 dB and the passband peak-to-peak ripple being 
0.1 dB. 

The Z-transform roots distribution is shown in Fig. 3 
where bars and circles denote zeros attributed to the input 
and output IDT respectively. We can see that there are 4 
monozeros and 3 LP quadruplets off the unit circle, other 
20 LP zero couples allocated on the unit circle in the case 
of factorizational synthesis. In the case of the conven- 
tional design all zeros (4 monozeros, 3 quadruplets, and 
12 couples of zeros) are double (Fig.3b). 

The  filter frequency  responses  versus a normalized 
frequency v=(p/217=  wi2w, are shown in Fig. 4 where the 
curves 1 and 2 correspond to the responses Fl(w) and 
F2(w) of the input and output IDT, the curve 3 being the 
filter transfer function F(w)=F,(w)F,’(w). 

At  the same approximation accuracy the filter length is 
N=57  (N,=N2=29) in the factorizational synthesis and 
N=81  (N,=N2=41) in the conventional design. In  both 
cases the IDT synchronous frequency W, =2w0 that corre- 
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sponds  to  the IDT structures  with  splitted  electrodes, U,, 
being the filter central  frequency. 

The gain in the filter length  due to the  factorization  is 
of 30% for this example  if  compared  to  the  conventional 
design. The shorter  filter  length is due to a  more  rational 
arrangement of zeros  and  extremuma  in  a  filter  stopband 
(Fig. 4). Namely, extremuma of one transducer are 
allocated in the proximity of  zeros  of  the  other  transducer 
and  vice  versa  while  all  extremuma  and  zeros are super- 
imposed  each  other  in the conventional  design. 

In the case of  factorizational  synthesis  both  transducers 
have  identical  minimum  phase  group  delay  time  charac- 
teristics (Fig.4a) to cancel  each  other  in  the  overall  filter 
frequency  response  due  to the complex-conjugation. Con- 
trary to that, the  transducers  have  linear  phase  character- 
istics in the conventional  design. 

Im Z I  0 Input ID1 
O q O  0 Output ID1 

2 

Re Z 

(a) factorizational  synthesis 

Normalized Frequency ( V = U / Z q , )  

(b) conventional  design 

Fig.  4.  Frequency response of a SAW bandpass  LP 
filter 

Nonlinear Phase Desien 
(a)  factorizational  synthesis 

 output IDT 
0 Input IDT 

- 

Re Z 

(b) conventional  design 

Fig. 3. Z-transform  roots  distribution  of  a SAW 
bandpass LP filter 

The  nonlinear  phase  design  is  illustrated by the  factori- 
zational  synthesis  of  a  dispersive  (chirp) SAW bandpass 
filter  with  the  same  magnitude  specifications as in  the 
previous  example. 

The  design  results are presented in Fig. 5 where  the 
advand  tolerance  transformation  scheme [ 1 l] was used 
for the NLP filter transfer  function  synthesis. 

Due  to  the  supplementary  group  delay  time  re- 
quirements  the  filter  length  was  increased  to N=77, the 
transducer  lengths  being N, =NZ= 39. Contrary  to  the 
previous  examples, the transducers  have  different  group 
delay  time  characteristics to ensure  required  approxima- 
tion, the group  delay  time  passband  approximation  error 
being less than 5 m (Fig,  5b). 

The uncompensated zero couples off the unit circle 
causes  the  transducer responses F,(cp) and F&) to be 
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highly  asymmetrical in the filter passband if compared to 
the previous  examples. 

Im Z I  0 Input ID1 

O loo" 
(a) Z-transform  roots  distribution 

Im Z I  0 Input IDT 
I 0 OGtput IDT 

R e  Z 

l 

(a)  Z-transform roots distribution 

0.000 0.051 0.111 4.lSU 0.200 0.250 0.100 0.3SO 0.LIOO 9.950 0.100 

Normmllaed Frequency (v=W/2f&) 

(b) frequency response 

Fig. 6.  Design results of a SAW bandpass MP filter 

(b) frequency response A MP response and its prototype  always  have equal til- 
ter  length  and  exactly  the  same  magnitude  response  that 

Fig. 5. Design results of  a  chirp SAW bandpaw  supplies an excellent  vehicle to compare  their  properties 
filter if  necessary. A MP design  allows to decrease the filter 

group  delay  time  that  could  prove to be useful in  some 
applications. 

Minimum Phase SAW Filter Design 

Due to the intrinsic minimum  phase  feature  peculiar to 
the factorization  algorithm  proposed  it may easily be 
adopted to the minimum  phase SAW filter design  starting 
from  the LP or NLP prototypes.  Before  factorizing  one 
should  only  transform  all  the  outside roots into their 
reciprocals  inside  the  unit  circle. As there will be no 
outside zeros now, a  modified  factorization  algorithm 
should  be  applied  where  at the step 3 every  second  root 
irrespective  of its location is assigned  to  the  input  IDT, 
the others being  attributed to the  output  IDT.  Virtually, 
starting from the LP prototype  the same result  could be 
obtained by omitting the last  step of the factorization 
algorithm above. 

The Z-transform roots distribution  and the frequency 
response of the MP filter designed  from  the LP prototype 
(Fig.  4a) are shown in Fig. 6. 

The filter has 3 double  passband zero couples  and  one 
double  monozero  inside  the  unit circle, the  others  being 
allocated on it. As in the case of LP design  the  filter 
length is N= 57, the  transducer  lengths  being N, = NZ= 29. 
The  transducers  have  the  opposite  group  delay  charac- 
teristics  to  be  summed  up in the overall  transfer  function 
due to the complexumjugation that  results in minimizing 
the  filter  group  delay  at  the  central  frequency. 
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O~timum Minimum Phase SAW Filter Desim 

A  minimum  phase  design  above is not  optimum. There 
is a  way to reduce  further the MP filter  length  by  apply- 
ing  the more sophisticated procedures [l5171 of the 
optimum MP design. 

The major  design steps are: 1) the synthesis of  the 
squared  optimum  magnitude LP  (OMLP) prototype 

I F(q)  I of the order 2N-1 , all its double  zeros  being 
off and on (or near) the unit circle; 2) the  synthesis  of  the 
optimum minimum phase response F(q) by retaining 
zeros  inside or on the  unit  circle  if  available; 3) splitting 
the function F(p) into the separate IDT responses F&) 
and FJp) using the modified factorization algorithm 
above. 

The squared OMLP prototype I F(p) I may be syn- 
thesized  by the Hermann-Shuessler  technique [15-17] 
using the Remez  exchange  algorithm  [7]  for  example. 
The modifications of the  McClellan’s  computer  program 
[7]  to  overcome  divergence  problems for very  high-order 
trigonometric  polynomials are discussed  elsewhere [ 181. 

The design  results  of  the OMP SAW filter  with  the sa- 
me  magnitude  specifications as for  the LP filter  above are 
presented  in Fig. 7.  The  modified  Hermann-Schuessler 
procedure [l61 and the McClellan’s  computer  program 
[7]  were used to  design squared LP optimum  magnitude 
reeponse prototype. 

The 2-transform roots distribution  after  one of each 
double zeros has been retained is shown  in  Fig.  7a  and 
the frequency  response is presented in Fig.  7b. 

At the same  design  specifications  the OMP lilter length 
N=49 is shorter if  compared  to  the  previous  examples, 
the  transducer  lengths  being N, =N,=25. The filter  has 4 
passband  couples of zeros  inside  the  unit  circle,  other  20 
couples of stopband  zeros  being  near  the  unit  circle  also 
inside  it. 

It is  worthy  to note that  apart  from  the  delay  at  the 
central  frequency  the  passband  group  delay  time  charac- 
teristics  for  optimum  and  non-optimum  design are very 
close. 

Input ID1 
0 Output ID1 

(a) 2-transform roots distribution 

Fig.  7.  Design  results  of  a SAW  bandpass  optimum 
MP filter 

Conclusion 

A general  design  procedure  for LP,  NLP,  MP, and 
OMP SAW bandpass filters based on the  Z-transform 
roots searching, lexicographical sorting, and sharing 
between IDT has been proposed in the  paper.  The 
factorization algorithm results in the minimum  phase 
transducers  that are less sensitive  to  the  tap-weighting 
inaccuracies. The problems of the factorizational  syn- 
thesis  of  the SAW filters with  various  phase  requirements 
has been discussed. 

Given the design specifications, the factorizational 
design leads uniquely to the  minimum-length  SAW  filters 
that are usually  of 20-30% shorter  if  compared  to  the 
conventional  design  where two identical  weighted  IDT are 
used. 
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The filter length may be further reduced in the optimum 
MP filters. It may be recommended to use such filters in 
the applications where the dispersionless requirements are 
not  too  severe.  Moreover, a reasonable  compromise 
between LP and MP designs may be attained in the quasi- 
minimum phase filters containing a small portion of zeros 
outside the unit circle. 

References 

[l] D.P. Morgan, Surface-Wave Devices for Simal Pro- 
cessing. Amsterdam: Elsevier, 1985, ch. 4, 5 .  

[2] V.M. Dashenkov, A.S. Rukhlenko, "Optimal Design 
of Surface Acoustic Wave Filters," Izvestiia Vuzov, 
Ser. Radioelektronika, Vol. 27, no. 7, pp. 76-78, 
July 1984 (in Russian). 

[3] A.S. Rukhlenko, "Optimal and Suboptimal Design of 
SAW Bandpass Filters Using the Remez Exchange 
Algorithm,"  to be published in the IEEE Trans. 
Ultrason., Ferroelec.. and Frea. Contr. 

[4] M. Morimoto, Y. Kobayashi, M. Hibino, "An Opti- 
mal SAW Filter Design Using FIR Design Techni- 
que," in Proc.  1980  IEEE Ultrason. SvmD., pp. 
298-301. 

[5] C.C.W. Ruppel, E. Ehrmann-Falkenau, H.R. Stock- 
er,  W.R. Mader, "A Design for SAW-Filters with 
Multistrip Couplers, " in Proc. 1984 IEEE Ultrason. 
SY-., pp. 13-17. 

[6] A S .  Rukhlenko, "SAW Filter Factorizational Syn- 
thesis," Thezisv Dokladov XI11 Vsesoiunoi Confe- 
rencii uo Akustoelektronike i Kvantovoi Akustike, 
Chernovtsy, 1986,  Pt. 2, p. 157 (in Russian). 

[7] L.R. Rabiner, B. Gold, Theory and Audication of 
Digital Simal Processing. Englewood Cliffs, NJ: 
Prentice-Hall, 1975, ch. 3. 

[ 81 C.C. W. Ruppel, E. Ehrmann-Falkenau, H.R.  Stock- 
er, R. Velth, "Optimum Design of SAW-Filters by 
Linear Programming, " in Proc. 1983 IEEE Ultrason. 
Symp., pp. 23-26. 

[g] P.M. Jordan, B. Lewis, "A Tolerance-Related Op- 
timized Synthesis Scheme for the Design of SAW 
Bandpass Filters with Arbitrary Amplitude and Phase 
Characteristics," in Proc. 1978 IEEE Ultrason. 
SvmD., pp. 715-719. 

[lo] K. Steiglitz, "Design of FIR Digital Phase Net- 
works," IEEE Trans. Acoust.. S m h ,  and Simal 
Processinq, Vol. 29, no. 2, pp. 171-176, Apr. 1981. 

[l11 A.S. Rukhlenko, "Design of SAW Bandpass Filters 
with Arbitrary Magnitude and Phase Characteristics, " 
to be published in Proc  1993  IEEE Ultrason. Svmu. 

[ 121 T. Kodama, "Optimization Techniques for SAW Fil- 
ter Design," in Proc. 1979 IEEE Ultrason. Svmu., 
pp. 522-526. 

[l31 T. Yoshikawa, M. Mitani, "On the Algorithm for 
Finding the Zeros of Very-High-Degree FIR Filters 
Using the Finite Bit Method," IECE Trans. Japan, 
Vol. J 63-A, no. 7, pp. 444-450, July 1980. 

[l41 M. Feldmann, J. Henaff, "Design of SAW Filter 
with Minimum Phase Response," in Proc. 1978 IEEE 
Ultrason. SvmD., pp. 720-723. 

[l51 0. Hermann, W. Schuessler, "Design of Nonrecur- 
sive Digital Filters with Minimum Phase," Electron. 
- 9  Lett  Vol. 6,  no. 11, pp.329-330, May 1970. 

[l61 H. Ueda, T. Aoyama, "A Practical Procedure for 
Designing FIR Filters with Optimum Magnitude and 
Minimum Phase," in Proc. 1979 IEEE Int. Svmu. 
Circ. and Svst., pp. 24-25. 

[l71 P.P.N. Yang, M.S. Song,and M.J. Narasimha, "On 
the Design of Optimal Narrowband Linear and Mini- 
mum Phase FIR  Filters," In Proc 1987 IEEE Svmu. 
Acoust., Speech.  and Simal Processing., p.884-886. 

[l81 E. Goldberg, R. Kurshan, and D. Malah, "Design 
of Finite Impulse Response Digital Filters with Nonli- 
near Phase Response," IEEE Trans. Acoust.. Sueech, 
and Simal Processine., Vol. 29, no. 5 ,  pp. 1003- 
1010, Oct. 1981. 

812 


