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　　 Abstract　 A novel design method o f sur face acoustic wave( SAW ) bandpass filter is discussed. Af-

ter resampling at the interv al of M , the o rigina l desir ed w eighting function is decom posed into tw o

weighting func tions with less orde r by th e ze ro-sepa rating o f Z-transform, and then represented by in-

terpolation deriv ed fr om the signal reconstruction theo ry and can be fur the rly suboptimized using the

standard Rem ez change me thod. The simulation results of a Blackman spec trum-shaping filter w ith the

center fr equency of 70 M Hz, the r oll-off facto r of 0. 19, 0. 35 d B ripple, 67 dB rejection, confirm tha t this

method is v er y sim ple and effectiv e.

　　 Key words　 surface acoustic wave;　 resample and interpo lation;　 zero-separa ting;　 optimiza-

tion;　 Remez change method

⒇

　　 The design of surface acoustic wave( S AW ) filter
[1 ]

i s based on the fini te impulse response

( FIR) digital fil ter theo ry, and the optimal synthesis method em ploys w indow functions, Rem ez

change method o r linea r prog ram ming
[2～ 5 ]

, as w ell a s o ther optimal and sub-optimal algo ri thms.

The SAW fi lter can be const ructed as in-line fil ter, consisting of an apodized interdigi tal

t ransducer ( IDT) and an unapodized IDT, o r m ul tist rip coupler ( M SC) fil ter consisting o f tw o

apodized IDTs in sepa ra ted acoustic t racks, coupled by a M SC. If high stopband rejections are re-

Fig. 1　 The structur e o f M SC SAW filter

quired, the M SC configuration must be used, showed in

Fig. 1.

Giv en a band-pass f requency response, thousands of

tap wi th smal l w eights a re required to achieve nar row

transition bandw idth, wide passband and low ripple. The

numbers of tap to be optimized in practical SAW fi lter

design may be considerably reduced by sampling theo-

ry
[6 ]

in tim e or frequency domain. Another approach to reduce the tap is taken in Ref. [7] , where

only the pass-band Z-transfo rm roots are found by the parametric optimiza tion technolog y, w hi le

the stopband roo ts a re determined in the closed-fo rm using Z-transform. Fo r M SC SAW fil ter, the

desi red f requency response must be separated into two par ts which represents th e response o f the

tw o IDT respectiv ely. In practice, the above method can no t be used directiv ely.

In this paper, the autho r proposes a new decom posi tion m ethod using resam pling and interpo-

lation m ethod deriv ed f rom signal reconstruction theo ry w hich can reduce the numbers of tap and

combine zero-separating and optimum and suboptim um to design practical SAW fi lter using the

standa rd Remez change algo ri thm. Section 2 presents the basic design procedure and optimal algo-

ri thm, concerning frequency response. Section 3 giv es the simulation results of a SAW Blackman
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spect rum-shaping fi lter for a Q AM digi tal communication. At last the conclusions a re given

1　 Decomposition and Suboptimization
The design principle o f SAW fil ter is based on the delta impulse response model. Frequency

response of SAW filter wi th two interdigi tal t ransducers is given by

H ( f ) = ∑
M

m= 0
∑
N

n= 0

h (m ,n) exp(- jwfmn ) ( 1)

w hereh (m ,n) andf(m ,n ) a re interactional w eigh ting coef ficient and delay between tw o interdigi-

tals. Fo r the M SC SAW fil ter, the above total response is equal to

H ( f ) = ∑
N

n= 0
h (n ) exp( - j2cf nT ) = H1 ( f ) H2 ( f ) =

∑
N

1

n= 0
h1 (n ) exp( - j2cf n T )∑

N
2

m= 0
h2 (m ) exp(- j2cf m T ) ( 2)

w here T is IDT sam ple interv al; N 1 and N 2 are the numbers o f taps in the two transducers respec-

tiv ely. N = N 1+ N 2 ,h (n ) , h1 (n ) a nd h2 (n ) a re weight coefficient o r ov erlap leng th of the tw o

apodized interdigi tals. In the theo ry, wi th the Z-plane representa tion of H ( f ) , by separating the

zero s into tw o g roups, H ( Z ) can be w ri tten as the product o f tw o po lynomials w hich expresses

the tw o t ransfer responses of the M SC fil ter

H (Z ) = ∑
N

n= 0

h (n) Z- n = h ( 0) Z- N∏
N

n= 1

(Z - Zon ) = 　　　　　　　　 ( 3)

h1 ( 0) Z
- N

1∏
N

1

n= 1
( Z - Z1n )× h2 ( 0)∏

N
2

n= 1
( Z - Z2n ) = H1 ( Z ) H2 (Z ) ( 4)

w here Z0n , Z1n , Z2n are zero s assigned to H ( Z ) , H1 ( Z ) and H2 (z ) respectively. h ( 0)= h1 ( 0)* h2

( 0) .

Since al l w eights h (n ) are real, the zero s are ei ther real o r occur in conjugate complex pair.

To achiev e narrow and precise t ransi tion bandw idth, thousands of tap wi th small w eigh t are re-

quired, w hich makes the sepa rating o f zero s v ery di fficult. In this case, a novel decom posi tion is

used.

Fi rstly , the o rig inal tap w eights h (n ) are resampled at the interv als o f M ( this resample is

di fferent f rom Nyquist sam ple) , then the decom posi tion is applied to the resam pled w eighted func-

tion hs (n ) w ith mo re less o rder w hich m ay sti ll be w rit ten as follow ing wi th zero s separating

Hs ( Z ) = ∑
N /M

m= 0

h (Mm ) Z- m = hs ( 0)∏
N /M

m= 1

( Z - Zosm ) = 　　　　　　　　　　　　　 ( 5)

h1s ( 0)∏
N

1s

i= 1
( Z - Z10si )h2s ( 0)∏

N
2s

j= 1
(Z - Z20s j ) = ∑

N
1s

i= 0
h1s ( i ) Z

- i∑
N

2s

j= 0
h2s ( j ) Z

- j
( 6)

w here N 1s+ N 2s= N /M ,hs ( 0)= h1s ( 0)* h2s ( 0) .

In this case, the zero s m ust be distributed appropriately betw een tw o IDTs to minimize the

di fference betw een the response of the tw o sub-fil ters and the insertion loss, and to achiev e pre-

cise response. Using Eq. ( 6) , tw o decom posed resam pled w eighting sequences h1s (n ) and h2s ( n )

a re obtained, and can be considered as tw o staggered sam pling sequences which are zeros at the

non-resam pled points as w ell as they may be represented by interpolation method according to the

signal reconst ruction theo ry

h1 (n) = ∑
N

1s

k= 0
h1s (k ) sinc [c(n /m - k ) ]　　n = 0 to N 1 ( 7)
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h2 (n) = ∑
N

2s

k= 0

h2s (k ) sinc [c(n /M - k ) ]　　n = 0 to n2 ( 8)

and

H (k) = H1 (k)× H2 (k) ( 9)

　　 Therefo re, wi th these tw o original weighting value in Eqs. ( 7) and ( 8) , w e suppo se that the

function H1 (k) i s fix ed, and choose a prio ri and the function H2 (k) of the reduced o rder N 2 < N 1

< N . In o rder to solv e the original optimization problem: given a desired response HD (k) and er-

ro r w eight function W e (k) , w e suppose to minimize the erro r function

ΔH (k) = |We (k) [HD (k) - H1 (k) H2 (k)| ( 10)

w ithin the intervalK= {k∈ ( 0,kx ) }.

Instead o f Eq. ( 9) , w e consider a suboptim al appro xima tion function which can be converted

to an auxi liary

ΔH (k) = |W- e (k) [HD (k) /H1 (k) - H2 (k) ]| ( 11)

w here W- e (k) = We (k) H1 (k) and so lv ed like an optim al one obtained by standard Rem ex algo-

ri thm previously wi thin the same internal , but wi th less o rder N 2 . Fo r H1 (k) , the above procedure

m ay be done again. Thus the function H1 (k) has a tw o-fold ro le; to dectease the number of v ari-

able to be optimized and to secure at the sam e tim e a suf ficient approximation accuracy.

2　 Simulation Results
Acco rding to the novel optimization procedure in the prev lous section, a 70 M Hz Blackman

SAW spectrum-shaping fi lter ( SSF) w ith roll-o ff facto r of 0. 19 is designed. The to tal system fre-

quency response H ( f ) and h (n ) is show n in Fig . 2 and Fig . 3. The w eight coefficience giv es the

ripple of 0. 5 dB in the passband and the at tenuation o f 60 dB in rejection bands. The BW is about

30% , and transition BW is about 3% of the center the f requency. This requires about 1 000 taps

w ith many smal l w eights.

The orignal weighting function is resam pled wi th the perlod M o f 25. Then 40 taps are used

to calculate the zero s show n in Fig. 4 fo r the decom posi tion. Fig. 5 show s the separated two de-

composed w eighting function, and the represented functions o f tw o IDTs of M SC fil ter by interpo-

lation are show n in Fig. 6.

In practical case, the digi tal rectangular pulse has a sincX spect rum. So, it is necessa ry to

com pensate by dividing this shaping facto r into the t ransmi t ting o r receiving SSF specification.

With above data , the interpolated two function h1 (n ) and h2 (n ) , and the help of standard Re-

m ez optim um , the tw o pa rt-responses of the two apodized IDTs and the overal l responses are ob-

tained, show n in Fig. 6. Of the simulation resul ts, the ripple in passband is about 0. 35 dB, stop-

band rejection is 67 dB, 1 dB～ 60 dB transi tion band is 1. 5 M Hz. This fi lter can m eet the designed

demands of SSF. This confi rm s the m ethod is co rrect and ef fective.

In the above practical sim ulation, the order N 1≈ N 2 , Hence, i t a ppears desirable to increase

the o rder N 1 o f H1 (k) unti l the approximation accuracy is deteriora ting.

As w ell as the second-o rder effects ( charg e dist ribution, end ef fect , dif fraction, ci rcui t efects)

in the M SC w ill distort the t ransfer response obtained by the delta im pulse model, this method re-

quires mo re accurate model of M SC to compensate the second-ef fects, w hich is to be researched.
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Fig. 2　 Desired SSF H ( f )

Fig . 4　 Zeros’ dist ribution o f Hs ( Z )

Fig . 6　 Inte rpo la ted h1 ( n) a nd h2 (n )

Fig . 3　 Desir ed SSF h (n )

Fig. 5　 The decomposed h s
1
( n) a nd hs

2
(n )

Fig . 7　 The resulted H1 ( f ) and H2 ( f )

4　 Conclusions and Discusses
In M SC SAW fil ter, the desi red f requency response m ust be decomposed into tw o w eight

functions fo r the tw o IDTs. It is v ery dif ficul t to apply the o rdina ry method referred to as zero-

separating w hen thousands of taps are required. In this paper, o riginal weighting function w ith

m any small w eights is fi rst resampled at an internal of M to decrease the number of v ariable to be

optimized and to use aero separating techno logy. The resam pled tw o functions are approximated

by interpo lation method, and one o f them with less o rder is optimized furtherly by Rem ez optimal

alg orithm prev iously used, and the o ther is supposed to be fixed. This novel optimiza tion has an-

o ther im po rtant role; to secure at the same tim e a suf ficient appro xima tion accuracy. The simula-

tion resul ts of a SAW M SC Blackman spect rum shaping fi lter fo r high speed and bandwidth effi-

cient digi tal communication system indicate that this method is v ery sim ple and ef fectiv e. And the
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developm ent o f an accurate model fo r the second-order ef fects o f the M SC is to be studied fur ther-

ly
[ 8, 9 ]

.
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一种新颖的 SAW带通滤波器设计方法

杨朝斌* 　　徐继麟　　黄香馥
(电子科技大学电子工程学院　成都　 610054)

【摘要】　提出了一种新的声表面波 ( SAW )滤波器设计方法。 先对设计目标函数采样减少变量数 ,

用 Z变换零点分开并通过内插重构得到两组加权初值。假定其中一个固定而对另一加权系数利用标准

的雷米兹交换算法进行优化。对 Blackman谱成形成滤波器的模拟设计表明 ,该方法计算精确方便 ,简明

实用。

关　键　词　声表面波 ;　采样与内插 ;　零点分开 ;　优化 ;　雷米兹交换算法

中图分类号　 TN713. 5
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