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Abstract : Digital hearing aids offer many advantages over conventional analog hearing aids. With the advent of high speed digital signal
processing chips, new digital techniques have been introduced to digital hearing aids. In addition, the evaluation of new ideas in hearing
aids is necessarily accompanied by intensive subject-based clinical tests which requires much time and cost. In this paper, we present an

0

objective m:*! o o cialuate and predict the performance of hearing aid systems without the help of such subject-based tests. In the
hearing impairment simulation (HIS) algorithm, a sensorineural hearing impairment model is established {rom auditory test data of the
impaired subject being simulated. Also, the nonlinear behavior of the loudness recruitment is defined using hearing loss functions generat-
ed from the moasmom(\nl,s. To transform the natural input sound into the impaired one, a frequency sampling filter is designed. The fil-
ter is continuously refreshed with the level-dependent frequency response function provided by the impairment model. To assess ithe per-
formance, the HIS algorithm was implemented in real-time using a floating-point DSP. Signals processed with the real-time system were
presented to normal subjects and their auditory data modified by the system was measured. The sensorineural hearing impairment was
simulated and tested. The threshold of hearing and the speech discrimination tests exhibited the efficiency of the system in its use for the
hearing impairment simulation. Using the HIS system we evaluated three typical hearing aid algorithms.

Key words | Digital hearing aid, Sensorineural hearing loss, Hearing impairment simulation (HIS), Digital signal processing, Real-Time
system
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INTRODUCTION

With the loss of hearing, a person is restricted from
his or her normal social activity. In order to compen-
sate [or this kind of handicap, many researches have
been conducted. Most of them have been focused on
developing aid devices [1]. Recent developments in
digital technology have offered new possibilities of no-
ticeable advances of hearing aids. Using digital tech-
nology, it is possible to equip hearing aids with pow-
erful features, such as nonlinear amplification, noise
reduction, and enhanced fitting algorithms, that are
often difficult to implement with analog circuits [1,2,
3,4].

Although various ideas and methods have been sug-
gested so far, there still exist many problems to be
solved to meet the urgent requirements of the hearing
impaired. The mosf important issue that must be con-
sidered in developing sltage of a hearing aid system
would be how to effectively reflect the “feeling” ex-
perienced by the impaired listeners. In addition, evalu-
ation of new ideas in hearing aids is necessarily ac-
companied by intensive clinical tests on impaired sub-
Jects. However, subject-based clinical tests require
much time and cost. Moreover, their potential prob-
lems are that 1) it is difficull Tor a patient to be in-
volved continuously Lhroughout the entire session, and
2} unreliable response from too old or too young
aged palients. So, it is strongly required to develop a
way Lo evaluate and predict the performance of the
hearing aid system without help of subject-based tests.
Rutledge [5] modeled impaired listener’s transfer
function using neural network and developed an ob-
jective measure from the function. And Chabries’s ap-
proach [6] involved the modeling of an impaired lis-
tener's parameters based on a filterbank system when
developing hearing aid. Rutledge’s neural network is
hard to manipulate auditory parameters, and Chabries’s
filterbank method is too complex to implement in recal-
time system.

We present a simulation tool for the hearing im-
pairment of sensorineural hearing loss. In our hearing
impairment simulation (HIS) tool, the impairment is
modeled using the data from auditory tests conducted
for an impaired patient with scnsorineural hearing

loss. Then, a frequency sampling filter is designed
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with which input signals are modified according to
the gain function obtained from the modeled impair-
ment. The selection of gains in the function for the
filter design is controlled by the energy values in 20
frequency bands. Thus, each input signal is nonlinearly
processed as a [function of its frequency and intensi-
ty. The key feature of the HIS tool is its ability to
simulate the feeling experienced by the impaired lis-
tener and make it possible to perform subjective tests
without hearing impaired patients. Its best application
would be in the evaluation of the hearing aids or
algorithms for hearing aids. To test the effectiveness
of the proposed HIS tool, it is implemented in a real-
time system employing a floating-point digital signal
processor (Motorola DSP96002). The processed sig-
nals are presented to normal subjects and their
responses are then investigated. The test results of
normal listeners are compared with those of impaired
subjects.

We implemented three typical hearing aid algorithms,
such as an 5-channel amplitude compression filterbank
method, a linear gain filterbank method, and the
nonlinear wide dynamic range compression using a
single [ilter algorithm [7], on the DSP board.

MATERIALS AND METHOD

1. The Hearing Impairment Simulation (HIS) Algo-
rithm

Hearing loss causes degradation in loudness percep-
tion, which can be modeled by matching the output
of the normal ear to that of the impaired ear. By fo-
cusing on the auditory function rather than on the
characteristics of the inpul audio signal, the resultant
signal processing will be effective independent of the
auditory stimulus. However, the structure of the mod-
eling system will limit the complexity of the algorithm
that can be implemented in a hearing aid system.

The audible thresholds of the normal listener are
much lower than the range where most of speech sig-
nal components exist. However, as a hearing loss
process proceeds, the audible thresholds begin to rise,
so that it becomes increasingly difficult for the im-
paired person o hear weak level sounds. In the con-
ductive hearing loss caused by problems in the outer
ear and/or the middle ear, the sound level is reduced
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ABC :input level, A'B C’ : perceived level of sensorineural hearing loss, A"B"C” : perceived level of

normal hearing, A TH, B : MCL, C: UCL
uniformly throughout the audible frequency region.
Thus, in terms of the hearing impairment modeling,
this type can be feasibly modeled with linear electron-
But, the
is more complex because is caused by

for sensorineural hearing loss,
it
problems in the cochlea or in the auditory nervous

ic circuits.
problem

system. In this case, nonlinear modification of the au-
dible range occurs a phenomenon known as loudness
[8].
ment is mainly characterized by two parameters: ele-
vation of the threshold
mapping between the sound pressure level of natural

recruitment Thus, sensorineural hearing impair-

of hearing, and nonlinear
acoustical signals and the perceived loudness.

In order to model this type of hearing impairment,
the modeling process is based on a system operating
on the full frequency bands and dynamic range. A
nonlinear dynamic processing which transforms input
according to the level and frequency of the input is

required.
2. Signal Processing in the HIS

The processing flow of the HIS algorithm is similar’
to the nonlinear muitiband loudness correction hearing
[2,3]. The HIS algorithm is divided into three
major processing steps as shown in Fig. 1:

aid
speciral
analysis, computation of hearing loss gains, and de-
signing of the FIR filter.

In order to have an accurate model for the im-
paired mapping associated with the loudness recruit-
(CB) [9]

ployed. To estimate the energy of the input signal at

ment, the critical band processing s em-
each CB, the input signal sampled at 16kHz is seg-
mented with Blackman window without overlap. The
16kHz sampling rate covers roughly 20 CBs. Each
segment is 128 samples corresponding to 8 ms time

period. Successive short-term spectra are then calcu-

J.oof KOSOMBE Vol 19, No. 1, 1998
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Fig. 3. Graphic showing equal loudness curve and MCL of normal(a) and impaired listeners (b)

lated using a 128-point FFT. In the algorithm, the
short-term energy rather than the magnitude is com-
puted in each CB to reflect psychoacoustical features.

The Blackman window was chosen for the input
segmentation, because it is known to have a much
lower sidelobe level than Hamming or Hanning win-
dows frequently used for speech analysis [3]. The
sidelobe level is particularly important in high fre-
quency bands due to the low signal levels. Sometimes,
the low-level inputs in high frequency bands are
masked by the high-level inputs in low frequency
bands, which in turn affects the loudness correction
of the HIS system in those bands.

To define the impaired mapping between the sound
pressure level of the natural acoustical signals and
the perceived loudness of the impaired auditory system,
hearing loss functions (HLFs) are generated from the
measurements, These functions describe how much
gain is needed for every frequency band and the
level to restore normal loudness perception. The HLF’
s are generated from three auditory parameters:
threshold of hearing (TH), most comfortable level
(MCL), and uncomfortable level (UCL) which repre-
sents the upper limit of hearing range. These three
parameters are obtained from the audiogram of a pa-
tient. Fig. 2 illustrates the HLF and auditory parame-
ters used to model the hearing impairment. In the fig-
ure, A’, B, C and A”, B”, C” represent THs,
MCLs, and UCLs for the hearirig impaired and the
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normal listener’s, respectively.

Simulating a phenomenon of loudness recruitment
modeling may require all the information on equal
loudness curves of the impaired and the normal sub-
ject’s (Fig. 3). However, it is impractical to measure
the loudness for every input level at every frequency.
Furthermore, loudness itself is based on subjective
feelings, so it is hard to obtain accurate data solely
from the measurements. Fortunately, it is known that
the MCL represents the characteristics of equal loud-
ness curves and that it can be measured relatively
precisely, especially in most cases of sensorineural-
type hearing loss [6]. From this point of view, the
MCL measurements are used as a reference parame-
ter in loudness level that prescribes a proper mapping
from audible range of the normal listener’s into that
of the impaired listener’s.

Based on these aspects, the energy estimates in the
20 CBs are applied to HLFs and the hearing loss
gains are computed. However, in the implementation
stage, we computed the gains only at five center fre-
quencies of octave bands, z.e, 250 Hz, 500 Hz, 1
kHz, 2 kHz, 4 kHz, and then interpolated them linear-
ly while all spectral components in a CB have the
same gain. This approach is chosen because the
hearing loss is often measured at a discrete number
of o:ive frequencies, rather than CB frequencies.

To produce outputs modified according to the fre-
quency gains obtained from the HLF, a frequency
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sampling filter (FSF) is designed. The filter-bank ap-
proach can be considered to obtain the same output.
However, processing each band independently in a
multi-channel system using filter banks can cause
spectral distortions among bands due to time-varying
nonlinear characteristics of the filter gains [2,10],
and may result in spectral flattening [3]. In addition,
adding more processing bands for higher resolution in-
‘creases the complexity of the filter-bank approach
significantly [11].

Since the FSF obtains it's coefficients from the
magnitude response function sampled uniformly in the
frequency domain, it provides an effective and flexible
method to implement loudness attenualion [7,12].
Furthermore, this approach enables one to avoid the
problems associated with the [ilier-bank approach.
The [filter coefficients are updated al every inpul
block and the input signal is finally modified via con-
volution operations.

3. Three Digital Hearing Aid Algorithms

Currently available three digital hearing aid algo-
rithms such as the 5-channel amplitude compression
filterbank method, the linear gain fillerbank, and the
nonlinear wide dynamic range compression (WDRC)
algorithm were implemented in real-time on the Ariel’
s DSP board. Both the amplitlude compression method
and the linear gain method used 5-channel filterbank
hearing aid algorithms. The amplitude compression
filterbank method was implemented both using FIR
and IIR [filters. These two algorithms used the same
gain function. The nonlinear WDRC algorithm deter-

mines the gain in each frequency band In such a
way that the hearing perception of the impaired lis-
tener is restored close to that of normal listeners.
The WDRC algorithm used the single filtered method
using the frequency sampling filter which had same
filter structure of the HIS system. A hearing compen-
sation function is used instead of the HLF for the
nonlincar WDRC algorithm. We also developed the
hearing aid processor which employing the nonlinear
WDRC algorithm. The chip is based on a general pur-
pose 16-bit Samsung’'s DSP core which is able to per-
form maximum 33 MIPS at 33 MHZ clock.

4. Experimental System Setup

The schematic diagram of the system setup for the
experiments is shown in Fig. 4. A floating—point digi-
tal signal processor (33 MHz Motorola DSP96002)
was used to implement the algorithm in real-time.
The processor is a parl of an Ariel DSP board in-
stalled in a PC-bus slot with a 16-bit AD/DA
CODEC unit.

The Grason-Stadler’s SGI 61 audiometer was used
Lo supply the input signal to the system. The input
signal from the audiometer was amplified, anti-
aliasing [iltered and converted to digital numbers. The
outpul signals of the HIS system were also anti-im-
aging fillered and presented to the subject under test
via a Telephony's TDH-50p headphone. The HIS system
was calibrated to have (0 dB input-output gain, so
that the attenuation by the system could be directly
observed at the output of the system. The DSP board
was controlled by the PC and its status was moni-

Joof KOSOMBE © Vol 19, No. 1, 19498
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Fig. 5. Difference between modeled signal level and the output level of the audiometer

tored on the PC screen. The total processing time of
the HIS algorithm was about 52% of the maximum
processing time in the real-time DSP board.

Before we evaluated the digital hearing aid algo-
rithms using HIS system, the HIS system was evalu-
ated by comparing the hearing impaired palient’s
audiometry data with the simulated results. Speech
audiometry tests were used to compare the digital
hearing aid algorithms.

RESULTS

Three tests were conducted to evaluate the per-
formance of the HIS system. The first tesl was to
evaluate the numerical accuracy of the system. The
HIS system and the audiometer were set to generate
the same level of test signals and the output levels
were measured for comparison. The second test was
intended to simulate sensorineural hearing impairment.
The audiological data of the impaired subject was
given to the HIS system « priori, and the processed
output was presented to normal subjects to measure
their responses. The pure tone audiometry test (PTA:
air—conduction audiometry) and the speech discrimina-
tion test (SDT) were performed to compare the HIS
test results with the audiometry data of hearing im-
paired listeners. Finally, we evaluated three digital
hearing aid algorithms using the HIS system and
measured the SDT scores of them.

o x-8vsl A LA 19l A1 E, 1998

A. Objective Measurement of HIS Output

To assess the numerical accuracy of the HIS system,
the conductive hearing loss ie., a uniform hearing
loss over the entire frequency was assumed. A 90 dB
pure tone was applied to the input and results were
oblained as RMS values measured at 5 frequencies;
250 Hz, 500 Hz, 1 kHz, 2 kHz, and 4 kHz. The
results for two different cases, 10 dB and 20 dB
hearing loss, are presented in Fig. 5. These results
show that the HIS system successfully modifies the
thresholds of hearing with an acceptable margin of
error. The measured errors were smaller than 1.6 dB.
Furthermore, the errors were considered insignificant
when compared with the measurement error which
may occurred during the subjective tests.

B. Simulation of Sensorineural Hearing Impairment

In the second test, the sensorineural hearing impair-
ment was modeled using the HIS system. We chose
two hearing impairments to simulate. The first
hearing model was the moderate degree of sensori-
neural hearing loss of a 43-year old lemale subject
(the right ear). The hearing was the flat form on the
audiogram; 72 dB HL of the MCL and 80% of the
SDT score. The first hearing impairment simulation
was tested with 4 normal hearing listeners, aged be-
tween 20 and 32. The other simulation hearing model
was the hearing of 64-year old male subject (the left

ear) with the sensorineural hearing impairment. The
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Fig. 7. SDT scores of HIS-processed listeners

target subject had a severe degree of high frequency
hearing loss; 78 dB HL of the MCL and 889 of the
SDT score. The HIS system was tested by 11 hearing
listeners, aged between 21 to 33. The hearing thresh-
olds of the 7
(i.e., whose hearing thresholds were below

listeners were qualified as normal
hearings
20 dB for whole frequency range and SDT scores
were over 96%) and the other four subjects had high
frequency hearing loss. Three subjects showed the C;
(4kHz)
hearing loss above 8 kHz.

dip and the other showed high frequency

S1

S4

S2 S3

Subjects

The thresholds of hearing were measured again
with the HIS system. The results are presented in
Fig. 6 and Fig. 8 As shown the
threshold levels of the tested subjects are different

in the figures,
from those of the case without the HIS system.
Although these results varied from person by person,
the averaged thresholds exhibited similarity among the
target model and the simulated ones.

The SDT scores were measured along with the
threshold tests. The results are shown in Fig. 7 and
Fig. 9. The bars with the label of ‘Impaired’ and

Joof KOSOMBE @ Vol 19, No. 1, 1998
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listener and HIS-processed listeners. The subjects are composed of 7 nor-
listeners with C, dip(s :30-45 dB TH at

4kHz), and a high tone

sensorineural hearing loss (% % : 10dB TH at 4kHz 55dB TH at 8kHz). Mean : 88 +3% (S1 to S7)

‘Mean' indicate an SDT score of our subjects. The
sDT that

resemblance among the targel model and the simulat-

scores again show there exists a close
ed ones. Most of the subjects showed the SDT scores
comparable to the discrimination score of the target
the

(who are

impaired listener. It should be noted that four

subjects with high frequency hearing loss
marked by *and * *in Fig. 9

the SDT scores. From the results shown in Fig. 6 to

showed much lower

9, it could be said that the present HIS system was
o] ¢-she] 4
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successful in simulating sensorineural hearing impair-

ment using the normal listeners.

C. Evaluation of Digital Hearing Aid Algorithms

Using the HIS System

To evaluate the digital hearing aid algorithms using
the HIS system the SDT score was measured. Fig. 11
and Fig. 12 shows the SDT results for simulation of
The higher the score the

two hearing impairments.

better fitting was  assumed. The simulated hearing
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data of this evaluation test were the same as ones
used for simulating the sensorineural hearing impair-
Among the three digital
rithms the nonlinear wide dynamic range compression
(A in Fig. 11 and 12) showed the best
score in terms ol the ability to understand speech.

ments. hearing aid algo-

algorithm

CONCLUSION
A hearing impairment simulation tool was devel-
oped and its performance was evaluated using a

real-time system. To modify the natural input sound
into an impaired one, a frequency sampling filter was
designed, whose frequency response is continuously
adjusted according to hearing loss functions. Because
the selection of the gains for the FIR filter design
was controlled by the energy values in 20 critical
bands, the signal is nonlinearly processed as a func-
tion of its frequency and intensity. The experimental
of the HIS system showed that the HIS
system implemented the hearing loss model with a tol-

resulls

erate margin of error. Furthermore, subjective Llests

conducted with normal subjects confirmed the effec-

tiveness of the HIS system in simulating the
sensorineural hearing impairment, which was clearly
indicated in the measurement results of both the

thresholds of hearing and the SDT.

So far, we have shown that the HIS system devel-
oped in this study can simulate sensorineural hearing
and it the
system for providing the feeling of the hearing im-

impairment is quite worthy in using

pairment (o normal subjects. Moreover, the system
can be used for more practical issues such as evalu-
ating conventional hearing aids and developing new
More

fitting methods for the digital hearing aids.

work regarding these issues is currently under way.
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