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SIQIAL PROCESSING WITH SAW DEVtCE$*

~~~~

U .  Nj lstein D L  Arsengult P.K . Das

AISTRACT

ma use *f surf*ce acoustic wave devices to perforu real t ias Fourier t ransforastj on for tine-
United signals is well known . In this paper a detailed analysis justifying the i.plenentation

- I ~~~ nest typically enpioyed viii be presented , as veil as the description of a schese which extend.
the above technique by allowing the tranafornation of a long sequenc. of contiguous randos data.
This lattag situation , of course , is that norually encountered in a digital co un tcation eye-
tea.

ZNTRODVCTION

The ides of filtering a signal by Fourier tren.for.ing it, neltiplying it by the transfer
function of the desired filter (in real— tine) , and inverse transforning the result has bean
described in various articles (sea e.g. [lJ,(2J). The key co~~onen t of such a syata. is the
Fourier transfotner (or inverse transforner) , which is typically inpienented with a surface
acoustic wave (SAW) tapped delay line. This paper will provide an analytical justification
for this type of proceesing plus describe a technique by which this scheae, nosinally appli—
cable to tins—u nited signals (of the order of tens of aicroseconds), can be extended to allow
filtering and detection of the very long contiguous data str.. typical of .ost digital con-
municat ion 575 t * .

FOVRIER TRANSFORN GENERATION USING SAW DELAY LINES

The use of s linear PM (or chirp) vavefor~ to generate a rtal—tine Fourier transforn ha. been
docunented in the literature (see ( l J — ( 5 1) .  The foUoving derivation validates this procedure
by explicitly showing J ~ov one specific iupleaentation, nanely a tapped delay line with appro-
priate tap coefficients , can perforn the fourier transfornation to within any desired degree
of accurary .

Assusa for siaplicity that the delay line ha. a total delay of T1 seconds. Since a chirp wave-
fo r, with a large t ine—bandwidth product has a Fourier tranafora that is essentially constant

& over the rang. of frequencies being chirped and is close Co zero elsewhere f6J, it is reason—
able to consider a chirp pulse as a bandlinited signal. Msosing the chirp vavetor, is swept
frau w a to v iv , w 5 being the carrier frequency , the wtifora saapling theoren for bandplss

4 
. signals ~7J :ta~.. that sauplee of the wavefor. taken at the rate

2(f +f ) f +fa c 
, where a is the larges t integer lea, than —4——i , are sufficient to describe thea f + f c

vaveforn. Aasu.ing, for slaplicity, that is an integer , it follows that if the tap co-

efficients are chosen such that

Cn
= h(_

~~~~~
) (1)
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wha rs b(t ) is the chirp wavsfor , thsn feeding the output of the delay line into an ideal band—
pass filter with inpulse response

hBP — P (W /2) (w~wC) + P (w /Z ) (V+Va) (2)

where
1 ~~ ~~a

P Cx) —
0 elsewhere

will coapletely recover h( t) . Note that for a chirp signal T1 seconds long, w 2~T1, where
2A is the sweep rate (se. below) . c

For ease of notation , the chirp vavefo ras will be expressed in conplex form. Letting f(t) be
a tin.—liaited , approxi aate ly bandlialt ed signal whose Fourier transfo r , is desired , Figure 1
shows a block diagra m of how the transform is generated. In Figure 1, h (t) is the impulse
response of the tapped delay line and is given by

h~ (t ) — ~ b(~~~) 6(t +~~~) . (3)

- To perfo za the Fourier treasfornation, the slope of the chirp of the filter nust be opposite
that of t~e slope of the chirp aultiplying f( t) , so that h(t) aust equal
ej~~a

t
~
At ~ and therefore

h~(t) — 
~ 

szpLJ (v1( InJ v~
) + 

~
i(1ln/wc)

2fl 6(t + (wn/v )) (4)

With the impulse of the filter as given in (4), the output of the filter is given by

g(t) — fCc) ejtwatA t 1 * h.,~(t)

— ~ 
exp(j(_v a(wn/vc

)+ 6(wn/vc)
hJLE(c)e~~~

tb t ) 
~ d (t + (nn/w ))j

— ~~~.. 5j(w,t— At 2
~ ! f (t  + ~~) exP(—326t vraIw~J (5)

C S C

where * denotes convolution. Since , the length of the delay line is T seconds , it is clear
• that (5) is only valid for tE IT ,T 3 , since only in that interval of tine will the input wave-

form be fully contained in the delly line . To show that , froa (5), one can indeed recover the
Fourier transfor. of f(t ) , assune f(t)  is tine—limited to tE (0 ,?]. Fu rther .ore , assun. f ( t )
is app roximately a bandliaited bandpeas signal with upper and lower cutoff frequencies given
by (~T Ii) and (t~1/w) respectively. The reason for choosing these two frequencies will be ob-
vious Ahort ly. Also, if the signal whose transfer. is dsaited is actually a baseb and signal,
it can easily be shifted into ths above frequency range by allowing it to nodulate an appro-
priate carrier.

Since the chirp aultiplying fCc) will also be t ime—limited to 10.?), it will be swapt fin.
w5 to w5—2AT , so that the frequency range of the product will extend frau v to w + iA?1,
precisely the same range that be chirp filter is being swept over. It folliws thin that f (t )
can be expanded as

sin v (g+ ~~)
tCt )  — 

~~ ! f (  ~9) C (6)
n ~

since (6) merely represents ov.rs~~~ling f(t ) . Also,

P (v) — 
~~~

- ~ 
f( .. !~) j (lIkv/vc) P ( w) (7)

where P(w) is the Fourier transfer. of f ( t ) . Inserting (6) in (5) yields
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2 sin w (t+ _ !_ (n+k))
g(t) • ~ •j( wat—A t ) 

~ ~~~~~ 
c w

~
wc n k w v

~ “(t+ _L 
~~~~

— ~j(wat_At
2) (_!_) ~ } e i (ThtX 1T w~ )~~~<_ Wit ) J~ ~ ei t+ / ~ c) u 1

~~~du
c n it c ~wc

• ~~~~~~~~~~~~ J C Z f(—~~~)e ’
~”c~~” P (u) Z —i (2t . t)(1T nI w~) 

•
j(1T/w~)nu

C 
ei%lt/21T du (8)

Fron (7) , the s,muastton over it yields F(u), and the suneation over n can be shown to yield
(see (8))

2 w I 6(— ZA t + u_2nw
~

) (9)

so that 2
g (t) — e~ 

(wat—M ~ JC ~( ) j Ut !61
~~

2t
~
t_2m1

~
)du

— c~ 
gt+t t

2
) F(2tit ) (10)

where the remaining terms in the ahove sun ar e zero because f (t) is assumed bandlimited to
w <  w~ and the only region in tine wheie (10) represents the output of Figure 1. is t E (T ,TiJ .

Finally, (10) can be rewritten as

•
j(vat48t

2) F(iAt) — ej(i~5
t
~
8t2) F(w), (11)

where w 2At, so that a coherent denodulatio~ to remove the chirp carrier yields (to within
a constant) she desired transform 1(w).

• In deriving (ii), two approximations were made , one that the signal f(t )  is bandlinited and
the other that the utab er of taps in the delay line was infinite . Clear ly , both aasunptions
will be violated in practice, but to the extent that one has a reasonably bandlimited signal
(with respect to he range of freq uencies over which one is sweeping with the chirp) and one
can implement a delay line long enough to encompass most of the energy of the signal , one will
be able to coma very close to generating F(w) for some appropriate range of values of w. Spe—
cit ically, the range over which P(2 1.t) yields a true estimate of the Fourier transf orm of f(t)
is wE(2AT,iAT1 ) so that , a. pointed out in (1), values of F(w) about and including w—0 cannot
be obtained (Ssauaing the carrier frequencies of both chirps are the sane). Consequently, if
one wants the transform of a b ypass function fCc) • one should input f(t) cos v1t into thesystem of Figure 1, where V1 — A(Tl

_T), rather than f (t )  itself.

PROCESSING CONTIGUOUS DATA

It can be seen from the previous section that the technique for Fourier transformation work.
satisfactorily as long as the input waveform is time—limited to a small enough value (i.e.
tens of microseconds) . Since the input to most digital coasunication systems can be viewed
for all practical purposes as an infinitely long sequence of a contiguous time pulses , some
means of altering the procedure described above muse be available.

One such scheme is to create two parallel processing branches and periodically switch segnents
0! the input waveform into each branch . This is illustrated in Figure 2. This system is es-
sentially the same system described and analyzed in (1) and (2), except for the addition of
the extra parallel branch of processing. Given that this switching is necessary , it is of in-
teres t to do it in such a manner that will minimize any distortion . Towards that end , assume
each pulse is of length T and assume the length of the delay line T~ is set to 2?. Referring
to Fig ure 2 , and denoting by Pj , i—1 ,2 ,.... the ith pulse of the input signal and by F(j) and

j—i ,2 , the jth forward and inverse transformers respectively , then P1 is f ully con-
tained in 7(1) for the first time at t.T, and is fully contained in 7(1) for the last tine

- at t T 1.2T. At this point the input to r1(l) due to 
~i is fully contained in P 1(i) for the

first tine and this full containmen t lasts until c—T1+T—3T. Therefore , considering P
~ 
only, the

output of r 1(l) due to ~l 
is a signal Wh ich is valid for T seconds only. In order that there

be no distortion in inverse transforming the input to r1(l) , it is necessary that no other pul,e
cause an input to F 1 (l) in the interval tE  (T 1,T1+T). For Tl 2T , this reduces to tE (2T ,3T).
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Since the next input to PU) is P (P ,P ,P •... all go to 7(2)), the next pulse into 7(1)
does not enter 7(1) until 2? and ~hus2dots ~ot enter 7’l(l) until T +T — 3?. In other words,for
the system shown in Figure 2 with F —2 1, adjacent pulses do not int~rfere with one another
in either th. forward or inverse trAnst or mara. Furthermore , since the valid output of the
inverse transformer for any pulse is precisely T seconds (i.e. the length of the input pulse) ,
there is no intersy abol interference due to 11(w) . That is , while H (’-’) certainl y distorts the
input pulses and in general disperses the. in tine over a duration greeter than F seconds, the
t iming of the system can be adjusted through appropriate switching to only allow into the final
filter the appropriate F—second output of r1(l) or r1(2).

CONCLUSION

An analysis has been presented illustrating how a SAW delay line can be used to perform a real-
time Fourier transformation of a tine—limited input signal , and a procedure was described
showing how that technique could be extended to allow the system to handle the long contiguous
random data stream typical of the inputs to moat digital coneunication systems .
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