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Original Article

Exploration of a physiologically-inspired hearing-aid algorithm
using a computer model mimicking impaired hearing

Tim Jürgens1,2, Nicholas R. Clark2,3, Wendy Lecluyse2,4 & Ray Meddis2

1Medizinische Physik, Forschungszentrum Neurosensorik and Cluster of Excellence ‘Hearing4all’, Carl-von-Ossietzky Universität Oldenburg,
Oldenburg, Germany, 2Department of Psychology, University of Essex, Colchester, UK, 3Mimi Hearing Technologies GmbH, Berlin, Germany,
4Department of Children, Young People and Education, University Campus Suffolk, Ipswich, UK

Abstract
Objective: To use a computer model of impaired hearing to explore the effects of a physiologically-inspired hearing-aid algorithm on a

range of psychoacoustic measures. Design: A computer model of a hypothetical impaired listener’s hearing was constructed by adjusting

parameters of a computer model of normal hearing. Absolute thresholds, estimates of compression, and frequency selectivity (summarized

to a hearing profile) were assessed using this model with and without pre-processing the stimuli by a hearing-aid algorithm. The influence

of different settings of the algorithm on the impaired profile was investigated. To validate the model predictions, the effect of the algorithm

on hearing profiles of human impaired listeners was measured. Study sample: A computer model simulating impaired hearing (total absence

of basilar membrane compression) was used, and three hearing-impaired listeners participated. Results: The hearing profiles of the model

and the listeners showed substantial changes when the test stimuli were pre-processed by the hearing-aid algorithm. These changes

consisted of lower absolute thresholds, steeper temporal masking curves, and sharper psychophysical tuning curves. Conclusion: The

hearing-aid algorithm affected the impaired hearing profile of the model to approximate a normal hearing profile. Qualitatively similar

results were found with the impaired listeners’ hearing profiles.

Key Words: Auditory model; algorithm evaluation; normal and impaired hearing; psychoacoustics

Sensorineural hearing impairment can be caused by a number

of different etiologies and manifests itself in different ways (Dubno

et al, 2013). It is therefore reasonable to assume that hearing

deficits of impaired listeners differ in a manner that justifies an

individualized approach to both assessment and remediation.

Currently, the clinical assessment of hearing impairment usually

consists of the measurement of only audiometric thresholds, and

perhaps sometimes an evaluation of speech understanding in quiet

and noise. Recently, however, some studies have proposed that a

more detailed picture of an individual’s hearing ability could

provide useful insight into the nature of the impairment and towards

the subsequent treatment (e.g. Vlaming et al, 2011; Lecluyse et al,

2013). For example, the testing protocol proposed by Lecluyse et al

(2013) generates a ‘hearing profile’ of a specific listener, which

incorporates measures of absolute thresholds, cochlear compression,

and frequency selectivity. This set of psychoacoustic measures

showed considerable variation across impaired listeners. This

highlights its potential to provide more detailed information about

the hearing status of a listener than for example the audiogram alone

could provide.

Computer models of impaired hearing can be used to mimic the

impact of different types of hearing impairment, such as raised

absolute thresholds or reduced compression, on a range of measures

such as speech intelligibility scores (Jürgens et al, 2014), or

psychoacoustic measures, e.g. frequency selectivity curves (Jepsen

& Dau, 2011). Panda et al (2014) simulated hearing profiles

(as proposed by Lecluyse et al, 2013) of individual impaired

listeners using an adjusted computer model of normal hearing.

The adjustments were single parameter changes that correspond

to physiological characteristics of hearing impairment such as loss

of basilar membrane compression (Johannesen et al, 2014) or dead

regions (Moore & Alcantara, 2001). This model could qualitatively

predict the variety in individual hearing profiles using single

parameter changes and suggests possible links between pathological

changes in the auditory system and their effect on psychoacoustic

measures.
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If a computer model of impaired hearing can predict the impact

of specific pathologies on psychoacoustic measures (as used in

hearing profiles), then the same model might also allow for an

exploration of the impact of a hearing aid on these same

psychoacoustic measures. A reliable prediction of the outcome of

a hearing aid in impaired listeners would be of value, not only for

evaluating different fitting choices, but also for the development of

new hearing-aid algorithms. Reliable predictions might also con-

tribute to reducing, or at least explaining some of the observed

variety in benefit between individuals (Gatehouse et al, 2006).

Such predictions will require the combination of at least three

strains of research, which currently consist of many open questions.

These are (1) a reliable diagnosis of the details of pathology present

in the respective listener (cf. Dubno et al, 2013), (2) a scientifically

proven way how to implement these pathologic details in

individualized computer models (Panda et al, 2014), and (3)

principles how to fit a hearing aid optimally based on the

predictions by the model. It might be advisable to wait until the

research questions that these strains address are sufficiently solved

before combining them in computer simulations. Alternatively,

there may be merit in an iterative approach where incomplete

solutions are brought together into a larger system where they can

operate synergistically to explore the central issue of how to

ameliorate the problems associated with hearing loss.

The goal of this study is therefore to bring currently available

solutions together and explore the impact of a hearing aid-algorithm

on the psychoacoustic hearing profile of a computer model of

impaired hearing. Three impaired listeners are subsequently being

tested with and without the hearing-aid algorithm to investigate

whether or not the predictions of an aided model are reasonable

expectations also for aided human listeners.

The hearing-aid algorithm used in this study is BioAid (Meddis

et al, 2013), which is a physiologically-inspired multichannel

dynamic compression algorithm, basically made from components

of the computer model of normal hearing used by Panda et al

(2014). The reason for using this type of algorithm instead of a more

conventional hearing-aid algorithm is two-fold: (1) the direct

relation between missing or dysfunctioning model components in

the computer model of impaired hearing (such as lost basilar

membrane compression) and their functioning counterparts in the

BioAid algorithm (such as instantaneous compression) allows for an

easier interpretation of the effects of this algorithm on the

psychoacoustic outcome measures. (2) The signal processing in

this algorithm is open-source and easy to adjust, in contrast to many

of the more proprietary hearing-aid algorithms.

The impact of this physiologically-inspired hearing-aid algo-

rithm is assessed by predicting hearing profiles consisting of

absolute thresholds, temporal masking curves (TMCs), and iso-

forward masking contours (IFMCs). This study builds on a series of

studies, in which the psychoacoustic measures and computer models

have been presented (Meddis et al, 2010; Tan et al, 2013; Lecluyse

et al, 2013; Panda et al, 2014). The article starts with a brief

description of the auditory model and the data collection techniques.

These are deployed in this study essentially as previously reported.

The physiologically-inspired hearing-aid algorithm is introduced

alongside the computer model allowing the parallels between them

to be highlighted. The effect of different algorithm settings and

parameters (such as gain and compression) on the model hearing

profile is subsequently explored. Finally, the effects of the

algorithm on the hearing profiles of three hearing-impaired listeners

are shown.

Methods

Auditory model

A range of models of the auditory periphery have been introduced in

the past decades (Heinz et al, 2001; Sumner et al, 2002; Bruce et al,

2003; Zilany & Bruce, 2006; Meddis et al, 2010; Jepsen & Dau,

2011), each one of these with a different focus and purpose.

The present study has used a modified version of the model of the

auditory periphery (MAP 1.14) described by Panda et al (2014).

This model will be referred to in the following as the ‘model of

normal hearing’. The model of normal hearing consists of cascading

stages simulating the physiological parts of the signal processing in

the auditory system and aims to provide a faithful representation of

the auditory nerve firing pattern. A schematic of the MAP stages

can be found in Figure 1.

Initially, the acoustic input signal is filtered mimicking the outer-

and middle-ear frequency-dependent transfer of sound pressure to

displacement of the stapes. Subsequently, the signal is decomposed

into frequency bands (41 frequency channels with best frequencies

logarithmically-spaced between 0.25 and 8 kHz) using the dual-

resonance nonlinear (DRNL, adapted from Lopez-Poveda & Meddis,

2001) filter bank. This filter bank consists of a nonlinear path

(modelling the contribution of outer hair cells, OHC) and a linear

path (modelling the passive response of the basilar membrane, BM).

Different frequency channels are symbolized in Figure 1 by different

grey layers. Further subsequent stages simulate stereocilia displace-

ment, inner hair cell (IHC) potential fluctuations (Sumner et al, 2002,

using a modified version of a model originally proposed by Shamma

et al, 1986), transmitter release into the synaptic cleft between IHC

and auditory nerve (AN), and triggering action potentials in the

auditory nerve (Sumner et al, 2002). Finally, a two-layer coincidence

detection network loosely simulates the neural convergence per-

formed within the brainstem, i.e. that fewer cells in the brainstem

monitor the activity of a high number of AN cells.

The model as described by Panda et al (2014) was further

developed by adding two efferent feedback loops to simulate the

ipsilateral acoustic reflex (AR, acting on the stapes displacement) and

the ipsilateral medial olivocochlear (MOC) reflex (acting on the

nonlinear path of the DRNL filterbank). The MOC feedback loop was

implemented as described in Brown et al (2010), and Clark et al (2012),

as an attenuation of activity in the nonlinear path of the DRNL filter.

The feedback loop is organized on a tonotopic (i.e. within-channel)

basis (details given in Clark et al, 2012). In this implementation, the

amount of attenuation is controlled by the total spiking activity in the

Abbreviations

AN Auditory nerve

BM Basilar membrane

dB SPLDecibel sound pressure level

DRNL Dual resonance nonlinear

IFMC Iso-forward masking contour

IHC Inner hair cell

MAP Model of the auditory periphery

MOC Medial olivocochlear

NAL National acoustic laboratories

OHC Outer hair cell

PTC Psychophysical tuning curve

TMC Temporal masking curve
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corresponding frequency band on the brainstem level. The MOC

attenuation of BM response builds up during steady portions of an

acoustic stimulus (cf. Backus & Guinan, 2006) and decays with a time

constant of 50 ms following the offset of the stimulus. A delay of 10 ms

between the onset of a stimulus and the beginning MOC attenuation is

used to mimic synaptic latencies associated with the MOC response.

The acoustic reflex (AR) was implemented as an attenuation of the

stapes response based on the total activity of all neurons in the second

brainstem layer.

As a consequence, these feedback loops attenuate the signal

passing through the nonlinear path and the strength of this

attenuation depends on the amount of spiking activity in the

brainstem stage that, in turn, reflects the strength of the input signal.

The parameters of the coincidence detection network (see

supplemental material for more details) in the brainstem stage are

set such that no spikes occur at its output during silence. This means

that a signal is rated as ‘heard’ if at least one spike is present during

the target stimulus time. Each stage of the model has been designed

to be as far as possible in agreement with available physiological

data of humans or small mammals. The model software and

parameters of the model of normal hearing are available from the

authors upon request.

All computer models used in the present study were generated

using a multi-channel representation, i.e. these models do not only

take the response of a single channel into account, but of all

channels along the cochlear partition (off-frequency effects are thus

included in the model).

Forward masking

Earlier versions of MAP have been demonstrated to simulate

forward masking at the level of the auditory nerve and

psychophysical testing (Sumner et al, 2003; Meddis & O’Mard,

2005). In these versions, forward masking was attributed to

adaptation in the form of depletion of transmitter substance at the

IHC/AN synapse following acoustic stimulation. The introduction

of the ipsilateral MOC feedback loop in MAP 1.14 adds a second

process that contributes to forward masking. The parameters of the

MOC feedback loop were adjusted to simulate the psychophysical

observations of Yasin et al (2013). Their estimates of the strength of

the MOC suppression as a function of signal level were based on

observations using precursor tones in a forward masking paradigm

using human subjects.

Modelling hearing impairment

MAP offers a number of ways in which hearing impairment might

be incorporated in terms of inner-ear pathology. Panda et al (2014)

demonstrated that MAP could be used to generate individualized

computer models and replicate the hearing profiles of human

listeners with different patterns of impairment. A number of

pathologies were simulated such as (1) a general reduction of OHC

gain, (2) a reduction in endocochlear potential, and (3) dead regions

along the cochlear partition where no response is generated

(possibly due to a loss of IHC/AN synapses).

The present study concentrates exclusively on the effect of a

complete reduction of OHC gain on impaired hearing. This results

in a total loss of cochlear compression. Loss of cochlear compres-

sion is a common form of hearing impairment as shown in Plack

et al (2004) and Johannesen et al (2014), and total loss of

compression is possible in some cases. The model was generated

by disabling the nonlinear processing path in the DRNL filterbank

in the normal model of hearing, leaving only the passive (linear)

response component intact. As a consequence, the (ipsilateral)

MOC feedback loop is also disabled, because the MOC affects only

the nonlinear processing path in the DRNL.

Simulation of a hearing aid based on the auditory model

The present study uses parts of the model of normal hearing as a

physiologically-inspired dynamic compressor embedded in a multi-

channel processing system, called BioAid (Meddis et al, 2013). This

hearing-aid algorithm uses two components from the auditory

model: (1) the nonlinear path of the DRNL-filterbank mimicking

the instantaneous compressive response of the basilar membrane,

and (2) the ipsilateral MOC-feedback loop mimicking the function

of the medial olivocochlear (MOC) bundle on the basilar mem-

brane. The latter model component is called delayed feedback

attenuation control (DFAC) in order to distinguish algorithmic and

physiological processing.

Figure 2 shows the signal processing flow diagram of BioAid.

The acoustic input signal was filtered using a filter bank of second-

order Butterworth filters with center frequencies between 0.25 and

8 kHz (represented by the different layers in the figure).

A nine-channel filterbank was used in the current study. Each

filter had a 12 dB per octave rejection rate outside of the passband.

The lower three channels were octave wide filters centered at

0.25, 0.5, and 1 kHz. The remaining six channels had half-octave

bandwidths extending to 8 kHz. This combination of center

frequency and bandwidth was found to give a reasonably good

tradeoff between frequency and time resolution over the range of

frequencies most relevant for speech. Wider filters at frequencies

below 1 kHz produce less filter ringing, whereas narrower filters at

Figure 1. Schematic of the model of the auditory periphery.
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frequencies above 1 kHz enable a flexible adjustment of gain and

compression especially for steep high-frequency losses.

Instantaneous (i.e. sample-by-sample) compression was applied

in each frequency channel using the nonlinear path of the DRNL

filterbank: A sequence of broken-stick compression function with

compression ratio 5:1 and band pass filter was used. This band pass

filter had identical characteristics as the filter of the initial

filterbank. The instantaneous compression generated distortion

products, but the second band pass filter filtered out most of

these. The compression stage was controlled by a compression

threshold, which was the input level (in dB SPL) that specified the

transition from linear to compressed signal processing, i.e. the bend

in the ‘broken-stick’.

The DFAC-feedback loop in BioAid was used to mimic the

contribution of a normal ipsilateral MOC reflex to hearing-

impaired listeners where it might be dysfunctional. This DFAC

acted as a within-channel process (same within-channel architec-

ture as in the model of normal hearing) and was effectively a

delayed, slow-acting automatic gain control. The DFAC-process-

ing was characterized by two adjustable parameters: (1) a

frequency-specific DFAC threshold parameter specifying the

output level at which the DFAC-processing starts to work, and

(2) a DFAC factor (scalar), which governs the amount of

attenuation applied. In detail, the DFAC threshold was subtracted

from the power envelope of the output of the instantaneous

compression. This signal was half-wave rectified and low pass

filtered with a one-pole filter with the DFAC time constant. After

a temporal delay of 10 ms (simulating synaptic delays in the MOC

reflex), this signal gives attenuation values applied to the output of

the first band pass filter in the corresponding (same) channel. The

DFAC time constant of 50 ms specified the time-course of the

applied attenuation and was also the same as in the auditory

model. The DFAC factor is a number between 0 and 1 that is

multiplied by the DFAC attenuation (in dB). A maximum DFAC

attenuation value of 20 dB was set in agreement with the

maximum BM displacement attenuation observed when stimulat-

ing the ipsilateral MOC reflex electrically (Russell & Murugasu,

1997). In the algorithm this maximum value is only achieved after

sudden onsets from, e.g. a starting level below the DFAC

threshold to 60 dB above, and with a DFAC factor of 1. After

the second band pass filter, linear within-channel gain was

applied. The reason for applying gain at the end of the signal

processing of the algorithm is that all threshold parameters of the

instantaneous compression and the DFAC-processing can be

specified in terms of dB SPL input level (rather than specifying

them by the difference between input level and respective

threshold), which facilitates the adjustment of the algorithm to

individual frequency-dependent hearing impairment. The signals in

the frequency channels are summed to provide a (mono) audio

signal for presentation to the model or the listener. This

summation stage has no physiological motivation, but is necessary

for acoustic presentation to the listeners.

Implementations of this hearing-aid algorithm by the authors

are available as both Matlab function and C++ code for use in

laboratory analysis or real-time applications, respectively1. In the

current study, the C++ code version was used.

Fitting

BioAid parameters were chosen on the basis of some basic

principles which were (1) restoring thresholds, (2) providing

linear processing for near-threshold input levels, and (3) avoiding

uncomfortably loud sounds, i.e. considerably compressing the

output level at the top2. Linear within-channel gain was chosen in

each frequency channel such that aided absolute thresholds were

expected between 10 dB SPL and 20 dB SPL. The compression

threshold was chosen such that the instantaneous compression is

active at high input levels (similar to ‘compression limiting’, cf.

Dillon, 2012). The (static) input-output function of BioAid was thus

linear with full within-channel gain for all levels below the

compression threshold followed by a sharp kneepoint. This

compression threshold was individually set such that the 5:1

compressive portion of the input-output function showed a decrease

in gain with increasing input level that left almost no gain at 100 dB

SPL input level. Thus, for listeners with profound hearing loss, the

range of input levels being compressed is considerably larger than

for listeners with mild hearing loss, who experience instantaneous

compression for high input levels only.

The DFAC threshold was set to 10 dB SPL, just around the

expected aided threshold, because the MOC reflex in the model

of normal hearing also consists of such a low threshold, which is

reasonable with respect to physiological data (Russell & Murugasu,

1997). Table S1 (in the supplemental material) shows BioAid

parameters for the impaired model and each of the listeners

employed in the current study.

Participants

Three listeners with mild to moderate sensorineural hearing

impairment took part in this study, two male (IH10: age 73 years,

left ear; and IH67, age 67 years, right ear), and one female (IH05,

age 71 years, left ear). The listeners’ audiometric thresholds using

clinical audiometry can be found in Table 1. The listeners were

chosen because they had different audiograms (flat, high-frequency,

and ski-slope loss). All listeners had participated in psychoacoustic

experiments before and had some experience with the testing

procedures. Ethical approval was obtained from the University of

Essex Ethics Committee. Informed consent was obtained from

all participants.

Figure 2. Schematic of the physiologically-inspired signal pro-

cessing used in the current study.
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Psychoacoustic measures/hearing profiles

Hearing profiles were generated using the model of normal and

impaired hearing without BioAid preprocessing (i.e. unaided) and

for the impaired model alone with BioAid preprocessing using

different parameter settings. Hearing profiles of three human

listeners were also measured with and without BioAid preprocess-

ing. The psychoacoustic procedures for measuring hearing profiles

have been reported in previous studies (Lecluyse et al, 2013; and

Tan et al, 2013) and are briefly outlined below. In the present study,

a hearing profile (Figure 3A) consists of three psychoacoustic

measures: Absolute thresholds, Temporal masking curves (TMCs),

and Iso-forward masking contours (IFMCs). TMCs can be interpreted

as reflections of intact or reduced cochlear compression by contrast-

ing normal with impaired listeners’ on-frequency TMCs (Lecluyse et

al, 2013). A TMC with a reduced slope relative to the slope of a TMC

observed with normal hearing can be an indication of reduced or

absent compression. IFMCs can be interpreted as reflecting frequency

selectivity (e.g. Moore 1978; Nelson et al, 1990; Lecluyse et al,

2013), and compared similarly with the IFMCs of listeners with

normal hearing to assess loss of frequency selectivity.

Absolute thresholds were assessed for 250-ms and 16-ms

sinusoidal tones at six standard audiometric frequencies of 0.25,

0.5, 1, 2, 4, and 8 kHz (Figure 3A, bottom of profile).

TMCs were measured using a 16-ms sinusoidal target tone at

octave frequencies between 0.5 and 4 kHz, preceded by a 108-ms

sinusoidal masker (total stimulus time) with the same frequency.

The masker and target were separated by a gap of 10, 30, 50, 70, or

90 ms, which varied randomly between blocks of trials. The masker

and target were both gated using 4-ms raised-cosine ramps. The

target tone was presented at 10 dB above the measured absolute

threshold at that frequency. For a given temporal gap, the masker

was varied in level until it just masked the target. The principle

behind this specific forward masking task is that a compressed

masker will need a substantial increase in level to compensate for an

increase in the masker-target interval, resulting in a steep TMC

function (Figure 3A, top of profile). When compression is

compromised, leaving a linear response, the masker needs to rise

less steeply, explaining a shallower TMC function.

IFMCs were measured using similar target stimuli as described

above. A 16-ms sinusoidal target at octave frequencies between

0.5 and 4 kHz was preceded by a 108-ms sinusoidal masker. The

temporal gap between masker and target was fixed at 10 ms and

within a single IFMC, the frequency of the masker was varied as a

function of the target frequency, 0.5, 0.7, 0.9, 1.0, 1.1, 1.3, and 1.6

multiples of the target frequency. For a given masker frequency, the

masker was varied in level to determine the masker threshold, i.e.

the level at which the masker just masks the target. A narrow

v-shaped function (Figure 3A, middle of profile) is an indicator of

good frequency selectivity since the masker thresholds at frequen-

cies different from the target frequency are substantially higher

compared to the condition where masker and target frequency are

the same. Impaired frequency selectivity manifests itself in IFMC

functions which are shallower and/or deviate from the normal

shape.

Characteristics of the profiles were quantified by the absolute

threshold levels, the slope of a linear regression function fitted to

the TMC masker thresholds, and the IFMC depth, which is

measured as the difference between the average of masker

thresholds at four frequencies (0.5, 0.7, 1.3, and 1.6 multiples of

the probe frequency) and masker threshold at the expected tip of the

IFMC (masker and target frequency equal) (cf. Panda et al, 2014).

These statistics are a basis for comparisons with normal (reference)

hearing profiles and are not intended to directly estimate the amount

of compression or bandwidth.

All thresholds were estimated using a single-interval up/down

procedure described in more detail in Lecluyse and Meddis (2009)

and Lecluyse et al (2013). After each stimulus presentation, the

model emitted a ‘yes’ or ‘no’ response. Model responses were based

on the activity of a single 2nd order model brainstem neuron (see

auditory model section). If at least one action potential occurred

during the presentation of the target, the emitted response was a

‘yes’, otherwise it was a ‘no’. The human listeners were asked to

provide a yes/no response after each presentation.

The level of the relevant stimulus was changed from trial to trial

using a one-down, one-up adaptive procedure. In the absolute threshold

task, a yes-response was followed by decrease of the stimulus level by

2 dB. If the model/listener responded negatively (no-response), the

level was increased by 2 dB. A larger 10-dB step size was used up to the

first reversal. For IFMCs and TMCs, the level of the masker was

increased following a positive response indicating that the target was

heard, and decreased following a negative response. Each threshold run

consisted of ten trials after the first reversal. The threshold was

estimated at the 50%-point of a best-fit logistic function relating level to

the incidence of positive/negative responses.

Apparatus and calibration

Acoustic signals were generated using the custom-made MATLAB

program multiThreshold, which is available from the authors upon

request. Stimuli were presented to the listeners using Sennheiser

HD600 headphones (diffuse-field equalized with a flat frequency

response between 0.1 and 10 kHz) in a double-walled sound-

insulated booth. The apparatus was calibrated using a Brüel & Kjaer

(B&K) artificial ear No. 4153 with a B&K microphone amplifier

2669 and a B&K measuring amplifier 2610.

Results

Computer model simulating hearing impairment

Figure 3(A) shows the hearing profile of the computer model of

normal hearing. The normal model is used as a starting point for

constructing the impaired model and its profile will function as a

reference profile for all subsequent profiles. The profile is very

similar to the profile of the normal model presented in Panda et al

(2014) and is characterized by low absolute thresholds (9 dB SPL

averaged across frequencies, bottom black line with x), sharp

IFMCs (six curves directly above the absolute thresholds, five of

them v-shaped), and steep TMCs (six sub-panels on top, average

slope of 77 dB / 100 ms). Figure 3(B) shows the hearing profile of

the impaired model. Due to the missing nonlinear path of the

DRNL, which dominates the DRNL output at low input levels,

Table 1. Audiometric thresholds (in dB HL) of the listeners IH10,
IH05, and IH67 participating in this study.

IH10 IH05 IH67

0.25 kHz 40 20 10

0.5 kHz 40 15 5

1 kHz 30 30 5

2 kHz 35 40 15

4 kHz 55 50 50

8 kHz 4100 50 65
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absolute thresholds are raised between about 60 and 70 dB SPL.

TMCs are relatively shallow at all frequencies starting at about

85 dB SPL for short temporal gaps with slopes of 17 dB / 100 ms on

average. IFMCs are broad (average depth of only 3 dB), not v-

shaped and seem to follow the shape of the absolute threshold line,

which implies absent frequency selectivity.

Effect of the algorithm on the impaired hearing profile

Aided hearing profiles were predicted by the model of

impaired hearing in order to investigate the effect of the BioAid

algorithm on hearing profiles. Each component in BioAid mimics a

specific functional element of the auditory system. In the impaired

model, these elements are dysfunctioning. A systematic, step-wise

introduction of each component in BioAid was chosen to assess the

effect on the hearing profiles of the composite aid-model system.

The effect of gain

Figure 3(C) shows the hearing profile of the impaired model using

the hearing-aid algorithm to provide linear gain only (without any

compression or DFAC-processing). A within-channel gain of 45 to

50 dB was used (see gain values in the ‘impaired computer model’

column of Table S1). Compared to the unaided profile (Figure 3B),

this within-channel gain shifts all curves (absolute thresholds,

TMCs, and IFMCs) down by 45 to 50 dB without changing the

shape of the IFMCs or TMCs. In other words, although absolute

thresholds are now near-normal, IFMCs and TMCs show still the

same characteristics as in the unaided profile (Figure 3B). Only at

the very high-frequency end the 8-kHz IFMC is bent towards higher

levels. This is due to the roll-off of 12 dB per octave of the upper-

most half-octave-wide (8-kHz center frequency) hearing-aid filter.

The effect of gain and instantaneous compression

Figure 3(D) shows the aided hearing profile of the impaired model

with instantaneous compression in addition to the gain described

above. The compression threshold was chosen to be about 10 dB

above the aided absolute threshold (the ‘impaired computer model’

column of Table S1 without the DFAC-processing parameters

shows all chosen parameters). This means that low-level signals that

Figure 3. A: hearing profile of the model of normal hearing, B: hearing profile of the impaired model, C–E: aided hearing profiles of the

impaired model shown to qualitatively approach a normal hearing profile (A) as different components are added to the BioAid pre-

processing. Masker thresholds above the maximum allowed level of 103 dB are not shown.
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are used for determining the absolute threshold are not compressed.

Thus, aided absolute thresholds are almost identical to the aided

absolute thresholds in the Figure 3(C). TMCs are found to be much

steeper (on average 100 dB/100 ms) than with the gain-only

hearing-aid processing (on average 22 dB/100 ms, Figure 3B).

This also results in some masker levels that exceed the maximum

allowed level of 103 dB SPL. The asymmetry of the very slightly

rising IFMCs in the unaided impaired model (cf. Figure 3B)

intensifies, which lets the IFMCs appear diagonal. The slight rise of

IFMCs with frequency produced by the unaided impaired model is

accompanied by the model’s absolute thresholds slightly rising

with frequency, which originates in the outer- and middle-ear filter

of MAP.

The effect of gain and DFAC-processing

Figure 3(E) shows the aided hearing profile of the impaired model

with gain and DFAC-processing. The parameters used here are

specified in the ‘impaired computer model’ column of Table S1

(without the compression threshold). Absolute thresholds remain

unchanged compared to the profiles 3B, 3C, and 3D. In Figure 3(E),

TMCs are slightly less steep than in profile 3D (instantaneous

compression-only setting), but shifted towards lower masker levels.

IFMCs are v-shaped rather than being flat or diagonal as in the other

panels of the impaired model. The depth of the IFMCs is on average

15 dB, thus close to the IFMC depth of a normal-hearing listener

(between 11 and 27 dB, from Lecluyse et al, 2013)3. Thus, this

setting makes the aided profile look closer to a normal-hearing

profile (Figure 3A).

The effect of gain, instantaneous compression, and DFAC

Enabling gain, instantaneous compression and DFAC in Figure 3F

results in TMCs that are almost as steep (on average 63 dB / 100 ms)

as those observed in normal-hearing listeners (on average 72 dB /

100 ms, from Panda et al, 2014). Especially masker levels at long

temporal gaps are higher than, e.g. in Figure 3(E). As in

Figure 3(E), the depth of the IFMCs is on average 15 dB, thus

close to the IFMC depth of a normal-hearing listener. Thus, also this

setting of BioAid produces a profile even closer to a normal-hearing

profile than with gain and DFAC-processing only (Figure 3E), since

TMCs are found steeper and thus closer to normal.

Exploration with hearing-impaired listeners

The sections above showed that the BioAid algorithm moved key

features of the hearing profile of the impaired computer model

closer to normal values. To demonstrate that a similar effect is

obtained in the profiles of human listeners, aided and unaided

profiles of three impaired listeners were measured.

Unaided hearing profiles of listeners IH10, IH05, and IH67 are

shown in the top row of Figure 4 (A–C). Although the listeners have

significantly different hearing profiles, a general pattern of raised

thresholds, broader IFMCs, and shallower TMCs is apparent

compared to a normal-hearing profile (cf. Figure 3A). Listener

IH10 (Figure 4A) shows uniformly raised absolute thresholds (mean

of 62 dB SPL across frequencies) and IFMCs that are wider than

normal (on average 8-dB depth). Measured TMCs are straight

and relatively steep (on average 54 dB / 100 ms). Listener IH05

(Figure 4B) has a sloping audiometric loss, which manifests itself in

absolute thresholds that rise at higher frequencies. Broad IFMCs

(on average 5 dB depth) and shallow TMCs (on average

32 dB/100 ms) can be observed at all frequencies. Listener IH67

(Figure 4C) shows absolute thresholds rising steeply above 2 kHz.

IFMCs are only slightly wider than normal (on average 18 dB

depth), even in the frequency region where the hearing loss is

considerable (at 4 kHz, 15 dB depth). TMCs are relatively steep

across all frequencies (45 dB / 100 ms).

Aided profiles showed considerable changes (Figure 4, bot-

tom row D–F) compared to unaided profiles (A–C). Listener

IH10’s (Figure 4D) absolute thresholds are low (on average

25 dB SPL, bottom continuous lines); Aided IFMCs (on

average 23 dB depth) are sharper than unaided IFMCs; Aided

TMCs (top subpanels, on average 75 dB / 100 ms) are steeper than

unaided TMCs. Similar results were found in the aided profile of

IH05 (Figure 4E). Absolute thresholds are flat and lower (on

average 19 dB); aided IFMCs are sharper at 2 kHz (with a depth of

10 dB) and 4 kHz (with a depth of 8 dB). Aided TMCs at 2 kHz

(46 dB / 100 ms) and 4 kHz (46 dB / 100 ms) are steeper than

unaided TMCs; however, for both TMCs and IFMCs there are no

systematic changes at 0.5 and 1 kHz, i.e. in frequency regions with

only mild impairment. Finally, the aided hearing profile of listener

IH67 (Figure 4F) also changes qualitatively compared to the

unaided profile: Aided absolute thresholds are low (on average

17 dB SPL)4. Aided TMCs (on average 63 dB / 100 ms) are steeper

than unaided TMCs, especially at 4 kHz (76 dB / 100 ms). Aided

IFMCs at 2 kHz (41 dB depth) and 4 kHz (28 dB depth) are sharper

than the unaided 2 and 4 kHz IFMCs. There are no systematic

changes at 0.5 and 1 kHz, where IH67 does not show hearing

impairment.

In summary, all hearing profiles measured with BioAid prepro-

cessing show low absolute thresholds in agreement with the gain

settings individually used. Furthermore, when compared with

unaided hearing profiles, these aided hearing profiles show TMCs

with steeper average slopes and IFMCs that are deeper when

quantified by the IFMC depth measure, especially in those frequency

regions where hearing loss is considerable. These changes are in

qualitative agreement with the predictions of the impaired model

(Figure 3B), when using BioAid with instantaneous compression and

DFAC (Figure 3F).

Discussion

The present study has explored the impact of a physiologically-

inspired hearing-aid algorithm on the hearing profiles of a computer

model of impaired hearing and of human listeners.

Model of normal and impaired hearing

The profile generated from the model of normal hearing shows all

key characteristics of normal-hearing listener’s profiles reported in

Panda et al (2014, see their Figure 1). These include steep TMCs,

sharp IFMCs, and low absolute thresholds. Eliminating the

nonlinear DRNL path, as in the model of impaired hearing used

here, produces a relatively simple detector for the respective target

signal, because this model contains neither instantaneous compres-

sion nor the MOC feedback loop. The effects on the hearing profile

are uniformly raised absolute thresholds (by about 55 dB), shallow

TMCs and broad IFMCs. The impaired model used here is that of a

hypothetical impaired listener with total and pure absence of

basilar membrane compression along the entire cochlea array. Such

a hearing profile is not uncommon as a consequence of
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sensorineural hearing impairment, as Tan et al (2013) showed with

hearing profiles averaged over several impaired listeners (see their

Figure 2) and Panda et al (2014) with profiles of single listeners (see

their Figure 2). The consequences of the missing nonlinear DRNL

path in the model are threefold: (1) the nonlinear DRNL path

dominates at low input levels in the normal model, thus amplifying

these levels. In the model of impaired hearing only the linear

DRNL path remains, which has a gain conversion factor that is

20�log10(50000/100)¼ 54 dB smaller than that of the nonlinear

path. (2) The nonlinear DRNL path contains a broken-stick

compression, which reduces its gain at higher input levels (i.e.

compresses the output). Absence of compression means that a

smaller increase in input level is sufficient to reach the same

increase in output level. Thus, the rate at which masker thresholds

increase with temporal gap is shorter, causing flat TMCs. This is in

line with predictions of Lopez-Poveda and Meddis (2001), who

showed that the DRNL filter could be used to mimic mechanical

cochlear hearing loss5 by reducing the gain conversion factor. (3)

The filter bandwidths in the nonlinear DRNL path are narrower

than in the linear path, partially accounting for the broader

frequency selectivity in the impaired model.

Effect of gain

Using BioAid with gain-only settings as preprocessing to the

impaired model lowered all absolute thresholds by the same amount

of gain attributed to the respective frequencies (45 to 50 dB).

Additionally to lowering absolute thresholds, TMCs and IFMCs

were shifted vertically by 45 to 50 dB compared to the unaided

impaired profile. The shape of the TMCs and IFMCs remained

unchanged from the unaided impaired profile. A normalization

of the profile was thus not achieved by giving gain only. For a real

listener gain-only would make low-level sounds audible at the

potential expense of amplifying high-level sounds beyond uncom-

fortable levels (cf. Dillon 2012).

Effect of gain and instantaneous compression

Adding instantaneous compression to gain-only setting (compare

Figure 3C and D) resulted in a ‘stretching’ of the ordinate for

masker levels above the compression threshold by a factor of 5:1

(i.e. the compression ratio used in BioAid). This means that a 5-dB

increase in BioAid input level results in a 1-dB increase of BioAid

output level. This is most noticeable in the TMCs which were

Figure 4. Unaided (A–C) and aided (D–F) hearing profiles of three hearing-impaired listeners.
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considerably steeper than in the unaided profile. Steep slopes of on-

frequency TMCs in human listeners have been attributed to the

amount of basilar membrane compression (cf. Plack et al, 2004).

Applying compression using the BioAid algorithm thus made the

aided TMCs appear normal or even steeper than normal.

Nevertheless, this was not the case for the IFMCs. Since unaided

IFMCs were asymmetrical and not v-shaped (Figure 3B), the

stretching of the ordinate resulted in an intensification of this

asymmetry. Application of instantaneous compression and gain

affected only those masker thresholds above the compression

threshold, resulting here in steeper high-frequency tails only.

Effect of gain and DFAC

The introduction of the DFAC-processing in addition to gain

(Figure 3E) produced steeper TMCs than without DFAC. This can

be attributed to the DFAC’s amplitude reduction of the masker:

The strength of the DFAC feedback loop increases with increasing

masker level above the DFAC threshold, resulting in stronger

amplitude reduction.

At longer temporal gaps, there is only a reduction of the masker

amplitude but not of the amplitude of the target, because the

temporal gap is long enough for the DFAC to ‘recover’

(the DFAC’s time constant is 50 ms). Because of the amplitude

reduction of the masker, higher masker levels can be tolerated until

they mask the target at longer temporal gaps. At shorter temporal

gaps, the DFAC reduces both masker and target amplitude, because

the DFAC attenuation is virtually unchanged over the 10-ms gap

between masker and target. The net effect is that masker thresholds

at short gap durations are slightly lower than with gain-only setting

(Figure 3C), while masker thresholds at long gap durations are

considerably increased. In summary, these effects lead to steeper

TMCs than with gain-only setting.

Aided IFMCs (Figure 3E and Figure 3F) were found to be

sharper than their unaided counterparts (Figure 3B) when using

the DFAC-processing. The within-channel processing, i.e. the

frequency selectivity of the DFAC-processing, is responsible for

this effect. For an on-frequency masker (i.e. the center-point of an

IFMC), both masker and subsequent target signal are located in

the same channel of BioAid and therefore equally attenuated by the

DFAC-processing. For an off-frequency masker (such as at the left

tail of the IFMC, i.e. one octave below the target frequency),

masker and target are located in different channels of BioAid. The

within-channel-process DFAC will thus attenuate the masker, but

not the target. This means that the target is better audible when

preceded by an off-frequency than by an on-frequency masker,

resulting in higher masker thresholds in the off-frequency condition.

This effect generated a v-shape of the IFMC. A visualization of the

DFAC’s effect on the time course of masker and target is shown in

the supplemental material (see Figure S1). This suggests that the

BioAid algorithm is able to provide the model with the improved

ability to distinguish signals at different frequencies. IFMCs (also

referred to in the literature as ‘psychophysical tuning curves’, PTCs)

have been used in various studies to estimate frequency selectivity

in normal hearing (e.g. Moore, 1978) and hearing-impaired listeners

(e.g. Moore & Alcantara, 2001). Some of these studies use the width

of a PTC as an estimate for the physiological or neural tuning, e.g.

in order to derive auditory filter shapes (Patterson, 1976; Oxenham

& Shera, 2003). The actual shape of the PTC, however, is level- and

paradigm-dependent (Eustaquio-Martin & Lopez-Poveda, 2011).

Throughout the present study the same experimental paradigm is

used in all conditions. However, BioAid’s DFAC introduces level-

changes to the target tone and the masker in such a way that

frequency selectivity seems to improve (measured using the forward

masking paradigm).

Effect of the combination of gain, DFAC, and instantaneous

compression

The aided profile of Figure 3F was the closest approximation of the

normal-hearing profile (Figure 3A). The introduction of instantan-

eous compression in addition to gain and DFAC (Figure 3F)

changed particularly the steepness of the TMCs in comparison to

Figure 3E. The masker levels of TMCs for long temporal gaps were

higher than BioAid’s compression threshold, thus the masker was

compressed. This means that higher input masker levels were

required to reach the same output. In comparison to the setting with

DFAC and gain (Figure 3E), TMCs were thus steeper. IFMCs were

not affected in comparison to Figure 3E, because the masker levels

involved were below the instantaneous compression threshold.

Application of compression and the function of an absent

ipsilateral MOC feedback loop (separate or combined) in the

hearing-aid algorithm thus partly restored v-shaped IFMCs. This

finding is also supported by the literature: Concerning compression,

Eustaquio-Martin and Lopez-Poveda (2011) argued that a re-

introduction of compression to a (partly) linearized cochlea will

sharpen PTCs. Concerning the MOC, Jennings et al (2012) found

that the MOC (triggered by a precursor) is involved in controlling

the shape of PTCs also in normal-hearing listeners. In the same

direction, Aguilar et al (2013) found that a contralaterally-triggered

MOC affects the shape of PTCs. Triggering either ipsilaterally

(using a precursor) or contralaterally (using continuous noise as

in Aguilar et al, 2013) the MOC in these two studies resulted in

broader PTCs, which might be explained by (partly) linearizing the

cochlear response. Thus, without triggering the MOC (i.e. with full

MOC functionality for the PTC stimuli), PTCs were found relatively

sharp, and with triggering the MOC, broader PTCs were found.

Similarly in the current study, introducing the DFAC (as preprocess-

ing for the impaired model with absent MOC-reflex) re-introduced

partly the sharpness of the IFMCs.

Apart from gain, none of the other additional hearing-aid

algorithm processing stages changed the absolute thresholds in the

simulated hearing profiles. However, the effects of instantaneous

compression and DFAC were substantial with respect to the supra-

threshold characteristics of the hearing profile (TMCs and IFMCs),

which would be expected to influence how an aid user copes with

most of the ecologically relevant sounds.

Exploration with hearing-impaired listeners

Using BioAid as a preprocessing algorithm with three human

listeners improved their hearing profiles qualitatively in the same

way as the impaired model predicted. This qualitative match was

found particularly in those frequency regions where the listener’s

hearing impairment was strongest. This supports the idea that

predictions generated by a computer model create reasonable

expectations also for the hearing-aid algorithm’s effect on actual

listeners. Effects of the algorithm were positive for the listeners,

because, e.g. steeper TMCs rendered the listener less susceptible to

the negative effects of forward masking. In other words: the steeper

the TMC, the greater the energetic requirement of a sound with a

given precedence to mask subsequent information. Similarly, a
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sharper IFMC (higher thresholds off-center-frequency) renders a lis-

tener less susceptible to the negative effects of off-frequency masking.

Frequency-selectivity and compression measurements should thus be

routinely monitored in hearing-impaired listeners, which will give

more insight into the nature and effect of impairment in the individual

listener (Meddis et al, 2010). The present study suggests that hearing-

aid algorithms can be designed to address suprathreshold deficiencies

directly. The cases which did not show improvement in aided

condition (e.g. TMCs for IH05 at 0.5 and 1 kHz, or IFMCs for IH67

at 0.5 and 1 kHz) can be explained by the mild hearing impairment of

these listeners at these frequencies, which was aided by virtually

linear processing in BioAid (almost gain-only).

The approach for algorithm exploration used in the current study

is not restricted to the currently used algorithm. Other, more

conventional multichannel dynamic compression algorithms would

possibly show a similar restoration effect on hearing profiles if

time constants and the compression strength were comparable to

those used in BioAid in the current study. For TMCs, attack time

constants would need to be short such that the response to the

masker is considerably reduced over its time course, while release

time constants should be long enough such that a reduction of the

target is still present for short, but not for long temporal gaps. For

IFMCs, the within-channel architecture of most algorithms would

similarly be able to reduce the amplitude of an off-frequency

masker, while leaving the on-frequency target virtually unchanged

(if the target level is below the compression threshold and time

constants are chosen as in BioAid). Therefore, a similar study can

be conducted with any other hearing-aid algorithm, even those

algorithms, which are ‘black box’, i.e. whose processing is unknown.

Limitations of the current approach

Designing specific models that match to the individual listeners (as

done by Panda et al, 2014) was not the focus of this study for two

reasons: (1) Hypotheses about the individual pathology would need

to be made in terms of producing a predicted profile that is similar

to the listener’s profile (as Panda et al, 2014 showed). However,

such a hypothesis may not be the only one leading to the targeted

profile and a definitive confirmation of a hypothesis is limited given

the inaccessability of the inner ear. This is a current limitation of the

approach, which needs to be addressed by establishing better links

between diagnosis and models (Dubno et al, 2013). (2) Pathologies

in individual listeners can be quite complex, as temporal bone

analyses shows (Halpin & Rauch 2009). Thus, also individual

models would need to reflect this complexity, which would then

interfere with the effect of different stages of the hearing-aid

algorithm to be investigated. Since the focus of the current study

was to evaluate an algorithm and not the complexity of a model, an

approach was preferred of using a relatively simple, yet still

realistic, model of hearing impairment.

While the aided hearing profiles of the listeners appear similar to

normal hearing profiles, this does not necessarily mean that normal

auditory processing is restored in all detail. The psychoacoustic

hearing profile (Lecluyse et al, 2013) provides considerably more

information than the audiogram alone. However, it may not reflect

the listener’s performance in more complex acoustical situations,

e.g. for speech in noise. It is currently unclear if the part-restoration

of, e.g. frequency selectivity due to the DFAC improves the

separation of speech and noise. The frequency selective mechanism

of the DFAC outlined above can only achieve an enhancement of

spectral contrast between speech and noise if they consist of

distinctly different spectral content, which is not the case, e.g. for

speech in babble noise. However, the separation of speech in noise

might still be improved by DFAC-processing within each channel

(especially at positive signal-to-noise ratios), because the auditory

model used as a blueprint for the DFAC has shown better speech

discriminability with than without efferent processing enabled

(Clark et al, 2012). It should thus be tested if this reflects in better

speech intelligibility in noise for hearing-impaired listeners, despite

the evidence (e.g. Lopez-Poveda, 2014) that supra-threshold hearing

deficits may be more due to impaired temporal processing abilities

than due to impaired cochlear mechanical deficits (which the

current study intends to restore).

The findings with regards to improvements in frequency

selectivity agree with Jennings et al (2012) and Aguilar et al

(2013). Nevertheless, it is possible that this improvement is

only restricted to the particular assessment paradigm used in the

current study, i.e. forward masking using sinusoidal tones for

both masker and target. Further studies should investigate this issue

by testing the proposed hearing-aid algorithm with measures of

frequency selectivity using alternative masking paradigms (such as

simultaneous and forward masking) with notched-noise (Patterson,

1976) or constant broadband noise (Nelson et al, 1990; Leek &

Summers, 1993).

It is currently not clear if a methodology for the choice of

individual hearing-aid algorithm parameters, such as aiming at

restoring a normal-appearing hearing profile, would be the best way

to optimize signal processing for the respective listener. Optimum

algorithm settings for the normalization of a hearing profile may not

coincide with optimized settings for speech intelligibility and

overall sound quality for the listener. Parallels can be drawn here to

the discussion whether or not normal loudness restoration should be

a beneficial goal for a hearing aid to provide best speech

intelligibility or comfort (cf. Byrne et al, 2001; Smeds, 2004;

Smeds et al, 2006a,b). Loudness restoration as a goal has largely

been abandoned by the most widely used fitting formulae today.

Thus, further studies are needed in order to investigate which may

be an optimal hearing profile to aim for using this hearing-aid

evaluation approach. After establishing such rules, the optimization

process of hearing-aid signal processing for models and listeners

could be automated.

Conclusions

The current study is a first step to show that a computer model of a

hearing-impaired listener can be used to evaluate a physiologically-

inspired hearing-aid algorithm.

Effects on a psychoacoustic hearing profile were found using a

computer model of impaired hearing mimicking complete loss of

cochlear compression. These effects comprise of lower absolute

thresholds, steeper compression, and sharper frequency selectivity

estimates. The parameters of the BioAid algorithm can be chosen in

such a way that the resulting aided profile is closer to a normal-

hearing profile. Qualitatively similar effects on hearing profiles

were found using the algorithm with three hearing-impaired

listeners, which indicates that the model predictions create reason-

able expectations.
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Notes

1. www.bioaid.org.uk, last visited 25 November 2015.
2. No hard level limiter was used in the current hearing-aid algorithm

implementation. A level limit was given by the psychoacoustic
procedures (103 dB SPL).

3. Interestingly, the right-hand tail of an IFMC, which shows already
high masker levels even when introducing gain and compression
only (Figure 3, D), is not changed much under the additional
influence of the MOC-processing. This is due to the fact that the
masker level here is already above the compression threshold.
Above the compression threshold even a substantial attenuation
due to the MOC-processing of the input level is mapped only to a
small (compressed) attenuation of the output level. This effect
‘neutralizes’ the effect of the MOC-processing on the right-hand
tail of an IFMC.

4. The absolute threshold at 8 kHz was not restored for IH67 due to
insufficient gain in the 8 kHz hearing-aid algorithm channel (which
was requested by this listener).

5. Lopez-Poveda and Meddis (2001) already anticipated that the
DRNL model could be used to design or test hearing-aid
algorithms.
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Johannesen P.T., Pérez-González P. & Lopez-Poveda E.A. 2014. Across-

frequency behavioral estimates of the contribution of inner and outer

hair cell dysfunction to individualized audiometric loss. Front Neurosci,

8, 1–17.

Jürgens T., Ewert S.D., Kollmeier B. & Brand T. 2014. Prediction of

consonant recognition in quiet for listeners with normal and impaired

hearing using an auditory model. J Acoust Soc Am, 135, 1506–1517.

Lecluyse W. & Meddis R. 2009. A simple single-interval adaptive procedure

for estimating thresholds in normal and impaired listeners. J Acoust Soc

Am, 126, 2570–2579.

Lecluyse W., Tan C.M., McFerran D. & Meddis R. 2013. Acquisition

of auditory profiles for good and impaired hearing. Int J Audiol, 52,

596–605.

Leek M.R. & Summers V. 1993. Auditory filter shapes of normal-hearing

and hearing-impaired listeners in continuous broadband noise. J Acoust

Soc Am, 94, 3127–3137.

Lopez-Poveda E.A. & Meddis R. 2001. A human nonlinear cochlear

filterbank. J Acoust Soc Am, 110, 3107–3118.

Lopez-Poveda E.A. 2014. Why do I hear but not understand? Stochastic

undersampling as a model of degraded neural encoding of speech. Front

Neurosci 7, 124, 1–13.

Meddis R. & O’Mard L.P. 2005. A computer model of the auditory-nerve

response to forward-masking stimuli. J Acoust Soc Am, 117, 3787–3798.

Meddis R. 2006. Auditory-nerve first-spike latency and auditory absolute

threshold: a computer model. J Acoust Soc Am, 119, 406–417.

Meddis R., Lecluyse W., Tan C.M. & Panda M.R. 2010. Beyond the

audiogram: identifying and modelling patterns of hearing deficits. In The

Neurophysiological Bases of Auditory Perception (Springer, New York),

631–640.

Meddis R., Clark N.R., Lecluyse W. & Jürgens T. 2013. BioAid: ein

biologisch inspiriertes Hörgerät (BioAid: a biologically-inspired hear-

ing aid), 52, 148–152.

Moore B.C. 1978. Psychophysical tuning curves measured in simultaneous

and forward masking. J Acoust Soc Am, 63, 524–532.

Moore B.C. & Alcantara J.I. 2001. The use of psychophysical tuning curves

to explore dead regions in the cochlea. Ear Hear, 22, 268–278.

Nelson D.A., Chargo S.J., Kopun J.G. & Freyman R.L. 1990. Effects of

stimulus level on forward-masked psychophysical tuning curves in quiet

and in noise. J Acoust Soc Am, 88, 2143–2151.

Oxenham A.J. & Shera C.A. 2003. Estimates of human cochlear tuning at

low levels using forward and simultaneous masking. J Assoc Res

Otolaryngol, 4, 541–554.

Panda M.R., Lecluyse W., Tan C.M., Jürgens T. & Meddis R. 2014. Hearing

dummies: Individualized computer models of hearing impairment. Int J

Audiol, 53, 699–709.

Plack C.J., Drga V. & Lopez-Poveda E.A. 2004. Inferred basilar-membrane

response functions for listeners with mild to moderate sensorineural

hearing loss. J Acoust Soc Am, 115, 1684–1695.

Patterson R.D. 1976. Auditory filter shapes derived with noise stimuli. J

Acoust Soc Am, 59, 640–654.

Russell I.J. & Murugasu E. 1997. Medial efferent inhibition suppresses

basilar membrane responses to near characteristic frequency tones of

moderate to high intensities. J Acoust Soc Am, 102, 1734–1738.

Shamma S.A., Chadwick R.S., Wilbur W.J., Morrish K.A. & Rinzel J. 1986.

A biophysical model of cochlear processing: intensity dependence of

pure tone responses. J Acoust Soc Am, 80, 133–145.

Smeds K. 2004. Is normal or less than normal overall loudness preferred by

first-time hearing aid users? Ear Hear, 25, 159–172.

Smeds K., Keidser G., Zakis J., Dillon H., Leijon A., et al. 2006. Preferred

overall loudness. I: Sound field presentation in the laboratory. Int J

Audiol, 45, 2–11.

356 T. Jürgens et al.

D
ow

nl
oa

de
d 

by
 [

U
ni

ve
rs

ity
 o

f 
O

ld
en

bu
rg

 I
B

IT
] 

at
 1

0:
19

 2
1 

A
pr

il 
20

16
 



Smeds K., Keidser G., Zakis J., Dillon H., Leijon A., et al. 2006. Preferred

overall loudness. II: Listening through hearing aids in field and

laboratory tests. Int J Audiol, 45, 12–25.

Sumner C.J., Lopez-Poveda E.A., O’mard L.P. & Meddis R. 2002. A revised

model of the inner-hair cell and auditory-nerve complex. J Acoust Soc

Am, 111, 2178–2188.

Sumner C.J., Lopez-Poveda E.A., O’mard L.P. & Meddis R. 2003.

Adaptation in a revised inner-hair cell model. J Acoust Soc Am, 113,

893–901.

Tan C.M., Lecluyse W., McFerran D. & Meddis R. 2013. Tinnitus

and patterns of hearing loss. J Assoc Res Otolaryngol, 14, 275–282.

Vlaming M. et al. 2011. HearCom: Hearing in the Communication Society.

Acta Acustica/Acustica, 97, 175–192.

Yasin I., Drga V. & Plack C.J. 2013. Estimating peripheral gain and compression

using fixed-duration masking curves. J Acoust Soc Am, 133, 4145–4155.

Zilany M.S. & Bruce I.C. 2006. Modeling auditory-nerve responses for high

sound pressure levels in the normal and impaired auditory periphery.

J Acoust Soc Am, 120, 1446–1466.

Hearing-aid algorithm exploration using a computer model 357

D
ow

nl
oa

de
d 

by
 [

U
ni

ve
rs

ity
 o

f 
O

ld
en

bu
rg

 I
B

IT
] 

at
 1

0:
19

 2
1 

A
pr

il 
20

16
 


	Exploration of a physiologically-inspired hearing-aid algorithm using a computer model mimicking impaired hearing
	Methods
	Results
	Discussion
	Conclusions
	Acknowledgements
	Notes
	Declaration of interest
	References


