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ABSTRACT

Binaural hearing is essential to understand speech in noisy environments and to determine the location of sound
sources. This article discusses various signal processing strategies aimed at improving these aspects of hearing in people
using hearing AIDS and cochlear implants. Two binaural and bio-inspired strategies developed by the university of sala-
manca are described, the so-called ‘moc strategy’ and an algorithm for canceling contralateral sounds. It is shown that
these strategies can significantly improve speech intelligibility in noise for some spatial configurations of sound sources,
without impairing their location. Despite these and other promising advances in improving the effectiveness of hearing
AIDS and cochlear implants, the hearing achieved by people with hearing loss is still far from equal to that of a person

with normal hearing. This makes further research in this field necessary.
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1. Introduction

The simultaneous use of two ears is essential in
human hearing. Our brain is able to analyze the dif-
ferences between the sounds captured by each ear
and extract from them clues that are used, for exam-
ple, to improve speech intelligibility in noisy envi-
ronments or to localize sound sources.

This ability is usually impaired in people with
hearing loss and the use of hearing aids or hearing
implants, far from restoring it, alters it to a greater
extent™, To solve this problem, research is being
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conducted on sound processing strategies that can re-
store binaural cues in hearing aid users.

In this article, some of these strategies are de-
scribed, emphasizing those developed by the Com-
putational and Psychoacoustic Hearing laboratory of
the University of Salamanca.

2. The human auditory system

The functioning of the healthy ear, described
very succinctly, is as follows. Sound waves reach the
pinna and travel through the external auditory canal
until they vibrate the eardrum. This vibration is
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Binaural hearing and the use of hearing aids and cochlear implants

transmitted by the chain of ossicles of the middle ear
to reach the oval window, a membrane that covers
the entrance of the cochlea. The oval window, the be-
ginning of the inner ear, is thus subjected to mechan-
ical vibrations that generate a pressure difference be-
tween it and the round window, a membrane located
at the other end of the cochlea. These pressure differ-
ences displace the organ of Corti and thus the cilia of
the hair cells present in it. The displacement of the
cilia causes an electrical depolarization of the hair
cells which is ultimately responsible for the emission
of action potentials by the neurons of the auditory
nerve, thus transforming sound into neuronal ‘fir-
ings’. These firings ascend from the nerve to the au-
ditory cerebral cortex via what is known as the affer-
ent pathway, passing through different neuronal
nuclei in the brain.

Left cerebeal hemisteria Right brain hemisphere
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Figure 1. Activation pathways of efferent fibers responsible for
the ipsilateral (blue) and contralateral (red) MOCRSs in the right
cochlea. Red illustrates how afferent (ascending) fibers from
the left cochlea carry neural signals to the posteroventral coch-
lear nucleus (PVCN), which in turn transmits them to the ven-
tral nucleus of the trapezoid body (VNTB) on the right side of
the brain and from there to the right cochlea. Blue illustrates
how afferent fibers from the right cochlea carry signals to the
left-sided VNTB and from there to the right-sided cochlea. fig-
ure adapted from[?,

There is also, however, a descending pathway
(or efferent pathway) that connects the auditory neu-
ronal nuclei of the brain with the cochlea, allowing
the auditory brain to control the mechanical vibra-
tions of the organ of Corti dynamically during listen-
ing. In other words, the auditory brain does not
merely receive and interpret the acoustic stimuli it
receives, but controls, to some extent, how these

sounds are received.

An example of this efferent control is the medial
olivocochlear reflex, or MOCR. There are two bun-
dles of nerve fibers connecting the neurons of the
ventral nuclei of the trapezoid body (VNTB) of both
cerebral hemispheres with the outer hair cells of the
same cochlea (Figure 1). The efferent fibers termi-
nating in one cochlea can be activated by sounds
picked up by the same ear (ipsilateral sounds)
and/or by sounds picked up by the opposite ear (con-
tralateral sounds). Since activation by sound is invol-
untary (reflex), the activation of olivocochlear fi-
bers by ipsilateral and contralateral sounds is
referred to as ipsilateral and contralateral MOCR, re-
spectively.

Activation of the MOCR inhibits (reduces) the
displacement of the organ of Corti, making a more
intense sound stimulus necessary to elicit the same
displacement of the organ of Corti. The fact that the
sound received in one ear inhibits the displacement
of the organ of Corti of the opposite ear could en-
hance the binaural cues generated by the head, in par-
ticular, the interaural difference in intensity.

% “p

Figure 2. Representation of the paths that the sound wave trav-
els to reach each ear (left) and the attenuation produced by the
shadow effect of the head (right). The sound arrives earlier and
more intensely to the left ear than to the right ear, generating in-
teraural differences in time and intensity.

3. Binaural hearing

The fact that the head is located between the
two ears causes it to function as an acoustic barrier
for sound reception in the ear contralateral to the
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sound source (Figure 2). Thus, the sound pro-
duced by a sound source located outside the sagittal
plane of a listener (the imaginary plane that divides
the human body into two approximately symmetrical
halves on the left and right) will reach each of his
ears with different intensities and spaced over a time
span. These differences are known as interaural dif-
ferences.

The interaural time difference is the interval
elapsed from the time the acoustic wave front is re-
ceived by the ear closest to the sound source until it
is received by the ear farthest away. This time differ-
ence also means that the phase with which the sound
wave reaches each ear can be different. On the other
hand, the interaural intensity difference is defined as
the difference in the sound level of the same signal
received in both ears. This intensity difference is
caused by the acoustic ‘shadow’ that the head exerts
especially for high-pitched sounds that diffract worse
around the head.

The existence of these cues, as well as
the brain’s ability to process them binaurally, are es-
sential for performing such everyday auditory tasks
as, for example, locating sound sources in space or
carrying on a conversation in noisy environmentstl,

3.1. Spatial location of sound sources

Interaural differences in time and intensity are
essential clues that our brain uses to know where the
sources emitting the sounds we hear are located. For
low-pitched sounds (frequencies < 1,500 Hz), the in-
teraural time differences are large enough for
the brain to take advantage of them. However, to de-
termine the position of sources emitting high-pitched
sounds (frequencies > 1,500 Hz), our brain primarily
uses interaural differences in intensity, as these
sounds are more effectively attenuated by the head
shadow effect. It is worth mentioning that, although
with limitations, humans can also determine the
place of origin of sounds emitted from the sagittal
plane. To do so, we detect variations in the sound

wave caused by acoustic reflections in the ear folds ..

3.2. Intelligibility in noisy environments

Hearing with two ears is advantageous when we
want to understand what one person (which we will
call “signal’) is saying to us while another person
(which we will call ‘noise’) is talking at the same
time. In these situations, the signal and the noise are
usually located in front of us, but on different sides
of our head. Let’s say the signal is on the left, while
the noise is on the right. In such situations, the head
shadow effect causes the signal-to-noise ratio (SNR)
to be up to 15 dB higher at the ear closest to the sig-
nal®l. This helps to better understand the speaker of
interest by paying attention (unconsciously) to the
most favorable ear in each case, i.e., the ear that has
the best SNR. The phenomenon is known as “best
ear listening”.

The brain, however, not only takes advantage of
the information present in the more acoustically fa-
vorable ear. It also combines the sounds cap-
tured by both ears to further facilitate intelligibility.
Two phenomena attest to this: the ‘squelch effect’
and ‘binaural summation’. The squelch effect is the
improvement in speech recognition when listening
with two ears compared to listening only with the ear
closest to the source emitting the speech of interest
(the ear with the better SNR). Binaural summation is
the improvement in speech recognition when both
ears receive identical sounds compared to receiving
the same sound in only one ear. The squelch effect
can be interpreted as the brain using the ear closer to
the noise source to pick up the noise and subtract it
from the sound picked up by the better ear. Binaural
summation suggests that the brain is able to take ad-
vantage of redundant information present in both
earsf®,

4. Hearing aids

The alteration of any of the stages involved in
the acoustic-neural transduction process can cause
hearing loss, both by deteriorating the quality of the
signal that each ear is able to transmit to the brain,
and by altering the relationship between the signals
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transmitted by each ear, thus modifying the binaural
cues available to the brain.

These alterations can have origins as diverse as
middle ear stiffness (called conductive hearing loss),
hair cell loss or damage (called sensorineural hearing
loss), alterations in cochlear homeostasis (metabolic
hearing loss), etc. The number of factors involved in
hearing loss and the combinations that occur be-
tween them make this a complex problem for which
there are different treatments depending on the type
of loss.

Conductive losses can often be treated by med-
ication or surgery. However, when the loss is senso-
rineural or metabolic (the most common types of
age-related hearing loss), the usual treatment is the
use of assistive listening devices: hearing aids or
cochlear implants. Figure 3 shows the usual pre-
scription according to the degree of hearing loss:
hearing aids for moderate hearing loss and cochlear
implants for profound hearing loss.
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Figure 3. The audiogram represents the threshold sound level
for detecting pure tones of different frequencies relative to that
considered normal. The scale on the ordinate axis is inverted,
so that the higher the hearing loss, the lower the thresholds are
represented. In this figure the typical hearing aid prescription
according to the audiogram has been overprinted.

4.1. Hearing aids

Hearing aids are the most commonly used hear-
ing aids. They are electronic devices that amplify
sound at the entrance of the ear canal. Their basic
operation is as follows. A microphone picks up the
sound reaching the user’s ear, thus converting an
acoustic signal into an analog electrical signal which
is then digitized and transmitted to a digital signal
processor. This processor decomposes the signal into
frequency bands, and then modifies each of them ac-
cording to the hearing loss of each user and the am-
plification strategies with which it has been config-
ured. Finally, the processed signals are summed, and
the resulting signal is transformed back into an ana-
log electrical signal that is sent to a loudspeaker lo-
cated in the ear canal.

Once the hearing aid parameters have been set,
the hearing aid will amplify the sound picked up ac-
cording to its intensity and frequency, amplifying
sounds of lower intensity more and applying a differ-
ent amplification to each frequency channel accord-
ing to the user’s hearing loss.

In everyday life, the sound level of the waves
reaching the ears fluctuates continuously, so the am-
plification applied by a hearing aid varies constantly.
This variation is not instantaneous, as this would lead
to annoying distortions, but is applied progressively
over time (dynamic gain), giving rise to different
types of hearing aids according to their times of ac-
tion, i.e., according to the speed with which the am-
plification is modified!".

4.2. Cochlear implants

Cochlear implants began to be implanted about
60 years ago, managing to help people with profound
hearing loss and even restoring the sense of hearing
in completely deaf people. They work very differ-
ently from hearing aids. They do not amplify
sounds, but transform them into electrical impulses
that stimulate the user’s auditory nerve. The cochlear
implant is therefore a true artificial ear.

The first element of a cochlear implant is a mi-
crophone that picks up the sound reaching the pinna.
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The captured sound is digitized and transmitted to a
sound processing unit. This unit, depending on its
configuration and the characteristics of the captured
sound, transforms the corresponding digital signal
and then sends it to a coil that is attached to the
skull by a magnet. This coil communicates via radio
waves with a receiver implanted in the skull, thus
transmitting the information generated by the pro-
cessor without any physical contact between the
parts. The receiver, anchored to the bone and physi-
cally isolated from the outside of the skull, uses the
data and energy received by the coil to generate ap-
propriate electrical impulses, which are sent to the
cochlea via an electrode array (Figure 4). The elec-
trical impulses evoke action potentials in the user’s
auditory nerve and thus an auditory sensation.

The properties, placement and use of the elec-
trode array are of great importance, as there are mul-
tiple factors that can influence the degree and quality
of auditory rehabilitation, such as the number of
electrodes used, the interaction between the elec-
trodes, the correct frequency distribution to stimulate
different cochlear regions, etc.
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Figure 4. Diagram of the basic operation of a cochlear implant.
The signal collected by the microphone is separated into fre-
quency channels by a filter bank. The envelope of the output
signal from each filter is extracted by using a wave rectifier
(Rect) followed by a low pass filter (LPF). The envelope of
each frequency channel is then compressed using a NonLin
Map. This mapping serves to accommodate a wide dynamic
range of amplitudes to a narrower range of electrical currents
tolerated by the implant user. Finally, the compressed enve-
lopes are sampled with electrical pulses that are transmitted to
the corresponding electrode located in the user’s cochlea. figure
adapted from[®l,

The function of the cochlear implant is, in short,
to replace the functioning of the auditory receptor
system; that is, the system upstream of the nerve neu-
rons, which it stimulates directly, thus enabling

the brain to receive an electrical signal to interpret
the sound stimuli. The auditory perception will then
depend on the pattern of electrical charges transmit-
ted by the implant electrodes, the place within the
cochlea where these charges are delivered and the
frequency of electrical stimulation, that is, the num-
ber of pulses per second.

The use of hearing aids restores audibility of in-
audible sounds. Cochlear implants, on the other hand,
restore activity in the auditory nerve where it had dis-
appeared. Both factors (audibility and neural activity)
are essential for hearing. However, even the most
modern hearing aids are far from perfect. One of the
aspects to be improved is the fact that they often di-
minish their users’ access to binaural cues, which is
already impaired due to partial or total hearing loss®.

5. Research avenues

Despite the great revolution brought about by
the development and improvement of hearing aids
and cochlear implants, auditory rehabilitation by
means of prostheses is a complex process and there
is still much room for improvement. The hearing
sensation provided by these devices to their users is
far from normal hearing. A great deal of research
around the world focuses its efforts on trying to re-
duce these limitations by developing new technolo-
gies or refining existing ones. Some approaches are
described below!,

5.1. Amplification

Amplification is the foundation of hearing aid
rehabilitation, because getting sounds to a sound
level that is audible to the user is essential for, for
example, understanding speech. Speech that can-
not be heard cannot be understood.

Applying linear amplification, that is, increas-
ing the sound level of soft and loud sounds equally,
is not usually an appropriate solution, since hearing
impaired people usually have a reduced auditory dy-
namic range. That is, the range of intensities from the
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time they can detect a sound until they find it annoy-
ing is lower than normal (Figure 5).
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Figure 5. Comparison of the auditory dynamic range of people
with hearing loss versus people with normal hearing. The lower
curves show the hearing thresholds of hearing impaired (dotted
line) and normal hearing people (solid line). The upper curves
indicate the sound level at which sounds start to become annoy-
ing. The difference between the two levels (defined as the audi-
tory dynamic range) is narrower in people with hearing loss
than in those with normal hearing.

For this reason, most hearing aids amplify com-
pressively above a certain sound threshold (compres-
sion threshold), i.e., they amplify low intensity
sounds more and do so differently for different fre-
guency channels (different gains for different fre-
quency bands)®. Thus, WDRC (wide dynamic range
compression) systems, typically implemented today
in hearing aids, aim to restore the dynamic range in
each frequency band, so their adjustment must be
specific for each user™!,

Sometimes part of the hearing loss is caused by
the death of a cochlear region, which occurs when
the inner hair cells in an area of the organ of Corti
are lost or rendered useless. For these cases there are
frequency ‘reduction’ or ‘compression’ algorithms,
since the dead regions are usually those that respond
to high-frequency sounds. The strategy is to move
the information that should be represented in the
dead cochlear region to areas that would naturally
have a higher sensitivity to lower frequency

soundsft?,

In other cases, the inner hair cells have lost their
functionality over too large a region to apply fre-
guency reduction algorithms and it is more conven-
ient to apply electroacoustic stimulation (EAS)™,
These systems combine the operation of a hearing
aid with that of a cochlear implant, applying electri-
cal stimulation (via the implant) to represent the
high-frequency components of a sound and acoustic
amplification (via the hearing aid) for the low fre-
guencies.

5.2. Listening modes

One of the options available in hearing aids and
cochlear implants marketed today is the possibility
of varying the hearing aid configuration. These have
preset different listening modes designed for various
everyday situations such as speech recognition in
quiet or noisy environments, listening to music or
talking on the phone, etc. For each of them appropri-
ate values of relevant parameters such as gain, fre-
quency response or compression are set. Depending
on the device model these listening modes will be
manually selected by the user or automatically acti-
vated according to the received signal.

Other more current versions of this strategy are
not limited to a few listening modes, but optimize
their configuration for each particular listening situ-
ation. Places frequently visited by these users are ge-
otagged and associated with the configurations cre-
ated for them, being automatically activated when
returning to them4l,

5.3. Noise reduction strategies

One of the most frequent complaints from users
of hearing aids and cochlear implants is the difficulty
in following conversations in noisy environments,
which, for example, makes it difficult for them to
work in crowded places or to socialize in everyday
settings such as a coffee shop.
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Hearing impaired people have an impaired abil-
ity to recognize and understand speech when it is
presented at the same time as other masking signals,
whether these are other people speaking or other
types of noise. They benefit less from elements such
as the spatial separation between the signal and the
mask or from the pauses present in the masking
sounds than do normotensive individuals. In addition,
and notably, binaural information is distorted when
sound is processed through compressors or other
sound processing strategies that work independently
in each of the two ears.

A solution to this problem may lie in one of the
fundamental parts of how hearing aids work: Pro-
cessing strategies. These strategies determine how
each sound processor works to decide how the re-
ceived sound will be amplified (in the case of hearing
aids) or how the sound is encoded into a pattern of
electrical impulses (in the case of cochlear implants).
Numerous strategies exist for designing such pro-
cessing to improve speech recognition. Some are de-
signed to work with a single microphone and others
are designed to work with multiple microphones.

Single-microphone solutions

Single-microphone noise reduction strategies
rely on detecting and exploiting differences between
the acoustic characteristics of the signal and the noise
that the processors are able to use to amplify the sig-
nal of interest and attenuate the noise.

When the signal and mask spectra do not coin-
cide, SNR can be improved by filtering the captured
information at different frequencies. In the case of
traffic noise (which is low frequency), for example,
it would be sufficient to apply a high-pass filter so
that, by reducing the intensity of the information at
low frequencies, the noise would be attenuated, ob-
taining a better SNR. Unfortunately, there are few
listening situations where the noise is easily separa-
ble from the signal by means of a simple filter.

Other strategies base their operation on the de-

tection of modulation changes. Since speech is char-
acterized by amplitude modulations of about 4 Hz,
these processors continuously analyze the spectrum
of the captured signal by frequency bands. If a band
is found to be dominated by typical speech modula-
tions, it will be amplified; otherwise, little or no am-
plification will be applied to that channel. These
strategies are quite effective against stationary noise.
However, often the masking sound is also speech, so
the modulation spectrum of the signal and the noise
will overlap to a large extent. This is the case, for
example, in a coffee shop, where the noise that
makes it difficult to understand the conversation with
a speaker is actually other people talking simultane-
ously at nearby tables. In these cases little or no ben-
efit on SNR will be achieved through modulation
analysist*®l,

Another single microphone solution, present in
some current devices, consists of detecting the
pauses in speech and using them to estimate which
part of the captured signal is of interest, subtracting
the rest. Signal (and noise) estimation is performed
constantly to adapt the system to acoustic changes in
the environment. More recent strategies include deep
learning methods to refine these calculations!*®l.

Multi-microphone solutions

There are, on the other hand, processing strate-
gies based on the availability of information cap-
tured by more than one microphone. Some of them
start from the assumption that, as usual, the signal
and noise sources will be in different spatial posi-
tions and seek to create directionality patterns that
amplify the signal coming from a certain direction
while attenuating the rest (Figure 6)17,

Two microphones are sufficient to create some
of these directionality patterns. In the most basic case,
one microphone will be focused toward the back
hemisphere of the head, while the other will be fo-
cused toward the front. Since we normally face the
person with whom we are conversing and look to-
wards them, the signal that will be delivered to the
hearing aid user will be the amplification of the result
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of subtracting the ‘back signal’ from the ‘front sig-
nal’, thus improving the representation of everything
that emits sound in front of the listener.

These strategies, known as beamformers, reach
much higher degrees of complexity, using multiple
microphones to create more complex and defined di-
rectionality patterns, even connecting the infor-
mation obtained in the microphones of different
ears®, or including algorithms to adapt the direction
of the pattern in changing environments according to
various factors such as the properties of the signal
captured at each location, the direction in which the
listener directs the gaze, etc.
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Figure 6. Some of the directionality patterns that beamformers
can achieve and the spatial configurations of signal and noise
for which they would be appropriate.

Binaural versus monaural solutions

Multi-microphone solutions can be applied in a
single device, provided that the device has multiple
microphones. In this way, speech intelligibility
can be facilitated for people using a single hearing
aid or cochlear implant. These are therefore monau-
ral solutions.

The development of technology capable of ex-
changing information between devices wirelessly
has led to the development of research avenues that
seek to relate the functioning of the sound processors
present in each ear. In these cases, the operation of
each of the processors will depend on the infor-
mation captured by all the microphones available in
the hearing aids in both ears. These approaches, in
which the processors in the two devices will no
longer operate independently but in a linked or cou-
pled manner, are referred to as binaural processing

strategies.

In the case of hearing aids, the most basic ver-
sion of this idea consists of linking the devices
on both sides so that they apply the same gain (am-
plification); in fact, so that they apply the smaller of
the gains that each of the two hearing aids would ap-
ply if they were operating independently™®l, Differ-
ent studies show that this strategy, versus two hear-
ing aids operating independently, increases speech
recognition in fluctuating noise conditions. Benefits
have also been found in sound localization and natu-
ralness of the delivered sound.

But there are more applications to the possibil-
ity of coupling the operation of both processors or
combining the signals captured in both ears. Two of
them, devised at the Computational Hearing and
Psychoacoustics Laboratory of the University of Sal-
amanca, are described below: the MOC strategy and
the contralateral cancellation algorithm.

6. The MOC strategy

The MOC strategy is one of the binaural pro-
cessing strategies to improve the performance of
hearing aids. Its operation is inspired by the effects
of contralateral MOCR.

As described above, in the human ear, a partic-
ular area of the cochlea does not always behave in
the same way. Its sensitivity varies constantly ac-
cording to the activation state of the efferent fibers
of the MOC bundle. This efferent bundle can be re-
flexively triggered by ipsilateral and contralateral
sounds, acting on the outer hair cells and thus modu-
lating the gain of the cochlear amplifier.

Activation of this reflex reduces the response of
the auditory nerve to pure tones in silence, while de-
compressing (enhancing) its response to pure tones
in the presence of background noise and thereby re-
storing the dynamic range of the auditory nerve fi-
bers in noisy environments to their values in silence.
That is, activation of the MOC efferents, by reducing
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the sensitivity of the auditory nerve, achieves ap-
proximation of the auditory ranges of the auditory
nerve listening in noise and in silence (Figure 7)2°,

This mechanism could facilitate the neural en-
coding of loudness and the detection of intensity
changes, as well as the neural encoding and intelligi-
bility of speech in noisy environments(?. The MOCR
is activated at relatively low sound levels and the
time required to fully activate it is 300 msf?Y, so it is
probably active during much of the daily listening of
a person with healthy hearing.
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Figure 7. The different lines show the effect of MOC efferent
activation on the firing rate of auditory neurons when the stim-
ulus is a pure tone (black and continuous), when the stimulus is
a pure tone immersed in noise and the MOCR is not active
(gray and dashed), and when the stimulus is a pure tone in the
presence of noise, but the MOCR is active (red and continu-
ous). Note how the activation of the MOCR in the presence of
noise approximates the dynamic range of the auditory neurons
to the situation where the stimulus is only a pure tone. Figure
adapted from Guinan?,

People suffering from sensorineural hearing
loss often suffer from a total or partial deficit of the
outer hair cells involved in this mechanism, or from
some kind of dysfunction of these cells, which pre-
vents them from benefiting from the unmasking ef-
fects provided by the MOCR. These effects are not
recovered with the use of current hearing aids, whose
parameters, at most, are adapted to the signal cap-
tured in only one ear.

In an attempt to alleviate this deficit, the MOC
strategy has been designed to reproduce the effects
of the MOCR through the combined operation of the

sound processors present in both ears. This strategy,
intended for both hearing aids and cochlear implants,
proposes to dynamically couple the compression
of both ears by emulating the modulatory role that
the efferent system has on the cochlear mechanicsf?,
To this end, to the typical operation of hearing aids
and implants, a contralateral control of compression
is added that couples the operation of the two sound
processors, generating dynamic control signals that
are sent to the opposite processor to modulate its re-
sponses. Thus, in each ear a stimulation pattern is de-
livered (electrical in cochlear implants and acoustic
in hearing aids), adjusted according to the sound de-
tected by microphones present in both ears??l,
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Figure 8. Diagram of the functioning of the MOC strategy in
cochlear implants. In blue and orange, the typical sound pro-
cessing scheme of a cochlear implant is illustrated. In green the
contralateral control that each implant applies on the sound pro-
cessor of the opposite ear. Figure adapted from Lopez-Poveda,
et al.[23],

Figure 8 shows a schematic of the operation of
the MOC strategy in cochlear implants. The com-
pression of each frequency channel of the right pro-
cessor depends on the time-weighted output level of
each corresponding frequency channel in the left
processor, and vice versa. In this way, the MOC strat-
egy can decrease the compression applied to each
channel, linearizing the processor response.
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In addition, the information exchange between
the processors in each ear required to carry out the
strategy is relatively small, which is essential for the
strategy to be implemented in commercial devices.

7. Experimental results

The MOC strategy has been extensively evalu-
ated in cochlear implant users. It has been found to
significantly improve speech intelligibility in noi-
sel? (Figure 9) without altering (or even slightly im-
proving) sound localization?®!, even when combined
with off-the-shelf cochlear implants[®l, A version of
the strategy for hearing aids is currently being devel-
oped and evaluated?’],

Bilateral Listening

. Mo MOC strategy

u With MOC strategy

-
T . .
34 I I

SONO S345N15

Verbal Reception Threshelds (dB SNR)
|
T

S270N90

Figure 9. Speech reception thresholds (VRU) in noise listening
with two cochlear implants when they are operated with the
MOC strategy (orange) and when they are not (blue) in differ-
ent spatial configurations of signal (S) and noise (N). In the no-
tation SxNy, the numerical values of x and y indicate the azi-
muthal positions of the signal and noise, respectively. The URV
is the SNR at which the listener recognizes 50% of the sen-
tences presented to him. Therefore, the smaller URV values ob-
tained with the MOC strategy indicate that with this strategy,
the listener tolerates higher noise levels while maintaining the
same intelligibility. Figure adapted from[2l,

Hearing aids whose processors operate accord-
ing to the MOC strategy manage to improve the sig-
nal-to-noise ratio with which the stimulus is deliv-
ered to the user, in addition to enhancing the
interaural differences in intensity and improving the
spectral contrast and amplitude modulations in each
frequency channel. Experimental results show that

this improves intelligibility in noise, restoring, to
some extent, the spatial unmasking and localization
of sound sources?l,

7. Contralateral cancellation

Another idea developed by the Computational
Hearing and Psychoacoustics Laboratory of the Uni-
versity of Salamanca has as its starting point the fact
that, in real listening situations, the sources that gen-
erate the signal and the noise are usually located on
different sides of the speaker. As explained above, in
these situations, there will often be a better ear: the
one that is closer to the signal. The contralateral can-
cellation strategy proposes to increase the SNR in
the better ear by attenuating sound sources located in
the opposite hemisphere (Figure 10)°,

Figure 10. Schematization of the purpose of the contralateral
field cancellation algorithm. The illustration on the left shows
the situation prior to the application of the algorithm: signals
with content of what is emitted from the left hemisphere
(green) and from the right hemisphere (red) arrive at each ear.
After applying the algorithm (right illustration) the signal arriv-
ing at each ear has less representation of what is emitted from
the opposite hemisphere, since the contralateral signal has been
attenuated.

To achieve this, the proposed algorithm sub-
tracts from the sound picked up in each ear the sound
picked up in the opposite ear weighted appropriately.
The weighting is determined by parameters calcu-
lated from head-related transfer functions (HRTF),
functions that establish the relationship between the
location of a sound source and the spectrum with
which the sound reaches each of the eardrums. Thus,
thanks to the proper selection of these parameters it
is possible to obtain different directionality patterns,
which will make the algorithm more or less useful
depending on the location of the noise sources.
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The efficiency of the algorithm has been ex-
plored, both technically and experimentally. Experi-
mental results have shown that the algorithm, oper-
ating independently on normotensive individuals
without hearing aids, improves intelligibility in noise
significantly at the expected locations according to
the technical analysis (Figure 11) without deteriorat-
ing spatial localization®!, These evaluations are cur-
rently being extended to the performance of the al-
gorithm in combination with hearing aids in hearing
impaired individuals.

Regarding the technical evaluation, interesting
results have been obtained because of the similarity
of the benefits provided by the algorithm with the
unmasking achieved by listening binaurally when
there is no hearing loss (Figure 12)P, This suggests
that the brain could process the sounds it receives
through both ears in a similar way to how the algo-
rithm does and, therefore, that we could use this al-
gorithm, combined with hearing aids or cochlear im-
plants, to try to recover the unmasking benefits
existing in healthy binaural hearing.

One of the strengths of this algorithm lies in its
ability to improve SNR and, therefore, speech intel-
ligibility in noisy environments, without the need for
prior information about the type of noise, its spec-
trum, or the location of the source(s) generating
it, beyond, of course, assuming that they are on the
opposite side of the signal source and the ear closest
to it. This property, together with the fact that it
can be implemented immediately downstream of the
prosthesis microphone, gives this algorithm greater
applicability compared to other noise reduction strat-
egies. In addition, the possibility of varying the
weightings using HRTFs provides great versatility in
deciding which parts of the acoustic field will be am-
plified and which will be attenuated.
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Figure 11. Average benefit in verbal reception thresholds
(URV) in noise of normoyent people, in bilateral listening and
for different spatial locations of signal and mask. In the nota-
tion SxNy, the numerical values of x and y indicate the azi-
muthal positions of signal and noise, respectively. The spatial
positions chosen are representative of those where, according to
simulations, the benefit should be zero (SONO), large
(S270N45), and medium/low (S270N90).
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Figure 12. Comparison of Peissig and Kollmeier’s experi-
mental results (left) on the spatial unmasking characteristic of
healthy hearing in binaural listening with the variation in SNR
produced by the contralateral cancellation algorithm. The x and
y values in the SxNy notation indicate the location of the signal
and mask in the azimuthal plane. See Lopez-Poveda et al.[?°]
for details. Figure adapted from Lopez-Poveda et al.l?°l,

8. Conclusions

Humans, thanks to having two ears, have access
to binaural cues that our brain uses to locate sound
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sources and understand speech in noisy environ-
ments. People with hearing loss often see the availa-
bility of these cues impaired and the use of hearing
aids, far from restoring them, deteriorates them even
more, accentuating the problem.

Much research is being done on hearing aids
and cochlear implants to provide better binaural
hearing. The approaches are diverse. In the Compu-
tational Hearing and Psychoacoustics Laboratory of
the University of Salamanca, strategies inspired by
the functioning of the healthy ear are being devel-
oped. The two strategies described in this paper (the
MOC strategy and the contralateral cancellation al-
gorithm) are promising, as they can improve speech
intelligibility in noisy environments without signifi-
cantly altering the localization of sound sources.

However, much remains to be done to achieve
normal binaural hearing for people with hearing loss.
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