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Time Varying Comb Filters to Reduce
Spectral and Temporal Masking
In Sensorineural Hearing Impairment
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Abstract—The perception of speech ges degradel due
to increased spectrhand temporal masking in persors with
sensorineural hearirg loss A schene d binaural dichotic
presentatin to reduce the effect ¢ both spectrd and
temporal masking simultaneousy for persons with bilateral
sensorineural hearirg loss ha been devised and
investigated The scheme usea par of time varying comb
filters to sdit the sped signd into two for binaural
dichotic presentation The conb filters usel are 256-
coefficiert linear phase FIR filters with bands in the filter
magnitude response correspading to the auditory critical
bands Each time varying conb filter has ses d pre-
calculated coefficients The coefficiens are selectd in steps
such that a cyclic sweepig of magnitude responses ecurs
with a time period of 20 ms At any instant of time, two
comb filters with magnitude responses complementsirto
ead other, proces the speech sigriafor presenting to the
two ears The spectrd componens in the neidiboring
critical bands tha are likely to mask each othe are
presented b different ears The investigation was carried
out with 2, 4, 8, and 16 filter sets Listening tess were
conducted on normal hearing subjecs with simulated
hearing loss by adding broad band noie a different signal-
to-noise ratios A closed sa of 12 vowel-consonant-vowel
syllables were usal as test material The teg results have
shown that processim resulted in the improvemern of
recognition scores respong time, ard transmission of
features particularly place ard duration, indicating
reduction in the effect & spectrd and temporal masking.
Impr ovemert due to processing wa highly significant for
more adverse listening candition.

Index Terms— sensorineural hearirg loss, binaural
hearing, speet processing fo hearing.

I. INTRODUCTION

Sensorineural hearing loss, which occurs due to
damage of hair cdlls in the cochlea or degeneration of
auditory nerve fibers or both, cannot be treated
medically. The characteristics of this loss are devated
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hearing threshold, loudness recruitment (abnormal
growth in loudness perception with increase in intensity),
reduced frequency and temporal resolution and increased
spectral and temporal masking. Reduction in spectra
contrasts, act as though the auditory filters are broader
than normal [1]. The peaks and valleys of the speech
spectrum get smeared affecting the perception of speech.
Increased temporal masking results in the increase of
forward and backward masking of weak acoustic
segments by strong ones, which also affects speech
intelligibility. Masking takes place in the peripheral
auditory system. Speech perception at higher auditory
levels involves the integration of information received
from both the ears. Hence splitting of speech signd in a
complementary manner and presenting to the two ears
can be used to reduce the effect of masking on speech
perception.

In astudy by Lunner et. al. [2], an 8-channd digital
filter bank with constant bandwidth of approximately
700 Hz was implemented for splitting speech. For
binaural dichotic presentation, alternate bands were
combined and they had complementary magnitude
response. An improvement of 2 dB in speech-to-noise
was observed for dichotic condition with respect to
dictic. Further, to obtain combined spectral and temporal
splitting a scheme was developed, in which the two
comb filters were alternated between the two ears after
every 10ms. No further improvement over spectra
splitting was reported, and switching of bands resulted in
poor sound quality.

In a recent investigation on binaurd dichotic
presentations, speech signal was split using a pair of
comb filters having complementary magnitude responses
[3], [4]. Each of these comb filters had 9 pass bands
based on critical auditory pattern described by Zwicker
[5]. The bandwidths are constant at 100 Hz for center
frequencies below 500 Hz and are 15-17% of the center
frequency in the range of 1-5 kHz. The comb filters were
linear phase FIR filters with 128 coefficients. The
implementation was done in rea time on two
TI/TMS320C50 DSP processors [6]. Experimental
evaluation of the scheme was conducted on bilaterally



hearirg impairal subgcts which lead b the conclusion
that the schere helped n improving the percetion of
consonanta features paticularly the place feature.
Subsequetly a scheme d tempord spliting was
developd in whid inter-aur& switching of speech
signd was dore usirg fading functios [7], [8]. Off-line
evaludion was dore ;1 norma subjecs with simulated
hearirg loss, wih trapezoidh fading fundions of
different duty cycle ard slopes This schera resited in
the improvemen of consonantaduraion feature.

In the schera d spectral splitthg sensaor cells
carespondig o alterna¢ bands d the bafar membrane
are alway stimulated wherea sensar cells d other
bands a& alway relaxng in boh the ears In temporal
splitting al the sensaor cells d the eas ge relaxed
dternately fo sone time. A schem with time varying
comb filters, in which al the sensor cells d the basilar
membrae get periodic relaxatio from stimulation is
devisel ard invegigated.

Il. IMPLEMENTATION

The implementatio o combinel spectral and
tempord splitting was dore offdine usirg a pai of time
varying conb filters The scheme focombinel splitting
along with the magnitide respores d a time varying
comb filter is show in Fig. L The digitized input signal
is shom as s(n), and s;(n) and sx(n) are ouputs o the
two eas resgectively.

Ead time varyirg conb filter constitute a number
of comb filters, depading on tke numbe of shiftings
(represente as m). Eah of these m conb filters hawe 9
pass bands correspondirto the audtory critical bands
describd by Zwicker [5]. At ary instant of time, two
comb filters whidh hawe complementgr magnitide
responsgore eab from the par of time varyirg comb
filters ae useda process th speech fobinaurd dichotic
presenttion. If the conb filters in the time varyirg comb
filters far the lef ea are numberd & in a series &[1],
[2], ....[m/Z, [mf2 +1],..., [m], then thd for the right ear
will be numbered @ [mR2 +1], [(m2 +2],...., [m], [1],
[2],..., [m/J. Thee conb filters hae magitude
response sub tha the bands ¢ comb filter [2] will be
dightly shifted alorg the frequeny axis with respect to
comb filter [1], as shown in Fig. 1(b) In a simila way all
the pas bands d eat o the conb filter will be a shifted
versicn o the caresponding pasband d the previous
one After m shiftings wha the cycle repeatst looks as
though eab pass bad merg inb the nex pass band.
The complementarpairs ae [1] and [m2 +1], [2] and
[mR2 +2], ..., ad [m/4 and [m] as showm hy the
postioning d rotating switch in Fig 1(a).

The 256-coefficien linear phas FIR filters were
designé usirg frequeny samping technique for
obtainhg minimum spctrd distortion The trangion
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crossove between any tw adjaert band d a par used
simultaneously were adjustedd lie between-4 dB and
-6 dB with resgct to tle pas bad gain ® a to
minimize the differerce h perceived loudnss a the
crossovers Fa this the magnitude bsample lying in
the trandion region were iterativey adjustel [9]. The
pass bad ripple was constraing to be less tha 1 dB.
The st bard attenution was greater tha 30 dB. The
processimg is dore with sampling rae = 10 k SalsThe
comb filters hal transiion band o 78 Hz at low
frequencie ard 117 H at highe frequencies A slowly
swept sinusoidatone when pracessd with ead par of
comb filters tha need b be usedimultaneously did not
produce ay chang in perceived loudnss.

The pre-calculated se of coefficiens were
cydically sweg with m shiftings (2 4, 8 o 16) with a
time peria o 20 ms After evely time sld of 20/m ms a
new se of coefficiens far next pair d comb filters takes
over. The sweepig o magniude responses ithe time
varying conb filters is representk in Fig. 2 for 4
shiftings It has © be noted thawe ae realizirg filters
with swept response ard the numbe of filters
detemines the snoothness @ the sweeping.

Il. EVALUATI ON

The scheme wa implementd for off-line
processing Listening tess wele corductal on five normal
hearirg subjecs with simulatel hearirg loss. Different
levels d sensorineudahearirg loss wee smulated by
adding broad-bad Gaussia noie d differert levels The
signal-to-noig raios (SNR usal were o, 6, 3, 0, -3, -6,
-9,-12, and-15 dB. In the listenirg tess the subjec were
askal to idertify a close sé of 12 Endish consonarst /p,
bt dkg mnszf vin vowel-consonant-vowel
context wih vowd /a/ as in father A computerizd test
administraion system consistip of a FC interfaced
through RS232C setiigoort to the subject tenind (VT-
220) pladed n an acousically isolatel chamber was
used. Tle speech stuli were ouputted & 10 k samples/s
through thke two DAC pors d the PCL208 data
acquisition card The signa$ ae furthe passel throudn a
smoothing low pass flter and @ audo amplifie and are
presentd through tw headphorge (Telephonis TDH-
39P).

Fo eath o the te$ conditions recognition scores
were obtaind and wee storedn the foom o stimulus-
respone confusio matrces Pecentag@ recogrion
score relative information transmitted fo different
features ard subjects response times rfaunpraessed
and pracessed spebcwere analyzedPairel t-tes was
usal for finding the significarte between the scores of
unpraessed and peessd signals.
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Fig. 1. (a) Schematic representation of the scheme of combined splitting using time varying comb filters
and (b) Representation of magnitude response of one of the time varying comb filters which includes a set
of comb filters (magnitude responses), which are swept over one after the other cyclically.

in kHz Inten. dB

Fig. 2. An idealized representation of magnitude response of the pair of time varying comb filters using 4 shiftings (m).
After every 5 ms (20/m) next pair of comb filterstake over. The cycle repeats after 20 ms (a) for left ear and (b) for right
ear . Effect of the previousfilter coefficients have been ignored.
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Fig. 3. Wide band spectrogram for white noise of 30 ms duration: unprocessed (a) and processed with time varying comb
filterswith 4 shiftingsfor left ear (b) and right ear (c).
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Table 1. Recognition scores (%) for Unprocessed Speech, Su and relative improvement (%) for Processed Speech SpA, SpB, SpC, SpD
corresponding to 4 shiftings 16, 8, 4, and 2 respectively. S: Subject, Avg.: Averaged across subjects. p: significance levels (paired t-test).

-3dB SNR -6 dB SNR -9.dB SNR -12dB SNR -15dB SNR
S Su | SpA | SpB |SpC |SpD | Su | SpA |SpB |SpC |SpD | Su |SpA | SpB |SpC |SpD | Su | SpA |SpB|SpC |SpD| Su |SpA | SpB |SpC | SpD
S1 95 45 45 49 28/ 91 80 7.3 7.3 7.64|887 124 10.1] 9.0 10.5 83.3 135 11.2/ 13.2) 13.2| 76.7| 16.5 13.5 17.0 12.2
S2 84 19.00 19.0 18.0 18.0| 75 28.0 23.6  29.4| 26.7| 67.0  26.8 31.8 30.3 17.9| 59  33.7 33.1 39.3 10.7| 59.7 26.3 23.0 38.5 14.0
S3 84 17.00 19.0 17.5 155 85 12.6 13.7 15.7 10.0| 73.3) 27.7  28.6 26.8 19.5| 70 21.0 24.0 22.4 17.2| 51.3) 49.3 71.4 68.2 53.0
S4 90 184 7.0 26 33/ 8 7.8 7.4 112 500 8 43 15 35 15/ 74 135 18.0 15.3 16.7| 63.3) 12.6/ 16.3) 13.7 125
S5 91 256 657 438 40/ 91 36 1.8 58 33| 8 1.9 48 67 45 84 32 4.0 55 83717 107 195 23.0 7.9
Avg. |88.7 898 | 11.2 947 87|855 12.0 10.8 13.9 10.5| 81 14.6 154 153 10.8) 74| 17.0 18.1 19.1 13.2| 64.5 23.0 28.7 32.0 20.0
p 0.032 | 0.009 0.0210.025 0.015/0.015 0.009 | 0.023 0.0210.026 0.0170.014 0.007 | 0.005  0.006 0.0 0.006  0.0130.006  0.02

Table 2. Information transmitted for unprocessed speech, Su and relative improvement (%) in information transmitted (%) for processed
speech SpA, SpB, SpC, SpD corresponding to 4 shiftings 16, 8, 4, and 2 respectively for (a) overall, (b) placefeature, and (c) duration feature.
S: Subject, Avg.: Averaged acr 0ss subjects.

(a) Overal
-3dB SNR -6 dB SNR -9 dB SNR -12 dB SNR -15 dB SNR
S sy | SpA | SpB |SpC |SpD | Su [ SpA | SpB |SpC | SpD | Su [ SpA | SpB | SpC [ SpD | Su | SpA | SpB[SpC|SpD | Su | SpA [ SpB|SpC | SpD
S1 | 940 53 53 64 32910 77 66 66 7.7 86.0 15.1 11.6 11.6 12.8) 81.0 13.6  12.3 14.8 13.6| 75.0 18.7 12.0 16.0 10.7
S2 | 840 17.9 17.9 167 17.9) 79.0 215 17.7 215 203 74.0 17.6 203 18.9 8.1/ 69.0 159 159 21.7 29| 68.0 132 7.4 176 15
S3 | 850 141 165 153 12.9] 85.0 106 129 141 82 79.0 19.0 203 165 8.9 70.0 17.1 24.3 18.6 18.6 62.0 24.2 40.3 355 24.2
S4 | 920 00 43 00 0080 34 34 68 1180 35 35 12 -12 800 38 75 63 500700 43 86 57 00
S5 | 910 22 66 44 44/ 920 33 11 54 1.1 900 22 44 44 33 840 36 48 48 83 740 108 149 176 14
Avg. | 892 79 104 85 7.7/87.0 93 84 109 7.7/ 83.0 115 120 105 6.4 768 10.8 13.0 132 97 69.8 14.2 16.6 185 7.5
(b) Feature: place
-3dB SNR -6 dB SNR -9 dB SNR -12 dB SNR -15 dB SNR
S sy | SpA | SpB |SpC |SpD | Su [ SpA | SpB |SpC | SpD | Su [ SpA | SpB | SpC | SpD | Su | SpA | SpB[SpC|SpD | Su | SpA [ SpB|SpC | SpD
S1 | 80.0 225 225 25.0 20.0/ 71.0 32.4 29.6 26.8 33.8) 61.0 60.7 459 41.0 475 51.0 64.7 47.1 56.9 68.6| 47.0 38.3 40.4 46.8 34.0
S2 | 63.0 556 556 54.0 50.8/ 34.0 150 120 165 141| 24.0 146 158 146 58.3 11.0 346 273 364 146 140 150 179 293 100
S3 | 71.0 282 366 32.4 29.6/ 68.0 25.0 29.4 353 19.1| 41.0 100 107 92.7 585 350 68.6 71.4 629 62.9 12.0 225 417 425 283
S4 | 710 42 211 56 99 630 175 159 27.0 4.8 550 27.3 182 21.8 145 34.0 58.8 88.2 67.6 70.6| 27.0 55.6 55.6 40.7 37.0
S5 | 790 63 127 63 7.6/ 740 135 27 176 95 68.0 8.8 147 20.6 11.8 53.0 13.2 17.0 245 32.1| 39.0 28.2 51.3 79.5 10.3
Avg. | 728 234 297 247 23.6| 62.0 47.7) 39.6 54.3 41.7| 49.8 685 68.9 64.4 38.1 36.8 110 99.3 115 75.9) 27.8 99.4 149 177 92.9
(c) Feature: duration
-3dB SNR -6 dB SNR -9 dB SNR -12 dB SNR -15 dB SNR
S sy | SpA | SpB |SpC |SpD | Su [ SpA | SpB |SpC | SpD | Su [ SpA | SpB | SpC | SpD | Su | SpA | SpB[SpC|SpD | Su | SpA [ SpB|SpC | SpD
S1 | 870 92 149 149 92 650 40.0 24.6 33.8 40.0| 59.0 69.5 47.5 44.1| 59.3) 50.0 90.0 68.0 76.0 68.0 49.0 735 28.6 55.1 65.3
S2 | 830 157 205 205 9.6 47.0 702 638 100 553 16.0 306 288 350 213 8.0 713 425 750 288 7.0 671 486 814 314
S3 | 60.0 51.7 66.7 66.7 60.0] 58.0 62.1 62.1 72.4 50.0( 36.0 178 178 131 94.4) 42.0 357 88.1 524 47.6| 7.0 586 900 757 671
S4 | 86.0 23 11.6-11.6 35 61.0 34.4 426 39.3 36.1 58.0 36.2 362 20.7 155 26.0 169 212 212 169| 23.0 174 100 117 126
S5 | 68.0 11.8 11.8 162 41.2) 88.0 1.1-205 8.0 -3.4 81.0-16.0 -3.7 4.9 12.3 480 8.3 417 542 95.8| 35.0 54.3 74.3 82.9 80.0
Avg. | 768 172 251 21.3 24.7| 63.8 41.6/ 34.5 50.7] 356/ 50.0 115 109 110 78.8) 34.8 203 167 229 134| 242 312 318 365 251
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IV. RESULTS

Improvemen was fourd in recogrition score,
respone ime ard transmssion o features with an
increasing trerd from high SNR to low SNRs far all
shiftings Reldive improvemen in recogniion scoe was
highe in 4 ard 8 shiftings Tabke 1 gives the recognition
scores far unpraessed speech and tela improvement
for processd spech for SNR condiions d -3, -6, -9,
-12, -15 dB The relatie improvemen in recogniion
scoe weas maximun & -15 dB SNR aml wes 32% and
29% respectivel for 4 ard 8 shiftings Improvemens are
statigically significart for highe levek o noise.

Table 2(3 gives overal information transmitted for
unpraessed spebc and relatie improvemens for
processd spech With unpraessed speectaverag of
overal information transmitted varge from 96% under
no-noie condtion to 70% & -15 dB SNR condion. At
this SNR condion, with pracessing averag d relative
improvemens ae 1% ard 17% for 4 and 8hiftings It
is seen thasubgct B has low recogrition score wih low
SNR However reldive information transmited for this
subgct is no lower than for other sukgcts This indicates
that, errois in recepion by ths subgct ae nd randomly
distributed. Wth dichdic presentation relative
informaion transnitted is beter for this subgct tha for
the othe subjects.

Fron the dad @ informdion transnitted for
different featuresit was observe tha more improvement
was obtaind for duration and plae featuresTables 2(b)
and 2(9 give relatie informdion transmited for
unpraessed spebc and relatie improvemen for
processd spech for place and durdon features
respectively Fa place feature, fo unpraessd speech,
average brelative information transnitted varies from
100% unde no-noig condition to 29% & -15 dB SNR
condition Fa duraion feature for unpracessd spech,
average brelative information transnitted varies from
100% unde no-noig conditimn to 24% & -15 dB SNR
condition Subjecs S2 and $ hal grea difficulty in
percefion o thee two feature unde poor listening
conditions With pracessing the recepiion o place and
duration feature improoved for all the subjects and
particularly for subjecs S2 ad S3. Fo place aml duration
features relatie improvemens averagé across the
subgects ae 177% 149 ard 365%, 3186 respectively
for 4 and 8shiftings @ -15 dB SNR condion.

Percetion for frication and manne feature is also
improved With pracessig respons times decrease,
maxmum decreae is fa 4 ard 8 shiftings Averaged
acrass the subjectsrelative decreasin respons imes are
17% ard 14% for 4 and 8hiftings respctively at SNR of
-15 dB.
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V. CONCLUSION

The scheme fo splitting sgech signlausing time
varying conb filters provides bdter speech intelligibiity
for normd persors with dmulated hearirg loss ad the
improvemens increase undeadvere listenirg condition.
The improvemen in the percejion o place am duration
features shav tha the schera ha helpel in reducing the
effect of spectrd and temporh masking Redudion in
respone ime indicates a redtion in the loa on the
percegion pracess fo the subjectsThus the invesigation
has showm tha the devisd schere ha the potential of
improving speech percegon for persons usimp binaural
hearig aids Furthe invegigations will help in
estallishing ogima values d the parameter for
combinal spliting. The schere need © be tested on
patiens with hilaterd hearng impairment.
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