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Abstract: Splitting of speech into two signals by comb filters having complementary magnitude response and
presenting these signals to the two ears has hdped in improving the perception for persons with bilateral sensorineural
hearing loss. Investigation is carried out to improve the comb filters based on auditory critical bands, with the objective
of minimizing the perceived spectral distortion. Listening tests were conducted to find the difference in intensity with
monaural and binaural presentations for equal loudness perception. Based on the results obtained, 256-coefficient linear
phase FIR comb filters were designed using frequency sampling technique, to obtain magnitude response with pass
band ripple of 1 dB, stop band attenuation of 30 dB, and crossovers adjusted to lie between —4 dB and -6 dB with
respect to pass band response. Listening tests involving closed set identification of 12 vowel-consonant-vowel syllables
were conducted, to compare the performance of the new comb filter with the filter with sharp transitions. The new
comb filters resulted in a higher improvement of recognition scores and réelative information transmission.

1. INTRODUCTION undistorted perception for spectral components at band
Crossovers.

Chaudhari and Pandey [5],[6],[ 7] investigated the use
of 18-band comb filters with complementary magnitude
responses based on auditory critical bands described by
Zwicker [8]. The bandwidths were constant at 100 Hz

The characteristics of sensorineural hearing 1oss,
which occurs due to the damage of hair cdls in the
cochlea or degeneration of auditory nerve fibers, or
both, are frequency dependant increase in hearing
threshold, reduction in dynamic range, reduced

frequency resol ution associated with increase in spectral for center frequencies below 500 Hz and were 15-17 %
masking and decrease in temporal resol ution associated of the center frequency in the range of 1-5 kHz. The
with increase in temporal masking [1],[2]. Sensorineural odd and even bands which form a pair of comb filters,
hearing loss exhibits widening of auditory filters due to split the speech into two such that the spectral
increased spectral masking, resulting in severe smearing components that are likely to get masked are presented
of spectral envelope. Normally vowels are characterized to different ears. However, with filters with finite
by formant frequency cues, which are widely separated crossovers in - magnitude response, the  spectral
from each other, hence their perception is not much components lying in the transition region are presented
affected. However, perception of consonants is severely to different ears An imbalance in loudness was
degraded, since it requires discrimination of sub- perceived at the crossovers between adjacent bands. In
phonemic segments like formant transitions and noise the present investigation comb filters are designed with
burgts. three considerations, adjustment of magnitude response
Splitting of speech into two signals, such that the at the_transition _crossovers_to r_ninimize the c_hanges in
frequency components that are likely to get masked are intensity perception, reduction in pass band ripple, and
separated and presented to different ears has helped in increasein stop band attenuation.
reducing the effect of spectral masking. The information
from the signals presented to the two ears gets 2. COMB FILTERSWITH SHARP TRANSITION
integrated at higher levels in the auditory process. In an BETWEEN PASSAND STOP BANDS
early reported effort for splitting of speech spectrally for In the scheme investigated by Chaudhari and Pandey
binaural dichotic presentation, an analog delay based [51,[6].[7] for rea time processing, comb filters were
design was used to obtain two complementary comb designed as 128-coefficient linear phase FIR filters
filter magnitude responses with congtant bandwidth pass using frequency sampling technique. To obtain proper
and stop bands [3]. The improvement of dichotic over separation while splitting, the filters were designed with
diotic wasinsignificant. Later, Lunner et al. [4] reported sharp trandtion between bands In the present
an overall improvement of 2 dB in speech-to-noiseratio investigation, 128-coefficient linear phase FIR comb
for dichotic with respect to diotic, with the use of comb filters were realized with sharp transitions for each of
filters with eight channd filter bank (constant the band pass filters (i.e. trandtion width of one
bandwidth of 700 Hz) realized using complementary sample). With a sampling rate of 10 k samples's, the
interpolated linear phase FIR filters. Focusin the design transition width (Af) corresponds to 78 Hz. The signal
was on efficiency, and not on separation of bands and processing has been carried out off-line, with filters
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implemented using floating-point arithmetic, so that the
effects of coefficient quantization and calculation errors
are not significant. The filters have maximum ripple of
4 dB and minimum stop band attenuation of 10 dB.

As afirg step towards designing better filters, comb
filters were designed with 256 coefficients, taking into
consideration the present deveopments in DSP
processors. The magnitude response of the pair of comb
filter isshown in Fig. 1. The filters have sharp transition
between bands, pass band ripple of 3 dB, and stop band
attenuation of 11 dB. Doubling of filter coefficients
halved the transtion width (Af = 39 Hz), but it did not
result in significant improvements in pass band ripple
and stop band attenuation.

Relatively small stop band attenuation may lead to
inadequate separation between bands. The just
noticeable difference (IND) for overal intensity in case
of synthetic vowel is reported to be 1.5 dB, while for
first and second formants it is 1.5 dB and 3 dB
respectively [9]. The IND remains very near to 1 dB for
a wide range of levels for wide band of noise [10].
Perceptual distortion was noticed when a dowly
sweeping sine tone with frequency variation limited to
lie in one pass band with ripple of 4 dB, was processed
and perceived. Hence it was decided to limit the
maximum pass band ripple to 1 dB. Another serious
problem with these filtersis that the crossovers between
adjacent bands are at different levels with respect to the
pass band response, and this may result in perceptua
distortions due to decrease or increase in the perceived
intensity of spectral components lying in the trangtion
region. When a sine wave with frequency sweeping
sowly between 0 and 5 kHz was processed with the pair
of comb filters and presented binaurally, a change in
intensity was clearly perceived at the transition between
bands.
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Fig. 1. Magnitude response of the pair of comb filters
(256-coefficients) designed for sharp transitions.

3. COMB FILTERSWITH IMPROVED PASS
BAND RIPPLE AND STOP BAND
ATTENUATION

Rabiner et al. [11] reported a method, involving
frequency sampling technique for FIR filter design, for
increasing the side lobe attenuation of prototype filters
by trading sharp transition between bands. The
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magnitude of the trandtion samples was considered
unconstrained and was adjusted to make the required
changesin theresponse. They used linear programming
technique to find the optima magnitude for the
trangition samples. For the design of the critical band
based comb filters, use of automated design techniques
based on optimization criteria was not found suitable,
and hence the filters were designed by using iterative
procedure.

For adjusting the magnitude response of the comb
filters, the samples in the pass band are considered as
constrained samples taking a magnitude of 1. Samples
lying close to the edge of the pass band are taken as
unconstrained (transition samples), and remaining
samples of the stop band are constrained with value O.
The magnitude of the unconsrained samples lying in
the transition region was varied to modify the
magnitude response and the interpolated response was
observed. This iterative process was continued for each
trangition sample, until optimization is obtained for
parameters under consideration. The number of
trandtion samples (0, 1, 2) was dependent on the
available stop bandwidth, increasing from low to high
frequencies.

The filter with 256 coefficients provided stop band
attenuation of 38 dB with pass band ripple constrained
to 1 dB. With sampling rate of 10 k samples/s, the filters
have a transition band of 78 Hz at lower frequencies and
117 Hz at higher frequencies. Listening tests did not
show any change in intensity perception due to pass
band ripple, when the frequency of a sinusoidal tone
was swept over the pass band with maximum ripple.
When a sine wave with its frequency slowly swept over
0 to 5 kHz was processed with these comb filters and
was presented binaurally, a change in intensity was
perceived, for frequencies in the transition region. Thus,
even though this comb filter provided relatively flat pass
bands and adequate band separation, it was necessary to
modify the magnitude response at the transitions to
balance the perception at al frequencies.

4. COMB FILTERSADJUSTED WITH INTER-
BAND CROSSOVERS

In ideal splitting, any spectral components would be
presented to one ear. However, with the filters with
finite crossover in magnitude response, the components
lying in the pass band are presented to one ear, whereas
those lying in the transition region are presented to both
ears. With the same intensity, binaurally presented
components will be louder than monaurally presented
components, however the loudnessis generaly less than
double [12]. Loudness is rdated to intensity in a very
complex way, since intensity is not the sole determinant
of loudness. If the magnitude response is not properly
adjusted at the transitions, the components lying in the
overlapped region will be perceved with different
loudness and will reduce the speech quality. Loudness
evaluation test was conducted to determine the
difference in intensity for the same perception in
monaural and binaural presentations. Comb filters were
designed with different magnitudes at crossovers
between adjacent bands. These tests and results are
presented in the following subsections.



4.1. Perceptual Balance of Monaural and Binaural
Intensity levels.

Listenirg tess wee corductel to determie the
difference n the intengty in monaurk and binaural
presentdions sut tha they evole the sara perceived
loudness level Simuli used wer pue tones n four
different frequencis (0.5 1, 2, 4 kHz), sustaire vowel
/a/, ard broad-bad noise Five normé&hearirg subjects
participate in the testsThe stimul of 1 s durdion were
presentd through headphose monaurly and
binaurdly one after the otherwith an inter-stimulus
intervd of 1 s Monaura intensity was ket constan at
85 dB and binaur&intensity wa varied from 84 dB to
70 dB n steps ©1dB, to establib the monaurhversus
binaurd intensity balane, fdlowing a 2-step matchg
procedure.

The resuls from thee tess far differert gimuli on
the five sibjecs ae given in Tal# 1 The peceived
levels matt when the binaural leviewas 4-9 dB lower
than monaurblevel. An interestig observiion hee is
that for tones thee is significart inter-subgct variation.
Also for eab subgct thee is a significah inter-
frequengy variation However for vowd and broadband
noise the level differerce fa balance s dou 9 dB for
all the subjects.

Table 1 The intengty difference (nh dB) between
monaurhand binaurd presentatios far sane loudnas
percegion.

STIMULI
Subject Pure Tone (kHz) Vowe /a/ | Noise
025 | 1 2 4
AC 8 7| 4 7 8 9
DJ 8 6 5 7 8 7
VK 12 7 9 7 10 9
AJ 5 5 6 6 9 9
MD 12 7 9 9 9 9

4.2. Comb Filters with Crossovers Adjusted for
Per ceptual Balance

Base on tte resilts obtainé from the listenirg tests
for determining intengjtlevd difference fa perceptual
balarce between monaurand binaurd presentton,
pairs d comb filters wee designed wit different
crossoves between adg®rt band and listenng tests
were corductel with swept sie waves Seva pairs of
comb filters wee designed wit differert crossover
points varyirg betwea -3 dB and -9 dB & the
crossove region o the firg two auditory criticad bands
(100-200 Hz 200-30 Hz). A sine wave \ith
frequeny swept betwea 100 Hz to 300 H ove an
intervd of 30 s wa praessed vth theg conb filters
and listenirg tess wee corducted. Fo swep sine
waves praessed wh conb filter pairs with crassover
points betveen —4 dB ath —6 dB, chang in intengty
percedion was nd noticeabd a the swep sine wave
movel from ore ear 0 the other To verify the effed in
high frequeng range conb filter pairs wee designed
with cressove points varyirg between —3 dB ath—9 dB
at the overlappig of the pas band d the 18" and 16’
auditory filters. Listening tess wee corductel using
sine wae with frequeng swep betwea 3 kHz and 3.5
kHz, =0 & © cove the overlappig region ¢ these
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bands Similar results wee obtaind as those obtained
for lower freqgueny bands.

Next the trandiion regiors d the par of comb filters
were modified b obtan crassoves 1 lie between 4 dB
and —6 dB vith respect to th pas bad respone at
evely adjecent band The pass bad ripple was
constraind to 1 dB ad stop bad atenuatim was
maximized. Tle conb filters hal 256 coefficientsThe
transtion width was varial from 78 Hz to 117 Hz The
adjugmert of magrtude resporns was done by
adjustirg the magnitide d¢ the different transition
sample iteratively  Fig. 2 shovs the magitude
respone d the par of comb filters.
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Fig. 2 Magnitude respores d the par of conmb filters
(256-coefficienty designd for low perceived spectral
distortion.

5.EVALUATION AND RESULTS

Listenirg tess wee carried oti for comparing the
two types d comb filter pairs namsl (i) with sharp
transtion between bared(denotd as A) and (i) with
minimum perceived spectral distortion{denote as B).
The filters wee implemented fo off-line processing
and tess wee corductel on thee normh hearing
subect with hearirg loss simulaté by alding broad-
bard noie with constant short-tim signal-to-nois ratio
(SNR). SNRs useél were o, 6, 3, 0,-3, =6, -9, —12, and
-15 dB In the listermg tess the subjedt wee asked to
identify a closd sé of 12 Endish consonarst/p b, t, d,
k, g, m n, s z f, v/ in a vowel-consonant-voweontext
with vowd /a/ as in "father", usirg a conputerizel test
administréion systen [6],[7], ard response were
recorded in tB form o stimulus-respons confusion
matrices fo eah o the tes conditions.

Pecentag recogrtion scoe and relatig information
trangnitted for different featurs for unpracessed and
processd spe&ch were analyzedlmprovemen was
found in recognition scors and trangission o features
in al the tes$ conditiors far processig with boh the
pairs o comb filters (A and B), with higher
improvemen for conb filter B. Tabke 2(3 shows the
recogniion scoe far unpraessed ah processed speech
with conb filters, namely vith sharp transitios (A) and
with minimum spectral distortio (B), far different
levels d hearirg loss simuléon. The averag relative
improvemens in recgnition score at-15dB were 15.5
and 21.8% fo filter ses A ard B resgctively.



Stimulus-respormsconfusio matrces wee subjected
to informdion transnission analyss fa overall
informaion and fo speech feature d voicing, place,
frication, manner armd duration The relative
informaion trangnissian score ae given in Takd 2(b)
for overal information In ther improvements the
maxmum contribution was due ¢ plece feature.

6. CONCLUSIONS

It has keen edier reportel tha the ue d comb
filters, base on auditoy filter bandwidths for binaural
dichaic presention can hgb in reduciry the effed of
spectrd maskirg relatel to sensorineuta hearing
impairment Filters with sharp inter-band transitisr{38
Hz) had large pass bad ripple (4dB), and relatively
low st bard dtenuatio (10dB). New filters have
been designd to
distortion Parameter far the inter-bad crossovers

reduce tle perceived spectral

were selectedmthe bas d listening testsIn designing
the new fiters, transiion bandwidh has keen increased
in orde to reduce tle pas bad ripple to increas the

stgp bard atenuation and to adjus$ the inter-band
crossovers The final filters hawe trangion bandwidths
of 78 Hz t0 117 Hz, pass baul ripple d 1 dB, stgp band

attenuation o 30 dB, ard inter-band cressoves between
-4 dB ard -6 dB. Theg filters b not resultn intensity

variatiors far swep sine waves indiding tha the

problen o perceived spectiadistortin ha lkeen

solved. Listening tess indicated thé unde simulated

hearig loss te new fiter gaw bette speech

recogniion score ard relaive informdion transnission

then the earlier iiter. Therefoe the corb filter design

can be used fo binaurd aids far persons wh hilateral

sensorineuda hearng impairment for reducing the

effect of spectrd masking.

Table 2 Recognion score ard overal relative information transmited for Unpraessed Speech (Bard speech
processd with comb filters with (i) shap transition between band (SpA), ard (i) minimum sgctrd distortion (SpB).

(a) Recogrition scores

o SNR -3 dB SNR -6 dB SNR -9 dB SNR -12 dB SNR -15 dB SNR
S Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB
S1 | 100.0 = 987 | 100.0 | 90.3 | 99.0 | 99.3 | 927 983  99.0 | 823 990 987 | 733 873 907 | 757 | 943 | 94.0
S2 | 100.0 H 100.0 | 100.0 | 91.0 | 98.0 | 100.0 | 930 983  99.7 | 877 873 967 | 833 877  89.0 | 7.7 | 733 | 777
S§3 | 100.0 = 99.7 | 100.0 | 86.3 | 99.0 | 99.3 | 767 89.0 960 | 720 873 897 | 640 830 867 | 57.0 | 680 | 757
Avg.| 100.0 995 | 1000 | 89.2 | 987 995 | 875 | 952 | 982 | 80.7 | 912 | 950 | 735 86.0 A 88.8 | 68.1 785 | 825
(b) Overal Relaive informdion transmited
o SNR -3 dB SNR -6 dB SNR -9 dB SNR -12 dB SNR -15 dB SNR
S Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB Su SpA | SpB
S1/100.0 98.0 | 100.0 | 90.0 ' 980 | 990 | 93.0  98.0 99.0 | 840 980 980 | 76.0 850 890 | 76.0 | 920 | 91.0
S§2 | 100.0 100.0 | 100.0 | 93.0 | 97.0 | 100.0 | 93.0 H 98.0 99.0 | 880 | 90.0 960 | 8.0 8.0 880 | 73.0 | 700 | 78.0
S3 |1 100.0 99.0 | 100.0 | 880 | 980 | 990 | 8.0 8.0 950 | 770 880 880 | 73.0 8.0 850 | 660 | 73.0 | 75.0
Avg.| 100.0  99.0 | 100.0 | 90.3 & 97.7 993 | 893 | 950 @ 977 | 83.0 | 920 | 940 | 780 847 | 873 | 71.7 783 | 813
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