SCIENTIFIC CORRESPONDENCE

Evaluation of speech processing schemes to improve perception of
sensorineural hearing impaired

Sensorineural hearing impairment occurs
due to damage to the transduction
mechanism of the inner ear and due to
abnormality in the auditory nerve which
are responsible for sensing sounds of dif-
ferent pitches. Sensorineural hearing
impairment is distinguished by loudness
recruitment, reduced frequency selecti-
vity, and increased spectral and temporal
masking. Spectral masking results in
suppression of two adjacent frequency
components by each other. Spectral
masking is a source of perceptual confu-
sion in consonantal segments'.

Most hearing aids offer facility to vary
gain and frequency compensation. These
aids cannot resolve the problem of
speech perception due to broadening of
critical bands. The sensorineural im-
paired person comes across difficulties
while resolving neighbouring frequency
components of speech signal®. Splitting
speech into two complementary parts on
the basis of critical bands and presenting
it dichotically helps in lightening these
difficulties. The two neighbouring bands,
which may mask each other are pre-
sented to different ears in dichotic pres-
entation. Receiving speech information
binaurally and its perceptual combination
have been recognized®. Thus, the scheme
should improve the reception of conso-
nantal segment without adversely affect-
ing the reception of other features.
Auditory frequency selectivity is illus-
trated in terms of an equivalent rectangu-
lar bandwidth as a function of centre
frequency™”.

This study is based on improvement in
speech intelligibility for the sensorineu-
ral hearing impaired. Speech intelligibil-
ity can be increased by using frequency
bands for dichotic presentation. Binaural
dichotic presentation can be a possible
solution to the problem of spectral mask-
ing by splitting speech into two comple-
mentary spectra. The speech signal
presentation by using two different pro-
cessing schemes based on this principle
can be helpful to bilateral sensorineural
hearing impaired people.

A personal computer/laptop based
experimental  set-up (MATLAB-GUI
based) was used for binaural presentation
of the test stimuli. In a presentation,
when a stimulus item was presented over

the headphones, all stimuli were dis-
played on the subject terminal screen.
Each stimulus corresponded to a push
button on the subject terminal’s screen.
The subject responded by pressing ap-
propriate push button on the terminal’s
screen. Presentations were completed at
the comfortable listening level for the
subject. These subjects were tested with-
out adding any noise to the speech stim-
uli. The procedure of the listening test
was explained to the subject. Subjects
could listen to the test material number
of times as he/she desires at the begin-
ning of each test, to become familiar
with the stimuli. In a test, 15 stimulus
items were presented for six times, in a
random order, leading to a total number
of 90 presentations for every subject.

The time taken by the subject to
respond was also recorded for each pres-
entation. A stimulus-response confusion
matrix was formed in which stimuli rep-
resented along rows and responses were
represented along columns at the end of
each test. The occurrence of a stimulus—
response pair is represented by each
entry in the cell. The diagonal elements
provide the correct responses whereas
off-diagonal elements represent errors.
Sum of the diagonal elements gives total
number of correct responses. Percentage
correct recognition scores and response
time statistics were also presented along
with the confusion matrix.

Fifteen English consonants (p. b, t, d.
k,g.m,n, s,z £ v, r, 1, y) were used in
the vowel-consonant-vowel (VCV) con-
text with vowel (a) as in farmer. Non-
sense syllables were used to minimize
the contribution of linguistic factors.
Seven subjects with hearing impairment
(BMA: M 41, DAA: M 25, FSM: M 56,
KST: F 61, NB: M 58, VR: F 51, PHS:
M 24) participated in the listening test.
Five subjects had bilateral mild to severe
sensorineural hearing impairment and
two subjects had mild to moderate sen-
sorineural hearing impairment. Subjects
DAA and FSM had symmetrically slop-
ing high frequency impairment and sub-
ject PHS had symmetrical low frequency
hearing impairment. Subjects NB and
KST had more loss at high frequency.
Subject VR had asymmetrical high fre-
quency impairment (less loss in one ear
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and more loss in the other ear). Subjects
BMA and PHS had mild to moderate
sensorineural impairment.

In listening test experiments, binaural
dichotic presentation was used. The
objective was to study possible solutions
to the problem of spectral masking in
case of sensorineural hearing impaired
persons. In view of this, acquired speech
was split based on critical bands for
comb filters and on 10 frequency bands
for wavelet packets. Critical bandwidths
were chosen as per the auditory filter
bandwidths®. The performance by hear-
ing-impaired subjects saturated around
eight channels, while performance by
normal-hearing subjects continued to
increase up to 12-16 channels®, hence for
wavelet packets, 10 frequency bands
were chosen. The frequency bands were
spread over a frequency up to 5 kHz.
These two banks were named as left-car
and right-ear bank. The left-ear bank
filter output was fed to one ear and right-
ear bank filter output was fed to the
other. The speech was filtered and divi-
ded into two parts in such a way that fre-
quency components lying within one
band are in one part, components lying in
the next non-overlapping band are in the
second part, components of third non-
overlapping band are in the first part.

The processing scheme was spectral
splitting with comb filters based on audi-
tory critical bandwidths and responses
optimized for low perceived spectral
distortion. Filters were designed using
frequency sampling technique of linear
phase finite impulse response (FIR)
filter’. Comb filters were designed with
512 coefficients. The magnitude res-
ponse of the pair of comb filters is shown
in Figure 1. Each comb filter has nine
pass bands corresponding to auditory
critical bandwidths.

The discrete wavelet transform divides
the signal spectrum into frequency bands
that are narrow in the lower frequencies
and wide in the higher frequencies. This
limits how wavelet coefficients in the
upper half of the signal spectrum are
classified. Wavelet packets (WP) divide
the signal spectrum into frequency bands
that are evenly spaced and have equal
bandwidth and will be explored for use
in identifying transient and quasi steady
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Figure 1. Filter responses for processing scheme of comb filters. a, Right-ear bank filter; b,

Left-ear bank filter.
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Figure 2. Filter responses for processing scheme of wavelet packet as right- and left-car bank

filters.

state speech. WP are efficient tools for
speech analysis, involve using two bands
splitting of the input signal by means of
filtering and downsampling at each de-
composition level®'°, Designing the WP
filterbank involves choosing the decom-
position tree and then selecting the filters
for each decomposition level of the tree.
For each decomposition level, there is a
different time frequency resolution. Once
the decomposition tree has been selected,
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the next step involves selecting an
appropriate wavelet filter for each
decomposition level of the tree. Here dis-
crete wavelet transforms for one level of
decomposition and WP for the second
level of decomposition referred as modi-
fied wavelet packets are used. The mag-
nitude response of the modified wavelet
packets is shown in Figure 2.

Comb filters were implemented by
writing a program in MATLAB'". The

program was written for comb filters
based on auditory critical bandwidths
whereas modified wavelet packet was
developed for symmlets wavelets using
the MATLAB simulink software. Infor-
mation transmission analysis can be car-
ried out for different feature grouping of
speech signals and can be used for
evaluation in many studies®. Confusion
matrix was used for calculating percent-
age recognition score and response time
statistics. The MATLAB programming
was done to calculate the confusion ma-
trix and percentage recognition scores
with respect to test data. Also, the recog-
nition time was calculated for unproc-
essed and processed signals. The test was
performed on seven different persons as
off-line processing. Recognition scores
were obtained from the confusion matrix
and are as shown in Figure 3. It indicates
the improvement in recognition scores
for processed signals as compared to
unprocessed. Recognition scores of the
seven subjects were low for unprocessed
signals and varied from 57.77% to
92.22%. Processing scheme of comb
filters improved the scores for four sub-
jects, while scores reduced for three sub-
jects. The relative improvements in
recognition scores varied from 1.78% to
4.44%. The relative improvements in
recognition scores for processed scheme
of wavelet packets were 3.33% to 22.23%.
The response time was also recorded dur-
ing testing and is shown in Figure 4. The
response time was decreased for pro-
cessed signals for almost all the persons
in the processed scheme of wavelet
packets.

The unprocessed and processed sylla-
bles were presented binaurally to sen-
sorineural hearing impaired persons. It
was observed that there was improve-
ment in recognition scores using the
processing scheme indicating effective-
ness of the scheme. From the analysis of
recognition scores and information
transmission, it is observed that the
scheme that gives benefit by reducing the
effects of increased masking depends on
the individual hearing loss configuration.
Persons with low frequency hearing
impairment and gradual sloping asym-
metrical impairment benefit with the
processing scheme of comb filters.
Persons with low and high frequency
hearing impairment benefit from the
processing scheme of wavelet packets.
Reduction in load on perception process
is evident as observed in decreased
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Figure 3. Processing scheme of comb filters. a, Recognition score; b, Response time. US: Unprocessed signal, PS-CF: Processed signal with

comb filters,
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Figure 4. Processing scheme of wavelet packets. @, Recognition score; b, Response time. US: Unprocessed signal, PS-Sym: Processed signal with

Symlet wavelet packet.

response time. Thus, filtering scheme is a
remedy for reducing the effect of spectral
masking and improving speech percep-
tion. The system is useful to the hearing
impaired persons and in order to estimate
the detailed advantages of processing
schemes, extended tests with hearing
impaired subjects are needed.
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