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ABSTRACT

This paperpresentsan efficient methodfor designingFIR filters
basedon an iterative versionof the frequeng-respnsemasking
(FRM) appro@h. With the proposednethod the weightfunction
for the FRM methodis updatedafter eachdesignin anattemptto
generatanequiripplefilter. Theresultingprocedireis thensemi-
automatic,asthe mamgin gainsof the FRM are estimatecby the
algorithmat eachiteration,thussimplifying evenmorethe overall
filter design. The resultis a very efficient filter in termsof the
overall numberof multiplicationsperoutputsample.

1. INTRODUCTION

The frequeng-responsemasking(FRM) approat is a very effi-
cientalternatve for designinglinearphaseFIR digital filters with
large passbandandsharptransitionbands.With suchmethod,al-
lowing anincreaseof thefilter delaytime, it is possibleto reduce
the filter compleity (numberof multipliers and addersrequired
per outputsample)whencomparedo the standarddesignmeth-
ods[1]. It hasbeenverified thatwith the FRM approah without
the concep of “don’t care” bands, the compleity reductionis to
about48% of the compleity yieldedby the standardninimaxap-
proach.Whenusingthe concepbf don't carebands, thereduction
increasesven furtherto abou 35% of the standardbne. This re-
sultsfrom the factthatin practicewe canrelaxthe specifications
within the don't carebands andincreasegheweightingwithin the
importantbandsof thefiltersrequiredby the FRM method.In this
paper we presentan iterative versionfor the FRM design,where
the magin gainsare updatedat eachiteration (partial design)in
an attemptto generatean equiripplefilter. The resultis a sim-
pler designmethod asthe optimalmaigin gainsdo not needto be
estimatedbeforehad, andfurther reductionin the computationa
compleity of thefinal filter.

The organizationof this paperis asfollows: In Section2, we
describethe main coneptsbehindthe FRM method.In Section3
we thenpresentniterative extensionof the FRM methodandde-
scribethewhole procedurdor designinga lowpassprototypeFIR
filter with reducedcomputatioal compleity. A designexample
with the proposednethodis includedin Sectiond.

2. FREQUENCY-RESPONSE MASKING APPROACH

Thebasicblock diagramfor the FRM approacttanbeseenin Fig-
urel. In thisschemetheso-callednterpolatehasefilter presents
arepetitve frequercy spectrumwhichis processedby the positive
maskingfilter in the upperbranchof this realization. Similarly,
a complementaryersionof this repetitve frequeng responseas
operatedy the negative maskingfilter in the lower branchof the

realization. In this procedure poth maskingfilters keepsomeof

thespectrunrepetitionswhich arethenaddedogetheito compae
the desiredoverall frequeng response The magnitud resporses
of thefilter composinghis sequene of operatiors aredepictedin

Figure 2, whereone canclearly seethe resultingfilter with very

sharptransitionband.
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Figurel: The basicrealizationof a reducedFIR filter usingthe
FRM approach
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Figure 2: Frequeng-respamse masking approad, shaving the
don't carebands(singleline) andthe critical bands(doublelines
belav thefrequeng axis).

If the basefilter haslinearphaseandanevenorder N, its di-



rectandcomplematarytransferfunctionsaregiven by
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respectiely, where L is the interpolationfactorand i, (n) is the
impulseresponsef the basefilter. Fromthe equationsabove, we
canreadily seethat

|H (/)| =1 —|H;" ()] 3)

andalsothat| H; (¢’)| canbeobtainedoy subtractind H;" (e7*)|
from the signalatthe centralnodein H; (z).

Thecutof frequencied and¢ of the basefilter (seeFigure?2)
dependon L andon the desiredband-ede frequenciess, andws
of theoverallfilter. The maskindfilters aresimpleFIR filters with
band-ede frequencieshat also depem on L and on the bands
of the interpolatedfilter. Thereforethe optimal value of L that
minimizesthe overall numberof multiplicationscan be obtained
by estimatinghelengthsof all sub-filtersfor variousL andfinding
thebestcasescenarioempirically.

Asthefrequeng resporsesin eachbranchdepictedn Figure2
arecomplenentary thecorresponthg passbadripplesshouldcan-
cel eachother speciallyif the two maskingfilters have approx
imately the samelength. Using the conaept of gain mamgins to
determinethe specificationsor eachsub-filter we can seefrom
the construdion of the filter [1] thatwithin the nonaitical bands
the overall ripple is approximatelythe sum of the ripple in one
of the maskingfilters (dependihg on the frequeng value)with a
second-oder term, due to the almost-perfectancellationof the
two branches. This fact musttaken into consideratiorto deter
mine the specificationgor the passbad ripple and the stopband
attenuatiorin eachsubfilterof the FRM design.

For instance,in a designof a low-passFIR with a desired
bandmssripple of 0.1 dB andminimum stop-ba attenuatiorof
40 dB, the necessaryvorst-casemamgin at the noncritical bands
is appro¥mately 2.2%, while the worst-casemanmin at the criti-
cal bandsareabout50% of the desiredoverall ripples. Therefore,
the weighting at the noncritical bandsshouldbe relaxed and the
weighting at the critical bandsshould be increasedaccordingly
in orderto accomplishthe magin requirementsn all frequeng
bands.

3. ITERATIVE FRM DESIGN

In this section,we describethe iterative versionof the FRM de-
signfor improving the frequeng respons at the critical bandsof
the overall filter. We startthe designby finding the appropiate
valuesof the cutoff frequenciedor the subfiltersandthe value of

L which will give the bestreductionfor the filter. Onecanthen
estimatehe numberof coeficientsfor theminimaxapproachand
verify thefinal responsef thefilter, reducingthenumkerof coefi-

cientsif possibleandredesiging thefilter. After this,themasking
filters canbedesignedemplg/ing theconcep of don't carebands,
adjustingthe weightsin eachbandin sucha way thatthe critical

bandsreceve higherweights. The next stepis to locatethe repe-
tition of the basefilter spectrumwhichis responsile for the sharp

transitionof thefilter. Thesefrequendesaregivenby [1]

wy = mZ (4)
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wherem is the largestinteger suchthatws is immediatelybelov
the largestcutoff frequeny w; of the maskingfilters. Thesetwo
frequerties,w; andws, arethe centersof thefirstandseconcdriti-
calbandsrespectiely. Oncetheserequendesaredeterminedye
canmapthe maskingfilter resporsesover the basefilter response,
andestimatetheresultingerrorwith
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overtheintenalw € [wi,w2]. As we areinterestedn optimizing
thebasefilter, we canmapthefrequeng responsesf themasking
filters backto thefrequeng intenal [0, 7], yielding

|H ()| = [Hy (7 ) Hy () + Hin (7)1 Hy (/)] (7)
with, in thiscasep < w < 7, and
w'=w1+(w2—w1)% (8)

if the positive maskingfilter hascutof frequenciesdelov the neg-
ative maskindfilter, or

w'=w2—(m—w1)§ (9)

if thepositive maskingfilter hascutoff frequenciesbove thenega-
tive maskindfilter cutoff. This definitionof w’ meanghatdeper-
ing on which of the two branctesis responsibleor the last part
of the passbad, one needsto do a direct or inversemappingon
thefrequeng, accordng to equationg8) or (9), respectiely. The
laststepis to determinghe peak-castrainedrequercies. For this
project,we usethefirst bandstopgeak(“side-lobe”) of the mask-
ing filter. In the frequendes above this peak, it is suppsedthat
theleast-squarepartof the basefilter will cancé the otherpeaks
of themaskindfilters. Thus,in eachiteration,we seekfor thefirst
bandstop peakto determinewherethe ervelopefunction is kept
constah Oncethe peak-costrainedfrequenciesare known, the
optimizationalgorithmcanbe appliedto designthe basefilter. In
Table2 we seethedesignresultsfor variousfrequenciespecifica-
tions. Usually, theinterpolationfactorshouldbe dependat of the
sharpressof thetransitionband but it canalsobe differentfor the
two algorithms.In this case theiteratve FRM indicatesByusing
thesamevalueof L in bothalgorithmsi,it is easierto comparethe
results,becaus the subfilterswill keepthe samefrequerty spec-
ificationsfor both algorithms,thus avoiding the maskingfilter to
operateon differentbands of theinterpolatedbasefilter.
Theideathenis to analyzethe resultingfilter from the above
procedire,determininghefrequerty intenalswheretheresulting
gain deviatesfrom the given specfications.For thesefrequeny
valueswe can then readjustthe initial gain mamgins (increasing
themin a direct propation to the deviation) and performa new
FRM design. Suchprocedurecan be repeatedas mary timesis
necessey to achieve an equiripplefilter (if possible)or until the
resultingfilters do notimprove in two conseutive iterations.



4. DESIGN EXAMPLE

As anexample,we shav the designof a lowpassreducedFIR fil-
ter, with cutoff frequencie®f w, = 0.657 andw, = 0.667, max-
imum ripple at the passbanaf 0.2dB and minimum attenuation
atthe stopbaunl of 40dB. ThedirectFIR filter implementatiorus-
ing a minimax designwill require382 coeficients,while usinga
standard~-RM minimaxwith don't carebandshe numberof coef-
ficientsis reducedo 133for theoptimumchoiceof L = 7.

By usinga WLS design[4] on the maskindfilters, we obtain
the frequerty-responsealepictedin Figure5 (dashedines). We
canthen notice from this figure, thatby using J = 5 equirriple
peaksin the WLS-Chebyshe designof the basefilter we areable
to restrictthecritical peaksof the overall design.The overallfilter
amplituderesponsés shavn in Figure3, while in Figures4 and5
we seeall therespons atthecritical bands
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Figure 4: Amplitude resporse at the first critical band for the
examplefilter (continuos line) andthe respons of the positive
branch(dashedine).

Figure 5. Amplitude responseat the secondcritical band for
the examplefilter (continuousline) andthe response®f the two
branche®f thefilter (dashedines).

For this design, the result and the compaison betweenthe
minimax andthe propcsedapproachs are shovn in Table 1. In
this table, M denotesthe numberof coeficients for eachof the
sub-filters,Mr,; is the total number of coeficients (multipliers)

on theresultingfilter, andthe last columnis the reductionfactor
givenby M, divided by the numberof coeficientsrequiredby
thedirectimplementation.

Tablel: Comparisorbetweerthe designsusingthe minimaxand
the WLS-Chebyshe algorithms.

Algorithm | L | M, | My | M~ | Mr.: | Red.Fact.
Minimax | 7 | 65 39 29 133 34.82%
WLS- 7| 57 32 26 115 30.1%
Chebyslev

In Table 2, we seethe designresultsfor variousfrequercies
specifications.Usually, the interpolationfactor shouldbe depen-
dent of the sharpressof the transition band, but it can also be
differentfor the two algorithms. In this case the currentversion
of theiterative FRM performsonly oneadditionaliteration,when
compaedto the standard~RM design.

Table 2: Resultsobtainedby using variousfrequerty specifica-
tions. For thesedesigns,the maximum allowable ripple at the
passbad is 0.2dB and the minimum attenuationis 40dB at the
stopband.

Specifications Minimax Iteratve FRM
Wp W, L T Red.Fact. | L | Red.Fact.
0.1787 0.180x | 14 1474% | 14 12.85%
0.2407 0.2457 | 10 23.72% | 10 21.63%
0.327 0.33w 8 34.91% 8 31.25%
0.657 0.667 7 34.82% 7 30.1%

5. CONCLUSIONS

We introduceda new designmethodfor FIR digital filters. The
propcsedmethodis anextensionof the frequeng-respnsemask-
ing (FRM) methodin aniterative way, in an attemptto generate
aresultingequiripplefilter. The mainadwantageson the proposel
algorithmarethe flexibility to work with the weighting function,
givenary arbitrarysetof specificationsanda resultingprototype
filter which is very compuationally efficient.
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