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ABSTR:.CT

An adaptive procedure for rewoving a multimodal power spectrum using cas-

caded transversal digital filters is described. Each section of the crerall

filter consists of a second order trensversal filter whose zero pair is adaptively
adjusted to remove one of the modes of the undesired spectrum.

The paper is divided into two sections. The paper first treats the case of

an unknovn but unimodal power spectrum. The second section treats the case vhere

the power spectrum is multimodal, specifically the duel mnde case. For this case

8 gradient approach was used to adaptively adjust the zero pzairs of tue digital

filter to remove the unwanted spectrum. A set of simulation results are presented

for various combinations of modal separation and relative power between modes.
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i Digital Adaptivc Speetral Filtering*
Semmary L |

This paper describes an ada%tive procedure for removing a multimodal power
spectrum using cascaded transveééal digital filters. Each section of the overali
filger consicts of a second order transversal filter witose zero pair is adapiively )
edjusted to remove onc of the modes of the uﬂdeéircd spectrum.

'The paper is divided into two scections. Theifirst section treats the casc
of an unknown but unimoéal power specfrum. For this case a closed form solution
for the location of the zero pair can be ovtained, and a simple hardware realiz-

ation for the .digital filter is proposed. A set of simulation results are pre-

seﬁted which show %he pover reduction obtainabie.as a fupétion of the effective
width of the powe£ speetrum.

R The second section treats the casc where the powef_spectrum.is multimodal,
séecificaliy the dual mode case. For this condition a closed form solution
carnot be ob%ained withoﬁt a priori kriovledge of the parameters of the power
spectrum. Consequentl& a gradient approach was used to adaptively adjust the ‘
zero pairs cf the digital filter.té remove the unwanted spectrum.Several different
varia?ions of the basic gradient technique were studied, however the technique

. which utilized the least hardware was simply a first order gradient modified by

2 stepwise decreaging convergence factor. k

A sét of simulation results are presented for the gradient approach for
various combinations of modal scparation and relative power between modes.

Included -in thuse results are convergenée times and obtainable éower reduction.

A Aigital hardware realization for the filter is shown.

The remainder of this swmmary is devoted to an ovtline of the theory used in
de&e)oping tﬂis adaptive,filter.
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Assume that a second order digital filter of the form

Hy(z) =1+ k20 + 272 PR
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is used to attenuate 2 pover spe'ctrum S(w). The output power of the filter is

‘given by R AL S
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IH2-(03)! = Hz(m) H(-w) = 2 + jx‘? +4 k cos T + 2 cos 2 T

~ This integral has a minimum vhen
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Hovever, the magritude squared trensfer function of a first order filter

whose transfer function is
H(z) =1 - 2"t
is given by

.

2
i}tl(m)l, = 2(1 - cos T)
Consequently, the optimum value of k can be computed vy
. m ° o 2
[ S(w) l}rl(w)l do
0
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_/;) S(w) dw

mean square output of filter Hl

= - 2 4

mean square value of input signal

- This reprecents a tidy solution for the adjustment of the fij.t;ér paraneter k.

For an unknown spectrum S(w) the optimum location of the zero nair of transmission

can be readily comp:tod knowing the two mean square valucs indicated. Basically
this is a2 scenning single notch filter.
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Hoﬁcver vhen the overall sp£c£rum consists ofvtwo separated spectral peaks,
the sinélc notch is insufficient, and a cascade of two adaplive filters is
rcqgifcd. Unfortunately the first filter will see both peaks and will adjust
.ﬁtSelf to atﬁempt to null the cverall spectrum, placing its single positive
frequency zero in between the location of the peaks. The residue of the first
filter will.thus‘be doubly neaked and the seconélfilter will agaid adjust itself
fo placé its single positive freqqenéy zero in between the location of the two
peaks. Thercfore‘an entirely different approach must be used when the spectrum
is mgltimoda%. -

Tﬁc apbroach:that is used when the speclrum is mﬁlpimodal is based on a

time domain gradient procedure. The transfer function of a cascade pair of

sccond order transversal filters is given by

(1 3 kl Z—l 1 + "2)

: H3(z) + z'a)(l +k,z +z

2
-k

n.

-1 - -2
l'+ (kl + k2)(1 + z 3) + (2 + kl k2) z "+ z

For an input s=quence x(k), the output at time n will be

y(n) = [}(n) + x(n—hi] + (kl+k2) x(n-1) + x(n—3{] + (2+kl k2) x{n~2)

. o

Combiﬁing terms which have a common gain, and redefining the gain variables,
= )
¥(n) = q (n) +e; q (n) + ¢, g,(n)
A performance index is defined as the mean square output of the Tilter. This

performance index can be minimized using the following recursive relation which
is based upon stochastic approximation.

e;(n) = e;(n-1) - R(n) y(n) q;(n)
where

R(n) = convergence factor
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Thu%,'the input signa1 (which has a power spéétfum Skw)) is applied to
this cascade adaptivehfi;tér-gnd,';fter the ini£ial transient is removed, the
gains ;l and c, are adjus;é%:iﬂ;aécordance with the recursive élgorithm.
. It was found that tﬁis a;gofithm converged fapidly to the éroper solution
fof the filter parametef? Whén thé convergence factor R(n) was stepwise decréased
: Vith.increasing values cf_#,.and then held at a s%all value vhich allowed for
system spontaneity capabiiity. | Y Z
A detailed block dﬁagram.of.the proposed haidwé%e realization for the two
" parameter adaptive filter islgivén,_showing tha; tﬁis design requires four shift

reéisters, three adders, and a small table lookup for multiplication.




