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Abstract: Problem statement: A simple analytical approach to the synthesis aharp transition,
linear phase, multiband FIR filter is presentede Tiiter magnitude response is modeled using
trigonometric functions of frequencypproach: Employing variable density of ripple cycles in
passband and stopband regions with large densityppfes cycles at the sharp transition edges,
reduces the abrupt discontinuities at these ed®gsilts: As a result, Gibb’s phenomenon is reduced
in the filter implementation thus giving a flat ghand and good stopband attenuation. A closed form
expression for impulse response coefficients igiakt. The filter design is easily tunable andvedio

for variation in transition bandwidth of each baAdspeech processing scheme is implemented using a
pair of the proposed sharp transition multiband Hilers to split the speech spectrum into
complementary short time spectral ban@onclusion: The adjacent speech formants are fed
dichotically to the two ears to reduce the effettspectral masking and hence improve speech
perception in sensorineural hearing impaired.

Key words: Sharp transition, FIR filter, multiband filter, dils phenomenon, sensorineural hearing
impaired, speech processing scheme

INTRODUCTION perception of features cued by amplitude and domati
) ) The two adjacent strong spectral components i.e.
The peripheral auditory system of the human eaformants that are likely to mask each other are
behaves like a bank of bandpass filters calledtanydi  presented to left and right ears. Another technigue
filters or critical bands (Moore, 2003; Flanaga872;  reduce effects of spectral masking is to employ
Zwicker, 1961).0ne of the hearing impairment inmyitiband frequency compression (Kulkaret al.,
humans is sensorineural hearing loss due to deiiects 2007). In this technique, the speech spectrunmvisieti
the cochlea and auditory nerve. In general, thés I8 into a number of analysis bands and spectral saniple
not medically curable and it becomes progressivel\each of these bands are compressed towards the band
worse with time. Sensorineural loss is associatgd W center by a constant compression factor.
widening of the auditory filter bandwidths t_hus fiter Several schemes are employed in literature to spli
slope becomes shallower and results in overlap ofe gpeech signals for binaural dichotic preseomiati
adjacent spectral bands called spectral maskingr(Bo unner e al. (1993) evaluated a scheme using
and Bouwmeester, 1974, Glasberg and Moore, 198 sSynthesized vowels in which the first formant is

French and Steinberg, 1947). This leads to a deerea .
frequency resolving capacity of the auditory systeim presented to left ear and the secon_d forma_nt toighe

the ears. One of the possible ways of improvingspe €' T_he scheme used comb filters with consFant
perception would be to split the speech signal fen t bandwidth of 700Hz and 40dB stopband attenuation.
basis of its short time spectrum into two complitaep ~ The listening tests were conducted on male andléema
spectra for presentation to the two ears dichdtical Subjects in age group of 39-69 years with bilateral
This enhances the perception of spectral contrist anoderate sensorineural hearing loss. The gain ®f th

resonance peaks without adversely affecting thdilters was adjusted depending on the hearing tfss
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individual subject. The scheme achieved spectralocation of the error maxima magnitude to reduce th
splitting but the filters did not have the shargngition = computation complexity is presented by Shpak and
bands. The results indicated an overall improventent Antoniou (1988). A simple and effective multiple-
speech perception for dichotic conditions. Lyredaar exchange algorithm for the design of multiband FIR
(1982) conduced similar experiments with three @alu filter is presented by Selesniclet al. (1998) using a

of comb filter bandwidths of 200 Hz, 500Hz and constrained least square approach that does not use
800Hz. There was no significant improvement inspecified transition bands. The design algorithmais
speech recognition scores because of improper bart/brid of the Parks—McClellan and least squares
separation. Chaudari and Pandey (1998) investigatedmethods. Two methods which are a combination of
scheme for splitting the speech into two complemsnt numeric and analytical techniques are presented by
spectra each with nine bands for binaural dichotiBurrus (1994) for designing optimal linear phase
presentation using Zwicker (1961) psychophysicalmultiband FIR digital filters that have well defohe
tuning curves. The FIR comb filters were designgd b transition bands. They both allow explicit conti
frequency sampling method using linear optimizationpand edges and center band gains for multiple pasisb
techniques. The filter transition bandwidth wast@8 and independent control of each transition banceedg
117 Hz for various bands which resulted in maximumoQne is an analytical method which derives formates
pass-band ripple of 1dB and stopband attenuati@8of the filter coefficients but does not allow diffeten
dB with cascade filters of order 256. The scheme waweighting of the passbands, stopbands or transition
able to improve speech quality, response timepands. The second approach uses a mixed
recognition scores and transmission of consonants{umericalanalytical method which allows independent
features as observed in the listening tests. Tiieatr  \eighting of all bands but requires numerical siolut
band filter banks for use in binaural hearing aidof a set of simultaneous equations. A general ntetho
reported in literature generally uses lowpass, passl js presented by Estola (1988) for designing
and highpass filter in cascade. These filters leawede  computationally efficient FIR multiband filters kit
transition band, large passband ripple, less stwpba arpitrary frequency response and time responseseThe
attenuation and not easily tunable. Employingrslteith  fjiters are constructed by cascading subfilters and
large transition band, the spectral componentg ljirthe  5o|ving the nonlinear approximation problem to abta
transition region are presented to both ears wingair  fiiter coefficients. A linear phase maximally flat
speech intelligibility (Chaudari and Pandey, 1998). multiband filter is presented by Samasti al. (2004).

A multiband sharp transition filter with large The structure is easily tunable and provides a lgmp
number of passbands and acceptable magnitud@echanism to vary both the centers and degrees of
response is difficult to design and requires ldiler  fatness independently at each level. A serious
order (Pelloni and Lagadec, 1984). Most methods d@jisadvantage of FIR filters is its complexity, wihic
not allow independent control of band specificasion pecomes acute in sharp trasition filters. A
mainly the transition bandwidth. Conventional metho computationally efficient design technique for $yegis
for sharp transition FIR filters using window fuitets  of sharp transition FIR filters is Interpolated FliRer
and frequency sampling method require high filteryhich is a FIR-FIR filter cascade and employs spars
order. The numeric Remez approach, which employ§ijter and an interpolator filter (Neuvet al., 1987;
optimization techniques, requires lower filter ardbit  1984: Jovanovic-Dolecek and Diaz-Carmona, 2002:
computational complexity is high. They do not yield Yang and Lian, 2002; Gudinet al., 2008a; 2008b;
explicit expression for the filter transfer funeti@nd 2008c). The interpolation designs introduce large
hence it is difficult tuning to tailor made magmigl  group delays. One of the most successful techniques
responses desired in some applications like the ongy the synthesis of arbitrary passband, very narro
dealt in this study. Most of the numeric FIR muliiidl  tyansition width FIR filter with least filter ordeis

Vleek, 2005; Mintzer and Liu, 1979; Matei, 2007; (Lim, 1986; Rodrigues and Pai, 2005a; Lenal.,

Shpak and Antoniou, 1988; Selesniek al., 1998;  2007). The sharp transition and arbitrary bandwidth
Burrus, 1994; Estola, 1988; Samatlial., 2004; Hoet s formed by using several low order FIR subfilters

al., 2008) are based on the least squares or edeirippHearing aids using a bank of computationally

error criteria. A Remez type exchange algorithmhwit efficient FRM filters but with wider transition bein
an initialization strategy and a selective seamhtfie  5re presented by Lian and Wei (2005).
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MATERIALSAND METHODS 1e5,/2 |

1

Proposed multiband filter design: In the proposed o ;

linear phase FIR multiband filter design, the vasio
regions of the filter magnitude response are madele
using trigonometric functions of frequency. The
magnitude response modelH(w) of the multiband
filter shown in Fig. 1 has nine regions per bang, B Honl®)
the nth bandpass component of the multiband filter.

In the stopband region froms, <o<ws 1 the

frequency response is Eq. 1: 5#\""" \ﬂ 5 N
; V271 o 'RV

Hpm((L):ES) cos an @_ms.rr 1) (1) C‘O P W, 1(,) !\\ D 4 ‘+ ‘I" CJ:)
s,n-lm'ﬂ’“.l [ pnwhn_mnzﬁ} {ghn-i-(ﬂnzmhn mpnﬁ')szin:inﬂ

where,® is the frequency variablég is the stopband
attenuation,ns ,.1 is the center frequency of the stop
band preceding a passband of bandpass response BP
and os 51 is the frequency at which second stopband
region starts. This region is designed to possedg)
ripple cycles characterized by filter design partne

Fig. 1. lllustration of one band of the proposed ‘n
band multiband FIR filter with equiripple

magnitude response, linear transition and
variable density ripple cycles

ko> where nO and p are integers to be chosen. Thﬂpm(w):#[m_(%n_wm)] (6)
various filter design parameters of the passband, (00, — 00;)
stopband and transition bands shape the resporbke in
respective regions Eq.2: where,optopn are the passband edge frequencies and
opn IS half passband width of BP
W, 1=, +(n0- p)ﬂ @) In the passband. regionyy-mpn)<O<(wpr-on2), the
’ ’ Koz frequency response is Eq. 7:
For the filter model, Bh(wpntwp) = 1 and .5 .
Hom(@oritze) = 0. e Hon(@) =1+ 22 sink; [0 (05, = ,)] ™

In the stopband regiongs; n.fO<(0pr-0.,) the
frequency response is Eq. 3: where, (p-o,) is the frequency at which second
passband region starts. This region possesses 4jn+1/
cycles of ripple and m is an integer to be chosen.

In the passband regionypuy-ony)<O<(wpr-0n), the
frequency response is Eq. 8:
where, ob, is the center frequency of passband,.BP
This region possesses (p+3/4) cycles of rippIerm(w) :1+$coslgnp— @, ~0,,)] (8)
characterized by filter design parameter kp. 2

For the filter model Eq. 4 and 5:

Hon6) = 200K, @00, ®)

where, (pito,) is the frequency at which third
passband region starts. This region possessesn{hl-2

(0, —00,,) — 00, . 1:(p+§j£”+ (n0- p)ﬂ (4) cycles of ripples and is characterized by therfittesign
' 4)k, K, parameter kpl. nl is an even integer to be chosen.
For the filter model Eq. 9:
_ 3\ 2n
wsz.ml_(wbn_wzr)_(p+4]kp (5) (;\,)nzz[r%:l-—l'ﬂ]kE (9)
pl
In the transition region wn-m;n)<O<(®pn-mpn), the In the passband regiomygtonz)<O<(wpntwpn), the
frequency response is Eq. 6: frequency response is Eg. 10:
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i) =14 2 cOsk B2 0,0, 10)  (@,-w,)= (oom—oop,)[l— 2 “;Bj (19)
This region is designed to possess (m+1/4) cycles ) ) o
of ripple Eq. 11: For the multiband design, novel slope equalization
technique (Rodrigues and Pai, 2005b) is appliecchvhi
2n further improves the performance of the filter. Titter
Wrz =wpn‘(m+2)? (11) design parameter  kis evaluated by equalizing the

P slopes of the magnitude response function at tigesd

In the transition region, wh+wpn) <O(@pr+ws), of the transition region which are the points of

the frequency response is Eq. 12: discontinuity. This allows the function to be conibus
thus reducing the effects due to Gibb’s phenomenon
_ 1 and hence improves performance of the filter Eq. 20
Hpm((‘o) _1_m[m_(o‘)bn +("‘)pn)] (12) and 21_
zn pn
In the stopband regionof+o,)<0<wvszq1, the _ k9,
frequency response is Eq. 13: Slope of H,, (o) atoy, + 0, = 2 (20)
Hom(@) = -%Sin Kplw— (@, + )] (13)  Slopeof H,, () aiw,, + 0,,= = € 14| ;W (21)
where, 0, n4 the frequency at which third region of the Equating the slopes aby+wp,) and (pnt+o,,) at

stopband starts. This region is designed to possesse points of discontinuity for each band of the
(g+3/4) cycles of ripple characterized hyand g is an  multiband filter and using (20),(21) and (19) wetaib

integer is to be chosen. Eg. 22:
In the stopband region,wszni<®<osnpi, the
frequency response is Eq. 14: 545
6 2|:1_( 52 pj:|
H o (@) ZESSin Kpa(@- W, ) (14) Ko :m (22)

osna1 IS the center frequency of the stopband i i
succeeding the band BPn. This region is designed to This value of kp further reduces ripples at the
possess (n2-q) cycles of ripple characterized bgrfi fransition edges hence reduces passband ripple and
design parameter,kand n2 is an integer to be chosen.improves stopband attenuation.

For the filter model Eq.15: The expression for the impulse response
coefficients for the N order multiband filter istamed
3\ 21 by evaluating the integral Eq. 23:
('os,r*rl_(wbn*-wzr) :(qZ]?
P
o A JT.[H ©)cos ko @ (23)
(nz - Q)r ! LIRS em
p3
: 1q- where, Hn (0) in 23 is made up of nine regions for
For the filter model Eq. 16-18: each passband as defined by 1, 3, 6-8, 10, 12-14.
_ N-1 _(N-D
ws,n-r(wbﬁwzr):[qgj% (16) n, =01,...5 > for N odd andk n .
P Using Eq. 23, the symmetric impulse response
coefficients for a given filter order N can be ab&.
— 69
Wiy = = (g = ) + 0 17 RESULTS

Design two linear phase, sharp transition FIR
W, = w,,~(0,/2)(W,~w,) (18)  multiband filters using the proposed design apptdac
be employed in a speech processing scheme for
The transition bandwidth of each band is Eq. 19: sensorineural hearing impaired. The speech sarapdes
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split into two complementary short-time spectrangsi 20 ——T—T— T —
the multiband FIR filters with passbands based on A
Zwicker’s critical band model (Zwicker, 1961). Each
multiband filter has nine passbands with passbalge e
frequencies, wptop, in KHz being [0.07-0.2 , 0.30-
0.40, 0.51-0.63, 0.77-0.92, 1.08-1.27, 1.48-1.7.202
2.32, 2.70-3.15, 3.70-4.40] and [0.2-0.3, 0.40-0.51 .
0.63-0.77, 0.92-1.08, 1.27-1.48, 1.72-2.00, 2.3D2.
3.15-3.70, 4.40-5.012], sampling frequency of 11025
Hz, transition bandwidth wgro¢, of 35 H, maximum
passband ripplé, is +0.1dB and minimum stopband
attenuatiords is 40dB. T T T D B S R
The specification of each band i.e., passbancecent -1z D_ES U_i] u.i15 Diz U_gs Di3 0_535 ui4 D_LS =
frequencymyp, , half passband widto,, , the center Nasnlized Hesprency
frequencies of the stopbands preceding and sucagedi @)
Bpn ®spn1 and @spa can be found from the passband
values given above. For the given filter specifiad, ) e S S e S S T P S T
we compute values ofko,n, ®n2r Koz, 0s2.n-1, Kp2, 0201 : ;
and ks using Egs. 22, 19, 11, 9, 5, 2, 16 and 15  "°[77i
respectively. The value of the chosen constantalm, O LT O
p, q, n0 and n2 depends on the density of the efppl
required in the various passbands and stopbantteof
multiband filter. In the model, where sharp edges, ]
like the transition and first passband region, ripples
are increased. Hence a higher value of the congant
chosen in this region. The number of constants mttpe
on the number of passbands. The approximate relatio : :
between various constants is n1 > 2*m, p = g, n@rp, 015 - {HE - . S I I I A
n2>p,q. We choose m = 30, n1=70, p=q =5, n0 =7 005 01 015 D2 025 03 035 04 045 05
and n2 = 15.The magnitude response of the multibanc Nemahzed frequenty
filter obtained is shown in Fig. 2. The peak ripptehe (®)

transition edges due to Gibb’s phenomenon reducegiqy 2: (a) Magnitude response of the proposed FIR
The proposed design yields the desireltipand multiband filters for the design example (b)
FIR filter specifications for a filteraer of 1025. Magnified view of passband

The individual bands have a passband ripple of 0.01

dB, stopband attenuation exceeding 40 dB and gshaFor all the subjects the recognition scores focessed
transition band of 35 Hz i.e., normalized frequengy SPeech were higher than those for unprocessed fspeec
0.00635. In a similar speech processing schem esponse time to respond to speech syllables peesen

. b the ears reduced which indicates effective dpeec
(Kulkarni and Pandey, 2008) employs two comb FIRy o assing. The processed speech was spectrogrphic
filters with transition bandwidth of 78-117Hz, phaad

analyzed to verify splitting of speech into various

ripple <1dB and stopband attenuation exceedingB0 d frequency bands. It was found that the adjacemhdiot
Listening tests were carried out on five subjectsrequencies of the speech syllables were presetted

with  bilateral moderate sensorineural hearingalternate ears thus aided in better recognitiospafech

impairment. The test stimuli consisted of nonsensasing the proposed filters in the speech processingme.
syllables formed with English consonants and vawel

vowel consonant vowel and consonant vowels contexts DISCUSSION

Signal acquisition, administration of speech sy#ab

and analysis was performed offline. Subjects shoaved FRM approach for a design of multiband filter

improvement in recognition of the speech syllableswith large number of passbands is complicated since

presented to the ears. many subfilters are to be designed. Also large ydela
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introduced are undesired in real time applicationsFrench, N.R. and J.C. Steinberg, 1947. Factors
Synthesis of sharp transition FIR lowpass filtess i governing the intelligibility of speech sounds. J.
introduced by Rodrigues and Pai, (2005a), Rodrigties Acoust. Soc. Am., 19; 90-119. DOI:

al. (2006). The simple analytical methods give narrow  10.1121/1.1916407

transition band with flat passband, good stopbangjasperg, B.R. and B.C.J. Moore, 1986. Auditoriefil

attenuation with less filter order. The filter dgsé can shapes in subjects with unilateral and bilateral
be extended to the design of bandpass and multiband .qchiear impairments. J. Acoust. Soc. Am., 79:
FIR filters. In this study, we propose the synthesi 1020-1033DOI" 10.1121/1.393374 ’

sharpt transitior; '_“”'“b?”‘fh FIR ftilter.f The deSigndGudino, L.J., S.N. Jagadeesha and J.X. Rodrigues,
permits - easy tuning of the center irequency an 2008a. A new filter design for uniform linear array
transition bandwidths of individual bands. . .
IEEE International Conference on Systems, Signals
CONCLUSION and Devices IEEE SSD, July 20-22, IEEE Xplore
) ) Press, Amman, pp: 1-3. DOI:
This study presents the synthesis of a sharp 10 1109/SSD.2008.4632883

Fransition, linear phase;, multiband FIR fi!tgr. Thieer Gudino, L.J., S.N. Jagadeesha and J.X. Rodrigues,
is easily tunable, the ripples at the transitiogesddue 2008b. A novel desian of sharp transition FIR filte
to sharp transition are reduced, the design doés no L gn ol P |

for digital beamforming. 6th International

employ optimization techniques and we can implement ! 9
tailor made filter magnitude responses. The  SYmposium on Communication Systems, Networks
specifications of each band i.e. center frequency, and Digital Signal Processing, July 25-25, IEEE
passband width, transiton width and stopband Xplore Press, Graz, pp: 247-250. DOL
attenuation can be easily varied. Proposed multiban 10.1109/CSNDSP.2008.4610737

filters have good stopband attenuation which aits i Gudino, L.J., S.N. Jagadeesha and J.X. Rodrigues,
proper band separation and low passband rippledavoi ~ 2008c. A novel filter design for spatially
deterioration of processed speech. Employing sharp interpolated beamformer. Proceedings of the
transition filters aids in proper separation of sadjnt International Symposium on Intelligent Signal

e et st o tansias Processing and Communicaion Systrs, ISPACS,
P 9 P Feb. 8-11, IEEE Xplore Press, Bangkok, pp: 1-4.

hearing impaired subjects as observed in the DOI- 10.1109/ISPACS. 2009 4806682

experimental study conducted. . ) . .
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