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Abstract

Listeners with hearing impairments have difficulties understanding speech in the
presence of background noise. Although prosthetic devices like hearing aids may
improve the hearing ability, listeners with hearing impairments still complain
about their speech perception in the presence of noise. Pure-tone audiometry
gives reliable and stable results, but the degree of difficulties in spoken commu-
nication cannot be determined. Therefore, speech-in-noise tests measure the
hearing impairment in complex scenes and are an integral part of the audiological
assessment.

In everyday acoustic environments, listeners often need to resolve speech targets
in mixed streams of distracting noise sources. This specific acoustic environment
was first described as the “cocktail party” effect and most research has concen-
trated on the listener’s ability to understand speech in the presence of another
voice or noise, as a masker. Speech reception threshold (SRT) for different spatial
positions of the masker(s) as a measure of speech intelligibility has been measured.
At the same time, the benefit of the spatial separation between speech target and
masker(s), known as spatial release from masking (SRM), was largely investigated.
Nevertheless, previous research has been mainly focused on studying only station-
ary sound sources. However, in real-life listening situations, we are confronted
with multiple moving sound sources such as a moving talker or a passing vehicle.
In addition, head movements can also lead to moving sources. Thus, the present
thesis deals with quantifying the speech perception in noise of moving maskers
under different complex acoustic scenarios using virtual acoustics.

In the first part of the thesis, the speech perception with a masker moving both
away from the target position and toward the target position was analyzed. From
these measures, it was possible to assess the spatial separation benefit of a moving
masker. Due to the relevance of spatial separation on intelligibility, several models
have been created to predict SRM for stationary maskers. Therefore, this thesis
presents a comparative analysis between moving maskers and previous models
for stationary maskers to investigate if the models are able to predict SRM of
maskers in movement. Due to the results found in this thesis, a new mathematical

model to predict SRM for moving maskers is presented.



In real-world scenarios, listeners often move their head to identify the sound
source of interest. Thus, this thesis also investigates if listeners use their head
movements to maximize the intelligibility in an acoustic scene with a masker
in movement. A higher SRT (worse intelligibility) was found with the head
movement condition than in the condition without head movement. Also, the use
of an individual head-related transfer function (HRTF) was evaluated in compar-
ison to an artificial-head HRTF. Results showed significant differences between
individual and artificial HRTF, reflecting higher SRTs (worse intelligibility) for
artificial HRTF than individual HRTF.

The room acoustics is another relevant factor that affects speech perception in
noise. For maskers in movement, an analysis comparing different masker trajec-
tories (circular and radial movements) among different reverberant conditions
(anechoic, treated and untreated room) is presented. This analysis was carried out
within two groups of subjects: young and elderly normal hearing. For circular and
radial movements, the elderly group showed greater difficulties in understanding
speech with moving masker than stationary masker.

To summarize, several cases show significant differences between the speech per-
ception of maskers in movement and stationary maskers. Therefore, a listening
test that presents moving maskers could be relevant in the clinical assessment of
speech perception in noise closer to real situations.
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Introduction

Listeners with hearing impairments have difficulties understanding speech in the
presence of background noise. Although prosthetic devices such as hearing aids
and cochlear implants may improve the hearing ability, listeners with hearing
impairments still complain about their speech perception in the presence of
noise [110]. Even when basic tonal audiometry is simple, easy to perform and
gives reliable and stable results, it only gives a cursory idea of the degree of
difficulty in spoken communication caused by hearing loss because it does not
assess the ability to understand speech [110]. Therefore, the use of speech-in-noise
tests to measure hearing loss in complex scenes is an integral part of a patient’s
audiological study [202]. Testing speech-in-noise capacities is also important in
evaluating and optimizing the fitting parameters of hearing aids and cochlear
implants.

Speech perception refers to the ability to understand speech to communicate ef-
fectively in everyday situations. As simple as it may seem, in some situations this
could be very difficult due to the presence of masking sounds always surrounding
us. This is of the utmost importance since our communication depends on our
capacity to understand each other and the lack of a good communication (e.g.
due to hearing loss) could lead us to psychological problems among others [176,
195, 216].

In everyday acoustic environments, we are confronted with multiple sound sources
that disturb our speech perception. This specific acoustic environment was first
described as the “cocktail-party” phenomenon by Cherry [53]. Most research on
the cocktail-party problem has concentrated on listener’s ability to understand
speech in the presence of another voice or a noise, as a masker [67, 104, 149, 204].
The researchers measured speech reception threshold (SRT) for different spatial
positions of the masker(s) as a measure of speech perception. At the same time,
the benefit of the spatial separation between speech target and masker(s), known
as spatial release from masking (SRM), was largely investigated [20, 34, 39, 40,
65, 121].

Nevertheless, previous research has been largely focused on studying only sta-
tionary sound sources, but as we know in real-life listening situations we are
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CHAPTER 1. Introduction

confronted with multiple stationary and moving sound sources that disturb our
speech perception. In natural acoustic scenes, conversations may become very
difficult to understand in the presence of moving maskers sources.

Since masker noises in real-world listening are not always stationary, such as
a moving talker or a passing vehicle, this thesis deals with quantifying SRT
and SRM of moving maskers through virtual sound sources presented binaurally
via headphones. For the binaural reproduction, a set of head-related transfer
functions (HRTFs), measured from the ITA artificial head [28, 214], was convolved
with a speech stimulus to be rendered in free-field and reverberant conditions.
All free-field virtual sound sources were simulated using the real-time software
Virtual Acoustics (VA) [114]. For the reverberant simulations, the software library
RAVEN |[217, 218| was used. Both softwares were developed at the Institute of
Technical Acoustics (ITA), RWTH Aachen University.

In chapter 6 a virtual acoustic environment was simulated to assess moving
maskers, attempting to address the question: what is the amount of SRM of a
moving masker? An SRM analysis with maskers moving on different trajectories
could therefore bring insight into dynamic binaural speech intelligibility.

Due to the relevance of SRM analysis, several models have been created to predict
SRM for diverse spatial positions of the masker and for different masker types.
However, so far, none of the models takes into account maskers in movement.
In chapter 7 a comparative analysis to know if previous models for stationary
maskers are able to predict SRM of maskers in movement is presented. Because
of the results found in this thesis, a new predictive model for moving maskers is
presented.

For clarification, the terms “dynamic” and “static” are used to describe two modes
of binaural reproduction, with and without listener’s head movement in the
virtual acoustic scene, respectively (real-time reproduction); whereas “moving”
and “stationary” are reserved for describing the masker trajectories.

In real-world environments, listeners often orient their head to look for the sound
source of interest. While head movement has been shown to improve sound
localization accuracy [207, 230, 234], how it affects performance in SRM remains
largely unknown. In chapter 8 a study is presented comparing static and dy-
namic reproduction to investigate if listeners could use head movements to try to
maximize their speech-in-noise perception in an acoustic scene with a masker in
movement. At the same time, it is known that many factors affect SRM, such as
measurement paradigm, head movements, room acoustics, masker type and its
spatial distribution [34]. For a virtual reproduction, another factor could also
affect the SRM: individual HRTF. Therefore, subjects with individual HRTFs
were compared to the use of artificial-head HRTF to clarify how individual HRTFs
affect the speech perception in virtual environments.
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Another relevant factor that affects SRM is room acoustics, and for maskers in
movements, little has been studied. For that reason, in chapter g, an analysis
to compare different masker conditions (circular and radial movements) among
different reverberant conditions (anechoic, treated and untreated) is presented.
This analysis was carried out within two groups of subjects: young and elderly
(no hearing aid users) subjects.



2

Fundamentals of Auditory Perception

In a healthy auditory system, the auditory perception can be defined as the
ability to obtain and interpret acoustic information about our surroundings, using
the pressure fluctuations in the air (i.e., sound waves) that reach the ears through
audible frequencies (between 20 and 20.000 Hz). The auditory perception assists
us in many social situations deciphering what people are saying, recognizing
voices, and emotional states in just a few moments. However, this seemingly
simple task is actually very complex and requires the use of several brain areas
that are specialized in auditory perception [173]. In the hearing process, the
information is carried by pressure variations in the air (sound waves) and then is
converted in a way that can be used by the brain in the form of electrical activity
in nerve cells or neurons.

The system responsible for the perception of sound waves is the auditory system
which requires a series of processes in order to perceive the sounds around us.
When an object produces a sound (auditory stimulus), the waves produced by
this action are transmitted by the air (or other means) with enough intensity
to reach our ears. It is also necessary for the sound to be within the audible
frequency range. If these two requirements are fulfilled, the brain is able to detect
where the object is and even tell if it is moving.

2.1 Normal Hearing and Auditory Sensation

Defining the range of hearing considered "normal hearing" is difficult due to the
high variability of the hearing threshold.

The first attempts in quantifying hearing sensitivity were in the 1930s. Bell
Telephone Laboratories conducted a series of experiments in communication. In
the 1940s, diagnostic and aural rehabilitation were added. It became clear that
determining threshold in dB SPL (sound pressure level) could be difficult and
confusing. By the fact that hearing sensitivity varies across frequency, normal
hearing, and subsequently hearing loss, would need to be defined differently at
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2.1. Normal Hearing and Auditory Sensation

each frequency.

Over the years various organizations consolidated a large amount of research on
the hearing threshold at many frequencies for young adults with no auditory
pathology. Then, they took the mean threshold of this huge number of subjects
and made it, as a reference, the “zero” decibel hearing level (dB HL). The orga-
nization who currently stipulates standards for audiometric assessment is the
American National Standards Institute (ANSI).

The sensitivity to sound is one of the best ways to describe hearing ability. At
the same time, one of the best ways to describe hearing disorder is by measuring
the reduction in sensitivity to sounds. Hearing sensitivity is usually defined by
a threshold of audibility of a sound that is individual to each subject. Specific
measurements are needed to determine the just barely audible intensity of a tone
or a word. That level is considered the threshold of audibility of the signal and
is an accepted way of describing the sensitivity of hearing.

There are two main methods to measure the auditory threshold:

Objective Audiometry

These tests are based on recording the electrical activity of the different parts
of the auditory pathway. This type of tests does not require the patient’s par-
ticipation or any verbal answers. Examples of different methods of objective
audiometry are the Measurement of Impedance, the Measurement of the Otoa-
coustic Emissions (OAE) and the Measurement of the Auditory-Evoked Potential
(AEP).

Subjective Audiometry

Unlike objective audiometry, subjective methods require the patient’s cooperation
and participation. These tests usually provide reliable quantitative measures on
a subject’s hearing function, if the subject understands the test procedure and
is cooperative. A number of different subjective audiometry are showing as follows:

Pure-tone Audiometry

It is performed to obtain the auditory threshold. This threshold registers the
minimum intensity of hearing in both ears for different audible frequencies. The
stimuli are a number of pure sinus tones between 100 and 10000 Hz, presented
monaurally to the patients. The pure-tone audiometry can determine whether
there is conductive and sensorineural hearing loss.
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Békésy Audiometry

Is an automated assessment in which the patient controls the attenuation of the
signal. By pushing a button, the patient increases the intensity of the signal until
it is audible. The listener then releases the button until the signal is inaudible,
presses it until it is audible again, and so on. These responses are displayed on a
screen and the threshold is calculated as the midpoint of the responses between
audible and inaudible. While the tracking occurs, the frequency of the signal is
slowly swept from low to high, so that an audiogram is measured across the fre-
quency range [15]. This type of audiometry is, however, rarely used in diagnostics.

Speech Audiometry

Refers to procedures that use speech stimuli to evaluate auditory function. Speech
audiometry involves the assessment of sensitivity as well as the clarity at which
speech is heard. Several tests have been developed over the years. Most use
single-syllable words in lists of 25 or 50 words. Lists are usually developed to
resemble the phonetic content of speech in a particular language. Word lists are
presented to patients, who are instructed to repeat the words. Speech perception
is expressed as a percentage of correct identification of words presented. Speech
audiometry can tell, in a more realistic manner than with pure sinus tones, how
an auditory disorder might impact communication in daily living.

Speech audiometry measurements contribute in a number of important ways,
including measurement of speech threshold, cross-check of pure-tone sensitivity,
quantification of speech-perception ability, assistance in differential diagnosis,
assessment of auditory processing ability, and estimation of communicative func-
tion [12].

The most common German speech audiometry, used by the majority of hospitals,
medical practitioners, and hearing-aid dispensers, is the Freiburg speech test
(FST) [99]. The FST is a standard test in hearing diagnostics and in the validation
of hearing aid fittings. This test employs the use of phonetically balanced lists
of monosyllabic words with the aim of determining the percentage of correctly
repeated words at different sound intensity levels. FST consists of 20 lists with
20 monosyllables. Among the most important criticisms about this test are the
differences between the test lists, the limited number of available lists, the use of
outdated words, and the lack of the possibility to determine speech intelligibility
in noise [125].

Tuning Fork Tests
It produces a sustained pure-tone that decays in level over time. Unlike an
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2.1. Normal Hearing and Auditory Sensation

audiometer, tuning forks cannot present a calibrated signal level to a listener’s
ear. The two best-known tuning fork tests are the Weber and Rinne. For the
Weber test, a subject judges whether the sound is perceived in one or both ears
when the tuning fork is placed on the forehead. For the Rinne test, the listener
judges whether the sound is louder when presented by air conduction or by bone
conduction. Tuning fork tests provide qualitative information that can help to
determine whether a hearing loss is conductive or sensorineural [62, 211].

Recruitment

An injury in the external hair cells means that weak signals are not perceived
because they are not amplified. However, intense signals that directly impact the
inner hair cells are normally perceived. This results in an abnormal perception
of loudness known as recruitment. Recruitment is, therefore, a manifestation of
cochlear injury in the external hair cells. Clinically this means that if recruitment
is present, then the site of the disorder is cochlear [12].

Speech-in-noise Perception

The most common complaint expressed by adults with hearing loss is the inability
to understand speech in an environment with background noise, due to the speech
perception in a noisy environment is much more demanding than speech percep-
tion in silence. Audiologists use speech-in-noise tests for quantifying the signal
to noise ratio (SNR) needed by the listener to understand speech in noise. There
are several numbers of speech-in-noise test that have been developed over the
years (see chapter 3). Speech-in-noise test allows the patient to understand the
degree of communication difficulty they experience in noisy environments. The
information provided by the speech-in-noise test allows a selection of the most
appropriate amplification strategy as well as predicting the degree of improvement
with the use of hearing aids.

Several speech-in-noise tests, in the German language, have been developed, such
as:

The Basel sentence test [236]: It can be used to assess the degree to which
the listener can make use of the contextual information in understanding the
keywords (specific words that must be identified) of the speech material. Speech
materials with high and low predictability are presented, and the background
noise is an unintelligible babble-noise whose level is raised for the last word.
The Hochmair-Schulz-Moser sentence test (HSM) [107]: Consists of 600 everyday
sentences arranged in 30 lists of 20 sentences. Additionally, there are six inter-
rogative sentences in each list. The lists are prepared with g5 different levels of
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CHAPTER 2. Fundamentals of Auditory Perception

noise: without noise, SNR (in decibel HL) >15 dB, SNR > 10 dB, SNR > 5 dB
and SNR > o dB. The sentences are played back in one ear, while in the other
ear a CCITT noise (Committee Communication International Telephone and
Telegram) [228] is being played as a masker. The level of the noise can be varied
from list to list. The patient’s task is to repeat the sentences that they heard. It
was developed with the desire to evaluate speech perception of cochlear implant
(CI) users [151].

The Géttingen sentence test [138]: Consists of 20 lists of 10 everyday sentences
(5-8 words) spoken by an untrained male speaker with a speech-shaped noise as
masker distractor. The Gottingen test can be used to measure speech performance
at fixed SNRs or adaptively determine the speech reception threshold (SRT) (see
chapter 3). Thus, the test is suitable for moderately hearing impaired and it
is used in research and by advanced audiological centers. The downside of the
Gottingen sentence test is its undesired learning effect [160].

The Oldenburg sentence test (OLSA) (238, 239, 240, 241]: It was developed and
evaluated for testing speech intelligibility in noise and is also applicable to quiet
conditions. The OLSA can determine the SNR where 50 % of words is understood
(or speech reception threshold, see chapter 3) using an adaptive procedure or at
fixed SNRs. The background noise is speech-shaped noise that is presented from a
different loudspeaker to the one presenting the speech material. The test consists
of 10 lists of 10 sentences with a fixed structure (5 words), combined to lists of 20
or 30 sentences. The speech material was recorded by an untrained male speaker.
OLSA is suitable also for severely hearing impaired and cochlear-implant subjects

[242].

Until today, the best single indicator of hearing loss and the prognosis for suc-
cessful use of a hearing-device is the pure-tone audiogram. This audiogram, it
has become the cornerstone of audiologic assessment and the generic indicator of
what is perceived to be an individual’s hearing ability [12, 226]. The pure-tone
audiogram can be used to make judgments about several issues, such as separating
normal from abnormal sensitivity. Despite many years of studies, there is no
universally accepted criterion of what is normal hearing. This is partly because
of all the individual aspects related to the audiometry and the different opinions
about what level of hearing represent the onset of difficulty in day-to-day life.
Despite all the discussions, the most used threshold definition is 20 dB HL as a
normal cutoff.

The auditory sensation area, shown in Figure 2.1, is defined between two thresh-
olds that are frequency dependent: hearing (the minimum level at which a sound
can be detected) and pain (the level at which the sound becomes painful). The
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2.2. Spatial Hearing

auditory area in humans is from o to 140 dB in a frequency range from 20 Hz to
20 kHz.
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Figure 2.1: Auditory Sensation Area. Adopted from Zwicker and Fastl [267].

Despite all the benefits, the pure-tone audiometry gives only a cursory idea of the
degree of difficulty in spoken communication caused by hearing loss because it
does not take into account complex real-life acoustic scenarios as moving sounds
sources.

2.2 Spatial Hearing

The sounds originate at a particular place in the space and its location could be
important information, for example, for visual attention in cases of danger. Also,
the position of sound sources can be used to separate between several sounds
arising from different locations and to help in the attention to one specific sound
source originated from a particular location.

The auditory system has just two peripheral spatial channels: the two ears.
However, they can give us quite accurate information about sounds in the space.
Listening with two ears is defined as binaural hearing; at the same time, monaural
refers to the characteristics of one ear.



CHAPTER 2. Fundamentals of Auditory Perception

The human auditory system can be divided anatomically roughly into four sub-
systems: the outer ear, the middle ear, the inner ear, and the central auditory
system.

The outer ear represents the most external portion of the auditory system and
consists of the pinna, the outer ear canal, and the eardrum:

Pinna

It is composed of soft tissue and elastic cartilage. The surface is uneven and
contains pits, depressions, ridges, and grooves (see Figure 2.2). It is known that
for some species, like felines, the pinna may help to collect sound energy into
the ear canal but this function is limited in humans because it cannot be moved
toward a sound independently of the head.

Helix

Triangular fossa

Concha

Tragus

Antitragus

Figure 2.2: Anatomy of the pinna.

Ear canal

The ear canal is a canal in the temporal bone. Its size could vary from person
to person depending on age and gender. Approximately, it is 25 to 35 mm in
length with a diameter of 5 to 9 mm [145]. The end of the canal is limited by the
tympanic membrane or eardrum. The ear canal protects the eardrum from the
outside atmosphere, for that reason, usually is not perfectly straight (somewhat
S shape) and cannot be seen by looking into the canal directly. Also, the canal
acts as a resonator with a resonance frequency of 3 kHz approximately. This
causes human hearing to be sensitive to that frequency.
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2.2. Spatial Hearing

0°, 90°

Frontal Plane Median Plane

Interaural Axis

Horizontal Plane

Figure 2.3: Head-related coordinate system. Adopted from [81].

Eardrum

The eardrum is a thin and very elastic membrane that separates the outer ear
from the middle ear. The approximate dimensions are go mm? of surface with a
thickness of 0.1 mm [12]. Sound waves impact the eardrum causing its vibration.
This is a transference from airborne sound to structure-borne sound.

Figure 2.3 shows the Head-related coordinate system for sound direction, in
which any direction relative to the head can be specified in terms of azimuth and
elevation. The center of the system is the central point of the head, between
the entrances of both ear canals. An interaural axis runs through the eardrums
and the central point of the head. The horizontal plane is determined by the
interaural axis and the front-back-link. The median plane cuts the head into two
symmetrical parts thus any point on this plane is equidistant from the left and
right ears. The third plane is the frontal plane which separates the head along
the interaural axis.
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CHAPTER 2. Fundamentals of Auditory Perception

Free-field HRTF =

Figure 2.4: Descriptive definition of the free-field HRTF. Adopted from [81].

2.2.1 Head-related transfer function

The filtering of the sound source spectrum caused by the interactions of the sound
waves with the head, shoulders, torso, and pinna prior to reaching the eardrum
is represented by the head-related transfer function (HRTF) [24, 165]. Thus, an
HRTF describes the filter process for any sound source spatially located in a
room, for one of both ears. Accordingly, for one subject there is a dual channel
band of HRTFs from all possible spatial directions and distances for both ears.

The HRTF can be divided into two parts: dependent or independent of the
direction of the sound. The dependent part is up to the entrance of the blocked
aural canal because, depending on the location of the sound, the reflections in
head, torso, and pinna will be different. Conversely, sound propagation, from the
entrance of the aural canal to the eardrum is independent of the direction of the
sound.

The usual definition of HRTF is the free-field transfer function. It describes
the sound pressure measured at the entrance of the aural canal related to the
sound pressure, measured with the same sound source, at the central point of
the listener’s head. The subject, however, is absent during the measurement (see
Figure 2.4).
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2.2. Spatial Hearing

2.2.2 Binaural cues

In an every-day environment, several acoustical cues, arising from the environ-
ment itself (e.g. source distance, air propagation, reverberation etc.), as well as
the physical composition (e.g. two ears spaced apart, notches and grooves of
our pinna etc.), allow the perception of sound sources. Thus, listening with two
ears provides access to binaural cues due to the difference in the travel path of a
sound towards the two ears [2].

However, in a virtual environment, these cues must be simulated in order to repro-
duce (as closely as possible) the cues available under natural listening conditions.
Given the fact that we have two separated ears, the different path lengths for
the same sound to travel to the two ears result in the interaural time difference
(ITD), whereas the intensity attenuation due to reflections and refraction around
head and torso creates the interaural level difference (ILD) which is especially
frequency dependent. I'TD and ILD cues are known as binaural cues since they
result from a comparison of the signals received at each ear.

Figure 2.5 shows three different sound source positions with different I'TDs. The
incident sound from the right (90°, 0°) causes the largest time difference (ITD ~
690 ps). The sound from the front of the listener (0°, 0°) reaches both ears at
the same time, hence, there is no time difference (ITD = o us).

[ 1]

ITD

Figure 2.5: Descriptive scheme of three sound source positions with different
ITDs. Adopted from [81].

Low frequencies (< 500 Hz) are not influenced by the head and torso due to their
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CHAPTER 2. Fundamentals of Auditory Perception

long wavelengths. However, for frequencies higher than approximately 1500 Hz,
where the wavelengths are smaller than the head, the wavelengths are too small
to bend around the head and therefore are blocked by the head (e.g. “shadowed”
by the head). As a result, the energy of the sound reaching the contralateral ear
decreases (see Figure 2.6 and Figure 2.7). This difference, due to ILD, can reach

o e

Figure 2.6: Descriptive scheme of the frequency dependence of ILD with low
frequencies. Adopted from [81].

up to 20 dB.

W\

Figure 2.7: Descriptive scheme of the frequency dependence of ILD with high
frequencies. Adopted from [81].

It is important to emphasize that the ILD only describes the spectral differences
between both ears. All other spectral influences are called monaural cues (see
subsection 2.2.3).

An important case to consider is when ITDs and ILDs are identical, respectively,
for different source positions. All positions, for which this assumption is true,
lie on a cone’s surface. The cones are always positioned around the interaural
axis and they end at the center of the head. Figure 2.8 shows a cone with five
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positions where the localization will be ambiguous. Positions on the cone of
confusion are more difficult to differentiate with regard to those with different
ITDs and ILDs.

A singular case of cone of confusion is a sound source directly in front or in the
back of a listener (see Figure 2.9). In such a situation, both ITD and ILD will be
negligible and the listener will not be able to determine whether the sound source
is directly in front or in back of them, based on ITD and ILD cues only. This
ambiguous case is known as the front-back confusion. However, it is possible to
make use of the pinna cues (see subsection 2.2.3) to distinguish between back
and front directions.

A

O

Figure 2.8: Descriptive scheme of five sound sources positions in the cone of
confusion with identical ITD and ILD. Adopted from [81].

Figure 2.9: Sound source positions where ITD and ILD are zero, provoking
confusion on the real localization of the source. Adopted from [81].
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In addition to ITD and ILD cues, it is possible to make use of the asymmetry
of the auditory system, through the right-ear advantage (REA). In general, ear
advantage is defined as the relatively better performance of one ear over the other
ear on listening tasks. A slight right-ear advantage for dichotic speech stimuli has
been reported in normal healthy adults [17, 52, 106]. Doreen Kimura was the first
to apply the dichotic listening method to neuropsychology and she discovered
the right-ear advantage for linguistic stimuli, which is associated empirically with
left-hemisphere language representation [129, 130].

2.2.3 Monaural cues

Although we have two ears, a large amount of information about sound source
location can be obtained by listening through just one ear. The primary monaural
cue is called a spectral cue because the information is contained in the distribution
differences (or spectrum) of the frequencies that reach the ear from different
locations. These differences are caused by the fact that before the sound stimulus
enters the auditory canal, it is reflected from the head and within the various
folds of the pinna. Because each pinna contains unique ridges and cavities, the
pinna imposes a sort of directional signature on the spectrum of the sound that
can be recognized by the auditory system and used as a monaural cue.

There is also a shadowing effect of the pinna for sounds behind the head, which
have to diffract around the pinna to reach the ear canal. The shadowing will
tend to attenuate high-frequency sounds coming from the rear and may help to
resolve front—back ambiguities.

On the whole, each type of cue works best for different frequencies and different
coordinates. Binaural cues (ITDs and ILDs) work for judging azimuth location,
being ITD best for low frequencies and ILD for high frequencies. Monaural cues
work best for judging elevation, especially at higher frequencies. These cues work
together to help in sound perception tasks [91]. In real listening situations, it
is also possible to move our heads, which provides additional ITD, ILD, and
spectral information (for more detail, see subsection 2.2.6).

2.2.4 Binaural sluggishness

A number of investigators have studied the ability of subjects to follow changes in
the location of stimuli over time [66, 69, 137]. Most of these studies have shown
that only rather slow changes in location can be followed. This phenomenon has
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been described as "binaural sluggishness".

Perrott and Musicant [198] and Grantham [94] measured the minimum audible
movement angle (MAMA), defined as the angle through which a sound source
has to move for it to be distinguished from a stationary source. For low velocities,
as 15°/s, the MAMA is about 5°, but when the rate of movement increases, the
MAMA increases progressively up to about 20° for a velocity of 90° /s. Thus, the
binaural system is relatively insensitive to movements at high rates.

Grantham and Wightman [g95] measured the ability to follow movements of a
noise that was lowpass filtered at 3000 Hz. Their results indicated that slow
movements can be well followed, but rapid movements are more difficult to follow.
The sensitivity to changes in binaural cues has also been determined by measuring
masking level differences. Grantham and Wightman [96] measured thresholds for
detecting a brief tone that was phase inverted at one ear in relation to the other.
Again, their results indicated that the binaural system is slow in its response to
changes in interaural stimulation.

In summary, research to date indicates that the binaural system often has a slow
response to changes in interaural time, intensity or correlation.

2.2.5 Spatial unmasking

Masking is a phenomenon present in our daily lives. When the ears are exposed
to two or more sounds at the same time, there is a possibility that one of them
may “cover up” the other. A simple example is trying to have a conversation at a
party. In general, the music is so loud that it is difficult or even impossible to
understand what the other person is saying because the speech is masked by the
music.

Many studies have been done about masking effect [50, 190, 191]. In the temporal
domain, there are different types of masking. The most simple to understand
is the simultaneous masking as in the previous example. However, there is also
masking when a soft tone is close in time to a higher amplitude tone. According
to the temporary position of the tone and the masker there are:

Forward masking
The tone of highest amplitude comes before the lowest amplitude tone, keeping
on in that way masked.
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Backward masking
The tone of lowest amplitude comes before the highest amplitude tone, keeping
on anyway masked by the highest tone.

When faced with the hearing of speech, it is possible to distinguish two types of
masking that can interfere with the speech signal:

Energetic masking
It occurs when the neural activity evoked by the speech plus masker is very
similar to that evoked by the masker alone.

Informational masking

It occurs when the speech is confused with the masker in some way. When the
speech of two talkers is mixed, there is often relatively little overlap between
the spectrotemporal regions, dominated by one talker in some regions and by
the second talker in other regions. In this situation, the ability to identify the
speech of one talker is limited by informational masking, rather than by energetic
masking [40]. The problem for the listener is to decide which spectrotemporal
regions emanated from one talker and which are emanated from the other.

The auditory system is capable of performing spatial unmasking and this ability
relies heavily on the magnitude of the available binaural cues. The contributions
of ITD and ILD in unmasking tasks have been largely studied ( e.g. [37, 67,
104, 149, 213]). For instance, Lavandier and Culling [149] explained that the
spatial unmasking associated with two sound sources (target and masker) spatially
separated on the horizontal plane, arises from two cues: head shadow and binaural
interaction. When the masker moves around a listener’s head, its sound level
is reduced at the contralateral ear in the shadow region of the head, providing
a higher SNR compared to the ipsilateral ear. In that way, the “head shadow”
effect is the difference in SNR of each ear in regard to the target (also known
as better-ear-listening) and it is very helpful in speech-in-noise perception (see
Figure 2.10). Binaural interaction relies on different ITDs and ILDs resulting
from the spatial separation of the target and distractor masker, which provides
differences in the binaural cues to facilitate the segregation of the two sound
sources. The contribution of ITD alone without the presence of ILD is as much
as 5 dB release from masking for a 0°/90° target-masker configuration on the
horizontal plane, but only values between 2.1 and 3.4 dB in the overall release
from masking in natural listening situations where both ITD and ILD are present
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Speech
Target

Masker

Head
Shadow

SNRL>SNRR ‘

Figure 2.10: Schematic representation of the “Head Shadow” effect. L represents
the left ear and R the right ear. The level ratio between the target
signal regardless of the masker signal in the left ear (SNR L)
is larger than for the right ear (SNR R). For that reason, in
this example, the left ear has an advantage in speech-in-noise
perception.

[37]- Most of these studies utilized stationary sound sources in the target and
maskers, in which binaural cues remained unchanged (often assuming listener
head movement was negligible). In the current thesis, the effect of a transient
change in binaural cues, such as from a moving sound source (see chapter 6) or
listener head movements (see chapter 8) are presented.

Past work has shown that spatial separation of a speech and a noise can provide
a significant listening advantage in multisource environments for a variety of
tasks. When the masking sources are primarily energetic, the listening advantage
may result from attending to the ear with the more favorable signal-to-noise
ratio (the “better ear advantage”), or from the binaural analysis. The principal
binaural cues that afford a listening advantage due to the spatial separation of
the sources arise from differences in interaural time-of-arrival at the two ears and
the frequency-dependent differences in level at the two ears [124].

2.2.6 Head movements

In any normal listening environment, we are not immobile but we are free to move.
In particular, it is possible to move the heads, from side-to-side, up and down or
in any other way. A theoretical model proposed by Lambert [144] describes the
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mathematical mechanism in determining source location with head movement. It
was later shown that non-human mammals such as cats [234] and monkeys [207]
achieved better sound localization when their heads are unrestrained during the
experiment. For human sound localization, several studies also showed the benefit
of head movement which allows a solution of auditory ambiguities from front-back
confusion using real sound sources and in a virtual acoustic environment [14, 118,
123, 253].

Head movements provoke changes of position between the sound source and
the listener, leading to changes in the ITD and ILD cues. It is possible to
integrate these changes as they occur over time in order to resolve ambiguous
sound localization situations.

Consider a sound source directly in front of a listener. In such a situation, both
ITD and ILD will be negligible and it will be very difficult for the listener to
determine whether the sound is directly in front or behind. But if the listener
rotates his/her head (e.g. to the left) by a certain amount of degrees, the ears
are moved from their initial position to some new position. Although the sound
source has not moved from its initial location, relative to the listener, the sound
source position has changed. As a result, there are two observations of ITDs
and ILDs that together allow disambiguating the cone of confusion and a more
accurate localization is possible.

As well as the head movement seems to improve localization of both the target and
masker sources, it might also improve target intelligibility in a speech perception
task, but evidence from recent studies did not bring sufficient support for the
use of such strategy [33, 123]. To study the strategy of using head movement
more rigorously with better control of confounding factors, Grange and Culling
[93] presented various configurations of target-masker spatially separated using
loudspeakers on an array as real sources. These spatial configurations were made
to induce head turns among normal-hearing listeners to maximize spatial release
from masking (see section 3.3), but head tracking data of free head movement
suggested that listeners did not pursue such a strategy. Since distractors in
real-world are not always stationary, such as a moving talker or a passing vehicle,
this thesis also examines head movements and speech perception on a moving
masker test (see chapter 8).

2.3 Binaural Reproduction Technique

Since the creation of the telephone in the late 1800s and the radio in the 19oos,
there have been many developments and improvements in the technologies for
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presenting sounds to a listener. The exact reproduction of the original sound
field, including all spatial cues (e.g. binaural and monaural cues), is certainly
the goal of most sound reproduction technologies.

The first recording techniques involved recording a sound field (e.g. a concert)
using one or more microphones and then playing back using one or more loud-
speakers or a pair of headphones. When the assessment of speech perception in
noise started to play an important role in different areas as telecommunication,
room acoustics, audiology, and evaluation of hearing aids, more complex recording
techniques were needed to reproduce a more realistic environment.

Many studies have been conducted to assess speech-in-noise perception under
different conditions and, to achieve this objective, several techniques have been
developed such as stereophonic [36, 201], ambisonics [87, 186] and binaural re-
production [37, 38, 74, 105, 180, 181]. The advantage of binaural reproduction
techniques are the low computational demand and the small amount of equipment
needed. In the case of clinical applications, techniques with a large number of
loudspeakers, such as stereophonic and ambisonics, may not be applicable because
audiologists usually count with a small sound-treated cabinet to perform the
listening tests.

2.3.1 Binaural recording

The binaural reproduction technique relies on the fact that all spatial sound
information perceived by humans is extracted exclusively from the sound signal
(pressure and phase) that reaches each of the eardrums. If these signals are
recorded in the ears of a listener and reproduced exactly as they were, the listener
may use any of the naturally available cues in order to perceive the sound as
coming from the desired position. In this way, it is assumed that the complete
auditory experience is reproduced, including timbre and spatial aspects. [170].
The recording may be made with small microphones placed in the ear canals
of a listener, but normally an artificial head is used. The artificial head or
dummy-head, has usually the shape of an average human head, including the
nose, pinna and ear canals, and sometimes the head is even attached to a torso
[101, 116, 181, 193, 214].

The binaural signals can either be directly recorded in a dummy-head or they
can be synthesized. In the binaural synthesis, each sound source must be filtered
with a head-related transfer function (HRTF) (see subsection 2.2.1). HRTFs are,
hence, listener-dependent [171, 246], therefore, when using binaural technology
to create an authentic spatial sound scene, the use of individual HRTFs could be
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more accurate. A comparative analysis between individual and non-individual
HRTFs is presented in section 8.4.

2.3.2 Binaural synthesis

Rather than recording the signal at the ears for a specific listening situation as
done with binaural recordings, binaural synthesis imitates the binaural recording
process by convolving a monaural sound source with a pair of left and right ear
HRTFs corresponding to the desired position, typically measured at an anechoic
room. The signals delivered to the left and right ears are obtained using a filtering
operation through the process of convolution by filtering the monaural sound
with the coefficients corresponding to the measured left and right ear HRTF
response, respectively. When the filtered sound is presented to the listener, it
will give them the impression of a sound source at the desired position.

The playback is normally done with headphones since this method ensures that
the sound that reaches one ear is only reproduced in that ear (separated channels).
Reproduction through loudspeakers would introduce an unwanted crosstalk since
sound from each of the loudspeakers would be heard with both ears. For these
cases, it is possible to filter the binaural signal using a Crosstalk Cancellation
Filter (CTC) network to minimize the acoustic crosstalk between the ears [165].
A binaural synthesis based on measured HRTF is often for a static receiver-source
situation. However it can also be conducted in real-time using a head tracking
system and updating the HRTF based on the current position of the listener in
the scene.

Given all its advantages, this thesis was developed using a binaural reproduction
technique.

2.3.3 Headphone transfer function

Since in this thesis a pair of headphone is used to playback the stimuli, the
acoustic influence of these headphones has to be considered. With headphones,
the sound is directly played back over the external ear into the ear canal to the
eardrum. Consequently, if headphones are used for the binaural playback with
free-field HRTFs, which already provide information about the human body, the
influence of the headphones, external ear, and ear canal has to be compensated
[251].

Although the ear canal is taken into account in both, the free-field and headphone
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listening condition, the transfer function of the ear canal is position-dependent
[27]. Therefore, the measurement position of the microphone inside the ear canal
has to be considered [182]. In particular, waves that enter the ear canal are
reflected in the canal so that standing waves occur above 3 kHz. Two measurement
positions are very common: At the ear canal entrance (blocked-ear) and in front
of the eardrum (open-ear). Although the position at the eardrum is more clearly
defined than the entrance of the ear canal, it is very sensitive to noise. Therefore,
the blocked-ear method with a microphone at the ear canal entrance is preferred
more often; however, the entrance of the ear canal cannot be determined precisely
but it can be estimated roughly 7mm in front of the eardrum for frequencies below
6 kHz. The headphone transfer function (HpTF) has to be measured in the same
position as the HRTF. Consequently, for the free-field reproduction, the playback
signal has to be multiplied by the HRTF and divided by the inverse of the HpTF
in the frequency-domain [172, 252]. There are different methods to determine
the inverse of the HpTF which equalize the headphones and the transfer path of
an emitted wave to the eardrum. Masiero and Fels [166] proposes to smooth the
spectrum of the HpTF by adding twice the standard deviation of eight repeated
measurements to their average to provide a smooth and robust equalization with
respect to outliers. In this work, the proposed method of Masiero and Fels [166]
was used.

2.3.4 Individual head-related transfer function

The use of HRTFs in sound reproduction applications describes the direction-
dependent influence of torso, head and pinna on the sound field, and is therefore
highly dependent on individual anatomical characteristics. If a virtual acoustic
scene, which was convolved with a dummy-head HRTF, is playback to a subject;
there will be some mismatches between the synthetic HRTF and the own HRTF
of the subject. It was established that the usage of mismatched HRTF data-sets
can result on unwanted artifacts in coloration and localization [27]. To avoid this
mismatch, HRTFs measured from the individual listener are needed.

Little is yet known about the influence of individual HRTF on speech perception
in noise tests, thus a comparative analysis between individual and non-individual
HRTFs is presented in section 8.4. The setup used in this work to measure the
individual HRTFs was designed by the Institute of Technical Acoustics (ITA) at
RWTH Aachen University (Figure 2.11), providing a high-resolution in a very
short time period [167, 208]. To reduce the acoustic influence of the measurement
aperture, the setup had to be built in a filigree manner. In the vertically aligned
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Figure 2.11: Measurement setup of the arc and an artificial head on a rotating
turn table at ITA, RWTH Aachen University.

continuous arc, which provided the cavity for the loudspeakers, 64 loudspeakers
were installed. They were placed in polar direction in a resolution of 2.5° on a
semi-circle starting at 1.55° and ending at 160°. Measurements took place in a
semi-anechoic chamber with a stone floor which reflects incident waves.

Prior to the start of the measurement, two Sennheiser KE3 microphones, sup-
ported by a dome which blocks the ear [182], were positioned at the beginning
of the ear canal. Subsequently, the subjects were aligned using a cross-laser.
Additionally, a neck support minimized the head-movements during the measure-
ment. For the spherical sampling, the turntable was moved in discrete steps and
performed a full rotation of 360° (for more details see [27] and [208]).
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Auditory assessment using speech stimuli has a long history in the evaluation
of hearing. As early as 1800, studies of hearing sensitivity were created with
the purpose of evaluating the listener’s capacity to perceive different types of
speech sounds. The speech stimuli consisted of: (1) vowels; (2) consonants; (3)
combinations of vowels and consonants; or (4) monosyllables. These studies
continued through the 1gth century, thus by the mid-1920s the first speech
audiometer, the Western Electric 4 A, which incorporated a phonograph with
recorded digit speech stimuli, was employed in large-scale hearing screenings [80].
Hearing and understanding speech is of utmost importance in our lives. For
children it is essential to the development of oral language and for adults it is
fundamental to participate in the numerous communicative interactions activities
of daily living. The measurement of understanding and sensitivity form the basis
of speech audiometry, which refers to procedures that use speech stimuli to assess
auditory functions [140]. Speech audiometry has involved the assessment of (1)
audibility component (i.e., loss of sensitivity), and (2) distortion component [204].
The audibility component is quantified through assessment of speech recognition
abilities in quiet. The distortion component is a reduction in the ability to
understand speech in the presence of background noise, regardless the level of
presentation. The quantification of the distortion component typically involves
the evaluation of the percentage of correctly identified words using the word
recognition score (WRS), that is based on the recognition of monosyllabic words.
More recently, the speech reception threshold (SRT) has been recommended
instead of the traditional WRS [128, 256]. Plomp [204] defined SRT as the
signal-to-noise ratio (SNR) at which the 50 % of the speech material is correctly
recognized. In this case, the speech material could be words (without restriction
in the number of syllables), sentences, or continuous speech; thereby, the SRT
can assess a more “realistic” listening condition for everyday communication.

In everyday acoustic environments, listeners often need to resolve speech targets
in mixed streams of distracting noises. Furthermore, the most common complaint
expressed by adults with hearing impairments is the inability to understand
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a speaker when listening in an environment with background noise. For that
reason, several researchers have been supporting the relevance of measuring
speech perception with a noise background [13, 47, 73, 98, 126, 185, 258]. Word
identification tasks are typically used for measuring speech-in-noise perception.
The task requires listeners to write down what the speech target is saying. An
open response format is most commonly used with the listeners instructed to
write down what they think the speech target is saying. In some cases closed-set
tasks are used, where listeners are given a range of multiple-choice alternatives
from which to select their responses. Scoring procedures vary but typically involve
sentences being scored on the number of keywords (specific words that must be
identified) correctly identified or by the total number of words correctly identified.

3.1 Speech Reception Threshold

The most relevant factors that influence speech-in-noise perception are: the
type of target speech, spectral differences between target and masker, spatial
configuration of the sound sources, fluctuations in level of the masker, the room
acoustic conditions, and hearing impairment of the listener. The effects of these
factors often are quantified as shifts of the SRT [35]. The SRT has been defined
as the minimum intensity at which spoken language can be understood (50 %
of recognition) under the presence of masking noises. In other words, the SRT
calculation is a psychometric function that measure changes in a dependent
variable (y-axis; e.g., number or percent correct, which is a psychological variable)
based on changes of an independent variable (x-axis; e.g., presentation level in

SNR, which is a physical variable) [86]. Figure 3.1 show a graphic display of a
psychometric function. In this example, the speech perception is evaluated for
0, -4, -8, -12, -16, -20, -24, and -28 dB SNRs (black dots). As can be seen, the
percent of correctly identified words is low when the SNR is low, and as the SNR
is increased, the percent of correctly identified words increases. The dashed line
in Figure 3.1 highlights the 50 % of correctly identified words and indicates that
the SRT was around -14 dB SNR.

The slope of the function is also relevant when describing performance in terms
of the psychometric function. The slope is typically calculated from the dynamic
portion of the function that ranges between 20 % and 80 %. Scores below 20 %
are often affected by floor effects because the difficulty of the task is too great to
show subtle changes in performance, whereas scores above 80 % are often affected
by ceiling effects because the difficulty of the task is too easy to be sensitive to
changes in the performance. When selecting speech target material, stimuli that
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Figure 3.1: Psychometric functions of word recognition performance measured
in percent correct (y-axis) for a listener as a function of presentation
level (x-axis). The dashed line indicates the 50 % point. The SRT
represent the level (SNR) at which the listener is able to recognize
the 50 % of the words.

produce a steep function are the best choice, because suggests that the materials
are homogeneous regarding to the task [259].

The first efforts to assess speech perception were performed in the 1930s by Bell
Telephone Laboratories. Since then, many studies have been carried out with the
intention of evaluating factors that affect our speech perception such as binaural
hearing, the influence of interaural differences, reverberant conditions, the spatial
location of sound sources, and different type of maskers [46, 84, 102, 134, 136,
152, 156, 206, 219, 233]. After all these studies, the authors agreed that creating
reliable tests, by which the SRT can be determined, was necessary.

3.2 Reliable Speech-in-Noise Tests

Plomp and Mimpen [202] were one of the first proposing a reliable test to assess
SRT. Even today, this procedure is one of the most used, therefore, a proper
explanation is presented showing the necessary steps to obtain a reliable test:

The speech material
The speech material was sentences, due to represent conversational speech; nev-
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ertheless, they must be short enough to be easily repeated.

Evaluation of the speech material

All sentences were evaluated by ten audiologists and speech therapists. After
evaluation and equalization, 10 lists of 13 sentences were developed. The sen-
tences were pronounced by a female speaker with a trained voice to avoid dialect
influences.

Reproduction of stimuli
The reproduction of the sentences was binaurally through headphones at a level
of about 50 dB (A).

Masker types

The spectrum of the noise masker was equal to the long-term average spectrum of
speech. The advantage of adopting this masker spectrum is that the effect of acci-
dental differences between the spectrum of the speaker and the noise is eliminated.

Adaptive procedure to calculate SRT

The main purpose of the test was to investigate the speech perception threshold
under various conditions. The adaptive procedure to calculate the threshold is
as follows: (a) the first sentence is given with increasing sound level until the
listener can reproduce the sentence correctly; (b) the level is decreased by 2
dB and the second sentence is presented; (c) if the listener is able to correctly
repeat the full sentence, the level is decreased by 2 dB, if he/she is not, the level
increase by 2 dB; (d) repeat the previous step for all sentences (simple up-down
procedure [153]); (e) the speech perception threshold is adopted from the average
presentation level of the last eight sentences. Plomp defined it as the speech
reception threshold (SRT) and represents the signal-to-noise ratio at which the
listener correctly identify the 50 % of the speech material [204].

Reliable test

If the test is repeated with another list, the two SRTs values should be similar.
The Figure 3.2 shows an example of a similar adaptive procedure to calculate
the SRT. At the beginning, the step size is 8 dB until the first reversal is reached
(5th trial), from which the step size change to 4 dB until the second reversal is
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reached (gth trial); from there on the step size change to 2 dB. The procedure
finished when the listener reached the sixth reversal. The SRT is calculated by
averaging the SNR level of the last four reversals: third reversal at the 11th trial
(SNR = -20 dB), fourth reversal at the 12th trial (SNR = -18 dB), fifth reversal
at the 14th trial (SNR = -22 dB), and sixth reversal at the 16th trial (SNR =
-18 dB). The Figure 3.2 show that, at the end of the adaptive procedure, an SRT
of -20 dB was achieved (red dash line).

Signal-to-noise ratio [dB]

L L L L Il L
0 2 4 6 8 10 12 14 16
number of trials

Figure 3.2: Changes in SNR during an adaptive procedure to track the SRT
(SNR at 50% speech intelligibility).

After the test developed by Plomp and Mimpen, the speech perception in noise
(SPIN) test was created [22, 174]. Some differences with the previous test were:
(a) the speech material was sentences with low and high predictability; (b) the
target word that must be repeated by the listeners (or keyword), was the last
monosyllable of the sentence; (c) the masker was a multitalker 12-voice bubble-
noise. For the authors, this test would provide a more useful index of “everyday
speech reception” than word materials presented without contextual cues.

After those approaches, different studies were made and many tests were created
to measure the SRT. With the purpose of assess soldiers hearing, the Speech
Recognition in Noise Test (SPRINT) [56] was created, involving the presentation of
200 monosyllabic words in background noise (multi-talker babble). The SPRINT
is administered by an audiometer through earphones with the stimuli delivered to
both ears simultaneously. The monosyllabic words and the background babble are
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pre-recorded at the proper SNR on the same channel of the tape. The test score
is simply the number of monosyllabic words correctly identified. The SPRINT
was developed to assess if the soldiers were able to perform their duties, but it
does not represent the needs of the general population in a common real-listening
situation. The Speech in Noise (SIN) test [82, 127] was designed to evaluate
speech understanding in noise (four-talker speech babble) for both soft (presented
at 40 dB HL) and loud (presented at 70 dB HL) speech in a range of SNRs
that involve easy to very difficult conditions. The test consists of nine blocks of
40 sentences each and the listener must repeat the last five words. The test is
presented at 20, 15, 10, 5, and o dB SNRs. Sentences as target speech is assumed
as more representative of a real-listening situation, but the test assess only one
spatial configuration with the target at 0° and the masker at 90°. The Hearing in
Noise Test (HINT) [178] uses sentences derived from the Bamford—Kowal-Bench
(BKB) [16] sentences with semantic and syntactic context. The speech materials
consist of 250 sentences presented in sets of 10 sentences. When the whole
sentence is correctly identified, it counts as a correct answer. The masker used is
speech-spectrum noise that is held constant in level, while the speech signal is
varied to find the SRT. This test is largely used and it was translated into several
languages. The Words-in-Noise (WIN) test [255, 257] consists of 70 monosyllabic
words spoken by a female speaker and it provides a protocol to evaluate the
abilities of listeners understanding speech in a speech-babble noise consisting of
three females and three males talking simultaneously about different topics (not
intelligible). The test is presented at seven SNRs from 24 to o dB, decreasing in
steps of 4 dB, with a stopping rule of ten incorrect words at one level. The WIN
was validated by other studies [168, 254], but the use of monosyllabic words could
be not enough to represent real conversations. The Realistic Hearing in Noise
Test Environment (R-HINT-E) [235] consists of 250 sentences from the HINT test,
divided into 25 lists of 10 sentences each recorded by 6 males and 6 females for a
total of 3000 sentences. Several configurations of target and masker locations
are available for three different room acoustic conditions. The characterization
of the room environment was made by impulse measures using loudspeakers at
desired positions in the space (in azimuth 45°, 90°, 135°, 225°, 270° and 315°)
and a dummy-head with two microphones in the ears recording the impulses.
The test presents the option to assess several target/masker configurations, but
the technique used does not permit a different assessment in another desired
configuration. The digit-triplet speech-in-noise test [222, 223] consists of 5 lists
of 24 digit-triplets randomly chosen from the set of 120 available digit-triplets.
Each triplet contains three digits between o and g and the masker is a long-term
average speech spectrum (LTASS) noise. The test uses an adaptive procedure to
calculate the SRT. The Quick Speech-in-Noise (QuickSIN) test [128] is composed

30



3.2. Reliable Speech-in-Noise Tests

of the Institute of Electrical and Electronics Engineers (IEEE) sentences [210]
that contains semantic content. The masker is a four-talker babble noise and
the entire test is playback through headphones or loudspeakers. Each of the
twelve lists contains six sentences with five keywords each. Despite delivering
faster results than the SIN test, the sentences provide contextual cues that not
all patients could understand. The Listening in Spatialized Noise (LISN) test [45]
is an adaptive speech test that utilizes ten continuous discourses (stories written
by a novelist) as the target stimulus and looped sentences as the masking noise.
The stories are ranged in length from 3 minutes and 1 sec to 4 minutes and 42
secs. The test investigates the listener’s ability to understand a story when a
masking distractor is coming from different locations in a virtual auditory space
and when the maskers are spoken by either the same speaker as the target or by
different male and female speakers. The Speech Understanding in Noise (SUN)
test [189] is based on the task of multiple-choice recognition of short meaningless
stimuli in noise, specifically, vowel-consonant—vowel (VCV) stimuli (e.g., asa, apa,
etc.). The background noise is a steady speech-shaped noise, i.e. a wide-band
noise generated by filtering a steady-state unmodulated white noise with the
reference long-term average speech spectrum for the specified language. Typically,
12—18 stimuli are used across the different languages and the test duration is
below 1 min per ear. Thus, the SUN can be easily implemented and adapted to
different languages, nevertheless, the meaningless stimuli do not represent real
conversations.

In general, the differences lie on: the speech material, masker type, spatial and
spectral configuration of sound sources, and the means by which the stimuli
are presented to the listeners. The choice of the speech material is critical to
assess speech-in-noise perception in more natural situations. Besides, the listener
must be capable to understand the speech content correctly at a favorable SNR.
Some listeners cannot understand the sentences correctly because of the severity
of their hearing impairment; others cannot understand whole sentences or a
complete story correctly because of limited linguistic skills. Therefore, the test
must minimally depend on linguistic skills and should be feasible for listeners
with hearing loss up to severe hearing impairments (desired also for CI users,
and children). It seemed essential the use of simple familiar words instead of
sentences, to reduce the effects of linguistic skills on the test result. One category
of highly familiar words is comprised of digits. They are in the lists of the most
frequently spoken words, they are known by children at a young age and they
are typically among the first words that are learned in a second language [223].
For that reasons, in this thesis the digit-triplet test was selected as the speech
material (see chapter 5).
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3.3 Spatial Release From Masking

Is well known that listeners have a greater capacity to identify two (or more)
sound sources as different if the sources are spatially separated than co-located
[65, 105, 134]. This ability is helpful in many social situations where listeners are
exposed to several sound sources at the same time such as a crowded street or a
full restaurant. When speech and masker signals are playback at the same time, it
is possible to gain an advantage in speech perception if the masker is located at a
different position than co-located with the speech. This advantage is known as the
spatial release from masking (SRM). It is known that SRM can be considered as
having two components that can provide advantages in understanding the speech
target. One advantage arises from improvements in signal-to-noise ratio (SNR) at
the “better” ear, resulting from the head shadow effect, which is facilitated by the
interaural level difference (ILD) that is particularly robust at high frequencies.
The second component arises from the binaural advantage, which is strongly
related to the interaural time difference (ITD) of the low-frequency content of
the sound sources (see subsection 2.2.5).

The SRM is calculated as:

SRM = SRTcollocated — SRT separated,

where SRT collocated is the SRT calculation in the case when target and masker
are in the same spatial position (in general at 0° azimuth), and SRT separated
is the SRT calculation in the case when target is at 0° and the masker is in a
different spatial location (see Figure 3.3).

Many studies have been conducted to investigate SRM benefits. Bronkhorst
[34] reported that there were differences on SRM depending on the method and
speech material used during the measurement. Plomp [201] used a reverberation
room with varying amounts of inserted sound-absorbing material to show that the
SRM is largely abolished in the presence of reverberation, besides he showed that
there were different SRM benefits if the masker is connected to speech or noise.
Kidd et al. [124] concluded that SRM, using a masker with the same spectrum as
the target, decrease from 7.9 dB in the very low reverberant condition to 2.0 dB
in a high reverberant condition, this, when both sound sources were separated
90°. Marrone et al. [164] showed that, when both sound sources were separated
90° in a reverberant environment, listeners with hearing loss seems not to be
able to make use of the spatial separation benefits as well as the normal-hearing
listeners.

Bronkhorst and Plomp [39] examined different quantities and spatial distributions

32



3.3. Spatial Release From Masking

5 Masker
collocated

|
|
I
[
|
|
|
|

q R Masker
separated

Listener

Figure 3.3: Example of masker configuration to calculate SRM.

of maskers. They found that when the number of maskers increases, the SRM
decrease, furthermore when the maskers were in a symmetric array related the
listener position, the SRM was lower than when maskers were in an asymmetric
array.

Hawley et al. [104] examined different types of maskers under different spatial
conditions for one, two or three maskers. They found that monaural spatial
advantage disappear once multiple maskers are spatially distributed on both
quadrants of the median plane, implying that head-shadow effect plays a minor
role in listening situations when maskers are distributed in both quadrants of
the median plane. On the other hand, the binaural advantage was robust in all
spatial configurations: masker on both quadrants of the median plane or in only
one.

Westermann and Buchholz [247] varied the maskers in distances of 0.5 m, 2 m, 5
m and 10 m, meanwhile, the target was fixed at 0.5 m. Their results showed an
SRM of approximately 10 dB for speech masker at 10 m, but no spatial separation
advantage for speech-modulated noise masker at 10 m.

Therefore, many factors contribute to an increase or diminish SRM including the
measurement paradigm, room acoustic conditions, type of masker, the number
of maskers in the scene, and its spatial distribution. However, while most
current literature focuses on understanding the benefit of spatial separation with
stationary maskers, little is yet known about the effect of spatial separation when
the masker sound source is moving along a trajectory.
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3.4 Predictive Auditory Processing Models

Due to the relevance of assessing speech-in-noise perception, many efforts have
been made to predict speech intelligibility under the influence of noise, reverbera-
tion and hearing loss. The creation of predictive models to assess SRT and SRM
may help in understanding the underlying mechanism of binaural hearing and
may assist in the development and fitting of hearing aids [20]. Models of auditory
processing may be roughly classified into biophysical, physiological, mathematical
(or statistical), and perceptual, depending on which aspects of processing are
considered [120].

Models of binaural speech intelligibility use peripheral preprocessing modeling
outer/middle ear, basilar membrane, and haircells. The models convert the
signals arriving at the ears into an internal representation where a diverse type of
maskers, different spatial positions, psychophysical performance, and the influence
of the room, could be predicted [20, 21, 57, 119, 120, 149, 132].

Numerous studies are concerned with measuring the SRM. A well-known SRM
mathematical model was proposed by Bronkhorst [34], predicting SRM for any
maskers configuration in the horizontal plane given a speech target located at 0°

| o

In this model, N is the number of maskers, 6, is the angular separation of the i-th

azimuth. The mathematical model is presented as follow:

SRMB'ronkha'rst =C

1 < 1
a<1 -~ ;cos(ai)> + BN

Z sin(0;)

masker source with respect to the target, with ¢ = 1,..., N, given in degrees, and
C represents an overall scaling coefficient that reflects differences among testing
paradigms. The values of the regression coefficients o and 3 are 1.38 and 8.02,
respectively. This model splits SRM into two additive components: “separation”,
i.e., angular separation of the masker from the target, and “asymmetry”, i.e.,
degree of asymmetry of the masker configuration, expressed as:

SRM = SRMseparation + SRMasymmetry (2)

Jones and Litovsky [121] found significant differences between their results
and the predictive model of Bronkhorst, in the first 45 azimuth angles of the
SRMeparation component. This fact made them formulate a revised model of
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SRM, where the SRMscparation component was characterized by a new mathe-
matical function and regression coefficients as follow:

N
SRMjg1 = ( Ztanh 307 )
_ 3
7ﬁ Zl 1 + e—0-5(10;]-110) (3)
|04 —90° < 0; < +90°
With 0] = |0; —180] +490° <6, < +180° (4)

16 +180] —180° < 6, < —90°

The scaling factor D serves a similar purpose as the overall scaling factor C in
Bronkhorst’s model. It describes magnitude differences of the SRM function,
which depends on factors such as reverberation time, masker type, the measure-
ment paradigm, number of maskers, target-masker similarity, and the relationship
between masker angle(s) and SRM. N is the number of masker sources, with all
maskers having the same long-term average level, 6; is the azimuth angle of the
i-th interfering source, with ¢ = 1,..., N. A case differentiation for masker angles
07 is defined and it lies between 0° and 90° depending on the respective masker
angles ;. For noise masker, the model is defined for the entire horizontal plane,
and the regression coeflicients are a = 0.23, § = 0.75 and v = o0.15. In the case
of speech maskers, where the model is defined for maskers in the frontal quadrant
of the frontal plane only (—90°to + 90°), the regression coefficients are o« = 0.60
and 8 = o0.41, with v = o.

Until now there is no information about an auditory processing model that could
predict the influence of moving sound sources in SRM.

3.5 How Reverberation Affects Speech-in-Noise Perception

Reverberation is known to reduce the binaural differences generated by the
masking sound thus affecting the SRM [64]. Besides, reverberation distorts the
masking sound in such a way that temporal dips are filled in and distorts the
target speech so that it becomes less intelligible [63, 111].

One of the most powerful strategies of the human auditory system to manage
noise and reverberation is the spatial directivity, which is beneficial as long as

35



CHAPTER 3. Review of Speech-in-Noise Perception

interferers and reflections show different spatial patterns than the target speech.
The auditory system has two related mechanisms to introduce directivity: the
directivity of the ears, and binaural unmasking. The directivity of the ears is
a consequence of the shape of the pinna together with the better-ear-listening
(see subsection 2.2.5). This causes frequency dependent directivity patterns
introducing ILDs which depend on azimuth and elevation of the sound source.
Thus, the auditory system can use the ear with the better signal-to-noise ratio
(SNR) while disregarding the ear with worse SNR. In many daily situations
better-ear-listening is the most beneficial mechanism for speech perception in
complex listening conditions. Another important ability of the auditory system
is to use ITDs or interaural phase differences (IPD) for binaural unmasking [32].
Spatial unmasking depends on the azimuth separation of sound sources because
the head shadow contribution is very dependent on the azimuths location of sound
sources. The contribution of the binaural interaction proved to be relatively
independent of the azimuth separation between sound sources, as long as they
were not co-located. With increasing reverberation, the head shadow component
progressively disappears [201], and spatial unmasking is reduced to its binaural
interaction component. Consequently, it becomes independent of the amount of
angular separation between sound sources [20, 201]. When the investigations
only considered the spatial unmasking associated with binaural interaction, their
results should not depend on the magnitude of the tested azimuth separations
[148].

Plomp [201] investigated SRM measuring the intelligibility of a connected dis-
course as a function of both spatial separation and reverberation. The experiment
was performed in a room having variable acoustic characteristics, with loudspeak-
ers surrounding the listener. The SRM observed in the anechoic condition was
greatly reduced in reverberant conditions. He found that a spatial separation of
90° improved masked threshold for a speech signal presented with a speech masker
by about 5 dB in an anechoic condition and about 2 dB in a highly reverberant
(2.3 s reverberation time) environment. The corresponding advantages using
a speech-shaped noise masker were also about 5 dB in anechoic condition but
less than 1 dB in the highly reverberant room. It was concluded that SRM was
inversely related to reverberation time, suggesting that distortions of the spatial
cues can provide reduced speech intelligibility due to reverberation.

Culling et al. [68] measured SRTs using speech as masker under headphone
reproduction. Target and masker were assessed on two forms of intonations:
monotone and intonated. They used a virtual room simulation that allowed
positioning the sound sources at chosen positions, as well as varying the ab-
sorption coefficient of the room boundaries. Culling et al. compared SRTs for
sentences in reverberant vs. anechoic conditions at different spatial locations.
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They found a significant improvement due to spatial separation of sources for
both intonated and monotone stimuli in the anechoic condition with thresholds
of the monotone speech of 3—4 dB higher than for intonated speech. In the
reverberant condition, thresholds increased for both types of speech, especially
for the spatially separated presentation, causing the spatial separation advantage
to be reduced to less than 1 dB. The spatial unmasking observed in the anechoic
condition was abolished in reverberation.

Beutelmann and Brand [20] measured SRTs with a noise masker, creating their
stimuli from binaural impulse responses measured in three different rooms: an
anechoic room, a small office and a large cafeteria. Again, the SRM was reduced
in the office and the cafeteria compared to the one obtained in the anechoic room.
Zurek et al. [266] found that when the masker was farther away from the listener
than the target, it increased the amount of the detrimental effect of the reverber-
ation, leading to higher masker thresholds.

Kidd et al. [124] measured SRM with noise and speech as maskers, in three
different reverberant conditions (FOAM, BARE and PLEX, from low to high
reverberation). For the noise masker condition, the mean SRM decreased from
7.9 dB in the FOAM condition to 2.0 dB in the PLEX condition. The magnitude
of the SRM depends significantly on the type of the masker.

A binaural room impulse response (BRIR) represents the acoustical transforma-
tion for a sound source in a room as measured at each of the listener’s ears, and
therefore it is influenced by factors such as the acoustic characteristics of the
room, the position and orientation of the source, the position and orientation
of the listener and the locations of other sound reflective objects in the room
such as furniture. The sound reaching a listener’s ear in a reverberant room
consists of three main components: the direct sound (DS), the early reflections
(ERs), and late reverberation (LR). The DS is the sound that reaches the listener
before interacting with any surfaces and thus it is not influenced by the acoustic
characteristics of the listening environment. ERs are defined as reflections that
arrive immediately (<50 ms) after the direct speech. Perceptually, studies have
shown that strong ERs improve speech intelligibility by increasing the loudness
of direct sound [224]. On the contrary, LR (that arrives after early reflections
and is made up of a very large number of delayed and attenuated copies of the
original signal with different amounts of amplitude and phase distortions) is not
perceptually integrated with the DS and it interferes with the intelligibility [225].
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3.6 Studies on Moving Sound Sources

In real-life listening situations, we are confronted with multiple sound sources,
either stationary or moving, that disturb our speech perception. When the
target and masker streams are spatially separated, the differences in binaural
cues available to the listener became important resources for a better speech
perception (see [34] for a review). In natural acoustic scenes, conversations may
become very difficult to understand with masking noises that have movements in
space. Due to technical limitations in creating moving sound sources in listening
experiments, little is yet known about the effect on intelligibility when the sound
sources are moving.

The effect of SRT has been studied by including single or multiple masker sound
sources, which were typically located at static positions [188, 260]. Studies
focusing on moving sound sources have investigated perception and sensitivity
of auditory motion and velocity [48, 49, 159, 161], others have evaluated speech
recognition but when target and maskers suddenly changed their spatial positions
during the stimulus reproduction [7, 42]. Only a few studies with sound sources
in movement have been conducted on intelligibility.

Weissgerber et al. [245] assessed SRM for adults with normal hearing and cochlear
implant (CI) users, employing a speech-in-noise test with a virtual noise source
in movement. The target speech was located at 0° azimuth while the masker was
moving counter-clockwise from 90° to 270° azimuth (i.e., from left to right) at a
constant radius of 0.7 meters. The playback system included 128 loudspeakers and
the virtual masker sound source was created by including time delays and level
adjustments between the loudspeakers. For subjects with normal hearing, the
authors reported an SRM of 4.3 dB (standard deviation of 1.6 dB) for continuous
noise (continuous broadband noise with the same long-term average spectrum
as the target speech). No other movement was reported covering, for example,
azimuth angles in the frontal quadrant of the frontal plane.

Davis et al. [71] evaluated the percentage of correct answers for adults with
normal hearing through a speech-in-noise test with moving sound sources. The
target and maskers were speech, recorded for the same person (male). They
assessed seven experimental conditions: two involved target motion, two involved
maskers motion, one condition involved a sudden change in target position, and
two co-located condition without movement as control conditions. The motion
of sound sources was simulated via amplitude panning between two adjacent
loudspeakers in a 64-channel circular loudspeaker array. The authors conclude
that even small momentary spatial separations at the moment of present the
keywords in the moving cases, led to better performance than with stationary
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cases.

Pastore and Yost [192] evaluated speech intelligibility in adults with normal
hearings, comparing SRTs between conditions where the target was moving
to those where it was stationary. As previous studies determined that the
comprehension of the first part of the target sentence is relevant to understand
the second part [7, 71], they used a one-word target to eliminate this effect, thus
examine how the movement alone affects speech intelligibility. Four conditions
with two or four maskers were tested: target and maskers co-located at 0°
azimuth, two maskers at +45° azimuth, and four maskers at +45° and +90°
azimuth. Only the target was moved between +20° azimuths. To simulate
the target’s movement, amplitude panning was applied to the loudspeakers at
+30° azimuth. A non-significant difference was found between the moving and
stationary conditions, in terms of percent correct keywords and SRM. These
results differed from the ones reported by Davis et al. [71]. Nevertheless, there
are many differences between the two studies and any of those differences could
lead to different results. The probable main distinguishing factor in Davis et
al. [71] was the length of the target source, enabling easier understanding. No
masker in movement condition was tested.
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Experimental Setup

All the experiments performed in this thesis took place in a sound-attenuated
listening booth at the Institute of Technical Acoustics (ITA) Aachen, which has
a volume of V = 10.5 m® (1 x w x h [m®] = 2.3 x 2.3 x 2.0) (Figure 4.1). Further
details on room acoustics inside the booth can be found on Pausch et al. [194].
Participants were seated in front of a display and they were able to use a key-
board for data input. A graphical user interface (GUI) and test routine were
developed in Matlab (The MathWorks Inc., Natick, MA) to playback test stimuli,
record and evaluate responses, and perform the adaptive adjustment of SNRs
(see section 3.2). For the audio playback, an auralization based on a binaural
reproduction technique was used (see section 2.3). The auralized signals were
presented through a pair of headphones (Sennheiser HD 650, Wedemark, Ger-
many) (Figure 4.2). With the use of headphones, the sound is directly played
back over the external ear into the ear canal and the eardrum. Therefore the
influence of the headphones, external ear and ear canal, was compensated in
order to obtain an accurate reproduction of the sound signals at both eardrums
(see subsection 2.3.3). The stimuli presented were audio-only without other help,
for example, from visual cues.

A set of HRTF was convolved with speech stimuli to be rendered in free-field
and reverberant conditions. To reproduce the virtual acoustic conditions, two
software developed at ITA were used.

4.1 Acoustic Virtual Reproduction Software

For the free-field conditions, the virtual acoustic scenes were created using the
software Virtual Acoustics (VA) [114]. Positions of the listener and the target
sound source, as well as the moving trajectory of the maskers, were defined in VA.
The target sound source was always located at 0° azimuth relative to the listener
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Figure 4.1: ITA sound-attenuated hearing booth

Figure 4.2: High quality headphones Sennheiser HD 650
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in VA. The relative distance between the listener position and the positions of
the target and maskers sound sources was fixed at 1 m to avoid biases due to the
Doppler effect.

The reverberant simulations were based on the software library RAVEN [217,
218]. The interfaces of the RAVEN module include functions to define the scene
and run simulations in various configurations. Results of the RAVEN simulation
models have been validated for various conditions [10, 196]. RAVEN defined
state-of-the-art algorithms and it includes hybrid acoustic simulation models to
generate single components of a room impulse response (RIR). This simulator
is also able to implement directivity for the sound sources using DAFF open
source format. Directivity data can be loaded from OpenDAFF database files,
which support octave and third-octave frequency resolution and arbitrary spatial
resolution [244].

For the reverberant conditions a shoebox room with the dimensions 7 m x 6 m x
2.8 m (V= 117.6 m>; S= 156.8 m?) was simulated. To all six surfaces of the room,
absorption and scattering coefficients were applied homogeneously. The scattering
coefficients had a frequency independent value of 0.1. The absorption coefficients
were frequency dependent, leading to different values for the reverberation time
(T20, averaged for the 500 Hz and 1 kHz frequency band) between 0.5 s and
1.31 s. The evaluation of the reverberation times was done according to ISO
3382 — 2 [117] using the ita_roomacoustics function [43] of the ITA-Toolbox [1§],
an open-source project for Matlab. The target sound source was always located
at 0° azimuth relative to the listener, at distance of 1.5 m. To account for the
directionality of the human voice, a source directivity dataset was applied to
the sound sources [133]. For the receiver, a HRTF dataset of an artificial head
developed at ITA [214], with a resolution of 3° in both azimuth and elevation
angles, was assigned. Each HRTF had a length of 256 samples, using a sampling
rate of 44,100 Hz.

4.2 Dynamic Binaural Reproduction

In the test conditions when listeners’ head movement was allowed, the binaural
auralization was conducted in real-time during the experiment by updating the
HRTFs based on the listener position in the virtual scene. An array of four optical
tracking cameras (Flex13 models from OptiTrack, NaturalPoint, Inc., Corvallis,
OR, USA, see Figure 4.3) inside the listening booth was utilized to track a rigid
body attached on top of the headphones worn by the participant to capture the
head movement at a sampling frequency of 120 frames per second and to update
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Figure 4.3: Camera OptiTrack Flex 13, with 1.3 million pixels of resolution and
120 FPS sample rate

the listener’s position in VA (Figure 4.4).

The same set of HRTFs measured from the artificial head developed at ITA [214],
with a resolution of 3° in both azimuth and elevation, was used in the binaural
auralization to render the sound sources in a free-field condition. Instead of
interpolating between HRTFs for head angles located between the measured
HRTF angles that increased overall system latency, the listener head position
was rounded to the nearest angle with which the HRTFs were updated.
Participants were seated in the middle of the room that was completely dark, both
windows closed, with the purpose that listeners could focus only on the acoustic
stimuli. To prevent that the attention of listeners focused on the screen, thus
restricting their head movements, no display in front of listeners was used and all
answers were given out loud. To ensure that participants were not conscious of
changes in the head tracking condition, they were asked to wear the head tracker
cap during the whole test session.
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Figure 4.4: Headphones Sennheiser HD 650 with the rigid body on the top
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Digit Triplet Test

One of the main purposes of this thesis was to assess speech intelligibility by
means of a listening test that can represent more realistic everyday situations.
Also important is to consider possible clinical uses, for that reason, the speech
material must represent, as close as possible, a daily conversation but must be
short enough so it can be plausible its use as a clinical test. For a more realistic
scenario, the use of sentences or continuous speech could be more appropriate,
but the time constraints that a normal clinical assessment has, lead to choosing
short stimuli. To achieve the premises of this thesis, it was decided to use
the digit-triplet speech-in-noise test [222]. The reason is that digits are among
the most frequent words and therefore very familiar (real situations), moreover,
triplets would give more accurate results than using single words. Additionally,
the use of digits made it possible to make the test completely automatic since
the responses can be given by pressing the digit keys on any keyboard.
Currently, the digit-triplet test in the German language was already developed
by Zokoll et al. [265]. They created six different test lists of 27 triplets, thus,
only six different cases could be assessed without repeat the lists due to the
possible learning effect. Nevertheless, in this thesis more than 6 cases were
evaluated during each experiment. Therefore, a new set of German digit-triplets
was developed with the purpose of increasing the number of different test lists.
Following, all the different steps followed for the construction of the test are
presented.

5.1 Construction

The new set of German digit-triplet test was developed based on methods from
Smits et al., Zokoll et al. and the International Collegium of Rehabilitative
Audiology (ICRA, working group on multilingual speech tests) [3, 223, 265]. One
trial of the test is composed of three digits between zero and nine in one utterance.
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The test comprises several lists to assess different cases or scenarios and each list
contains each digit three times at the respective position in the triplet.
Although choosing digits as speech material seems simple, several parameters
of the test have to be selected that are specific for each language, e. g. the
number of syllables of the digits, type of speaker (gender, training, pronunciation),
recording procedures, and type of masker used.

5.1.1 Word selection

To build a digit-triplet test it is possible to choose between ten digits (o to 9)
but, depending on the language, not all of them can be used. To avoid certain
digit being recognized purely by its unique number of syllables, the number of
syllables of each digit needs to be considered to maintain the homogeneity of
the speech material. For example the Dutch digit-triplet test [222] was created
using only the eight monosyllabic digits, for the British English digit-triplet test
[100], the nine monosyllabic digits were selected, but for the Polish digit-triplet
test [187], the ten digits were selected since the proportion of monosyllabic and
disyllabic digits were similar (4 and 6 respectively).

This thesis was developed in the German language and only one of the ten digits
contains more than one syllable (7, “sieben” in German), for that reason, were
choose the nine monosyllabic digits [265].

Previous to the presentation of the speech material, a short pure-tone signal of 1
kHz was playback to focus the listeners’ attention to the following three digits
(keywords of the test).

5.1.2 Speaker

The digits were recorded by a 21 years old female German native speaker using a
normal intonation and constant vocal effort. The speaker’s fundamental frequency
was 237.6 Hz and the recordings took place in the semi-anechoic chamber of
RWTH Aachen University'. The speaker’s mouth and the recording microphone
were separated by approximately 1 m of distance to avoid significant reflections.
To facilitate the test resynthesis, short but distinctive pauses between successive
digits were made.

*The digit-triplet corpus developed in this thesis is open source. DOI: 10.1109/RWTH-2019-
06230.
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5.1. Construction

5.1.3 Recording

For the recording of the triplets, three lists of nine different triplets were composed
containing only once each digit at each position. In this way, the digit-triplets
were created by recording each digit in all three possible sequential positions and
artificially concatenating them with a 200 ms inter-stimulus interval. Thus, the
digit-triplets were created having normal intonation and natural prosody for the
resynthesized material. All recordings were done at a sampling rate of 44.1 kHz
and a resolution of 16 bit.

5.1.4 Resynthesis

With the purpose of creating different lists, each digit at each position in the
recorded triplet was cut, omitting the pauses, and resynthesized into new triplets
in a way that preserves the prosody. For each triplet was used the first-position
recordings for all first, second-position for all second, and third-position for all
third. A pause between successive was added. This procedure allows optimization
of the speech material by adjusting the SRT of each digit in each position to
match the mean digit-wise SRT as closely as possible [265].

5.1.5 Masking noise

The masker was a randomized superposition of all digit-triplets used in the list,
with a random delay up to 4 s between successive repetitions of the speech
items. This resulted in a quasi-stationary noise with the same long-term averaged
spectrum as the target speech. The spectral distribution of the masker is shown
in Figure 5.1.

A masking noise having the same long-term spectrum as the speech material
is recommended [179, 223], since the highest efficiency in energetic masking is
obtained by a spectral match between the average target speech and the masker
[108]. For that reason, with the use of another type of masker such as white noise
or any other speech-shaped noise built from a different speech material, it would
not be obtained the highest efficiency in energetic masking.
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Figure 5.1: Noise power distribution per frequencies between 20 Hz and 20 kHz.

5.2 Optimization

Measures had to be taken to optimize digit triplets and to ensure equal intelligi-
bility across the speech material. The optimization was determined by a speech
intelligibility measurement of the resynthesized speech material at fixed SNRs,
covering the range of 10 % to 9o % in speech intelligibility at a masker level of
65 dB SPL.

A total of 12 young adults (5 female, 7 male) participated in the optimization
test, aged between 21 and 28 years. All participants had normal hearing (pure
tone thresholds < 20 dB hearing level between 125 and 8ooo Hz) at the time of
the experiment and they speak German as their native language. Participants
were seated in the ITA sound-attenuating booth in front of a screen and used a
keyboard for data input (see chapter 4). The speech material of the test consisted
of 27 triplets, where each digit was either in the first, second, or third position in
the triplet. The 27 triplets were tested at seven different SNRs: -2, -4, -7, -10,
-13, -16 and -18 dB. The listeners were asked to recall the three digits of each
trial using the keyboard. In the case when the listener cannot recall one or more
digits, they were allowed to leave the space blank.

The purpose of the optimization measurement was to obtain a digit-wise intelligi-
bility function for each digit played back at each position. For that reason digit
scoring was used, that means the score as correct or incorrect was taken into
account for each digit in each position of the triplet. A level adjustment for each
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digit in each position was made to reach the SRT at 50% of intelligibility. If the
SRT of a certain digit is not close to the mean digit-wise SRT, an adjustment up
to 4 dB could be made. If the necessary adjustment is bigger than 4 dB, that
digit in that specific position of the triplet could be eliminated. In this thesis
two cases were reported out of these boundaries: digit eight in the first position
and digit four in the third position.

5.3 Evaluation

After the optimization procedure, 14 lists containing 24 digit-triplets were created.
In all lists, each digit in each position appears three times, but all triplets in all
lists are unique, which means that none triplet was repeated.

A second listening test was performed to derive the psychometric function of the
new digit-triplet test that will be used as speech-in-noise materials. A subset of
seven lists was randomly chosen to be tested under three SNRs corresponding
about 20 %, 50 % and 8o % of speech intelligibility at a masker level of 65 dB
SPL.

A total of 18 young adults (9 female, g male) participated in the evaluation test,
aged between 18 and 36 years. All participants had normal hearing (pure tone
thresholds < 20 dB hearing level between 125 and 8000 Hz) at the time of the
experiment and they speak German as their native language. The listeners who
participated during this phase were different from those who participated in the
previous optimization test. The speech material involved seven lists of 24 triplets
and it was tested at three different SNRs: -7, -9 and -11 dB. The listeners were
asked to recall the three digits of each trial using the keyboard. In the case when
the listener cannot recall one or more digits, they were allowed to leave the space
blank.

The purpose of the evaluation measurement was to obtain a triplet-wise intelli-
gibility function for each digit-triplet. For that reason triplet scoring was used,
that means, the three digits of the triplet must be correctly answered to count
as a correct response. A logistic model function (Eq. 5.1) was fitted to the
speech intelligibility data of all participants, with the purpose of obtaining the
triplet-wise psychometric function [265].

. 1
1+ eds(SRT — SNR))

Speech Intelligibility (SNR) =y + (1 — y) (5.1)

In the Eq. 5.1, SNR correspond to the signal-to-noise ratio, y is the chance level
(in this case 0.1, since there are ten alternatives for all digits on the keyboard)
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[223, 265], SRT is the mean speech reception threshold (SNR at 50 % of speech
intelligibility) and s represent the slope at the SRT.

The digit-wise and triplet-wise psychometric functions of the subset of seven
unique lists are reported in Table 5.1, alongside that from Zokoll et al. [265]. The
mean SRT reported was calculated from SRTs interpolated from the psychometric
functions at 50% intelligibility performance. With a similar mean slope but lower
mean SRT, the psychometric functions of the seven new digit-triplet lists share
similar shapes but overall better intelligibility by 2.6 dB than those from Zokoll
et al. The improvement on the intelligibility of the new digit-triplet test could
have been due to the use of a different voice for the recordings, the use of a
normal intonation and natural prosody, or individual differences of listeners.
The subset of the new digit-triplet test was deemed validated since the mean
slope and standard deviation remain similar to that of Zokoll et al. Although
no psychometric function was explicitly derived with listeners due to prolonged
experiment duration, the other half of the digit-triplet lists shall share similar
properties as the seven lists shown in Table 5.1 under the assumption that all
lists were created and optimized using the same procedure.

Table 5.1: Parameters of psychometric functions in the digit-triplet test created
by [265] and from the present thesis, both digit- and triplet-wise
scoring. The mean SRT of 50% intelligibility and the mean slope of
the psychometric functions are listed with standard deviation o.

SRT + o [dB| Slope + o [%/dB]

Zokoll et al. (2012), digit-wise -11 £ 0.2 14.5 £ 1.3
Zokoll et al. (2012), triplet-wise -9.3 £ 0.2 19.6 £ 2.2
Present thesis, digit-wise -12.2 £+ 0.3 12.8 £ 1.8
Present thesis, triplet-wise -11.9 £+ 0.2 18.8 £ 2.1

5.4 Sequence presentation

The presentation sequence of a typical trial is illustrated in Figure 5.2. In each
trial, the duration of the masker was constant at 4 s. The masker stream started
500 ms before the target stream onset. The target stream, always located at
0° azimuth, began with a 750 ms leading pure tone (1 kHz). The leading pure
tone was always presented at 3 dB louder than the target stimuli. The inter-digit
interval was variable within each digit-triplet. Since the shortest and the longest
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digit-triplet was 1750 ms and 2100 ms, respectively, variables silent times between
350 and 250 ms were used. Thus, when the masker was circularly moving, the
midpoint of the first digit was played back at 1.8 s + 0.2 s, the midpoint of the
second digit was played back at 2.6 s + 0.2 s, and the midpoint of the third digit
was played back at 3.4 s & 0.2 s.

Target stimuli

a) }—1 leading tone — 1% Digit —{2"¥ Digit}—{ 3" Digit}—

| | I |
0 sec 1.25 sec | 2.6 sec | 4 sec
1.8 sec 3.4 sec
c) } i
Masker
0 sec 4 sec

Figure 5.2: Sequence of the digit-triplet test. (a) Illustrations of the digit-triplet
stimulus playback stream. (b) Mean playback time of all digits in
each position of the triplet. (c¢) Timeline of the noise masker.
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Dynamic Speech-in-Noise Test

In real-life environments, people often listen to speech mixed with distracting
masking noises. The maskers could be stationary such as a blender machine or a
microwave, but generally, the maskers are moving around us. Only a few speech
perception studies have evaluated moving sound sources (see section 3.6). Most
current research has focused on assessing speech-in-noise perception for station-
ary sound sources (see chapter 3), despite real-life environments are constantly
moving. Therefore, due to the variety of moving maskers in everyday situations,
evaluate SRM (see section 3.3) of a moving masker was considered of utmost
importance. In this experiment, the SRM calculation for moving maskers is to
be understood in terms of dynamic spatial release from masking (DSRM).

The movements of the maskers are unpredictable. It is possible to find different
types of trajectories such as radial movements (a car driving away in a straight
line), circular movements (a waiter walking around our table in a restaurant) or
a completely random trajectory. In order to facilitate the analysis, only circular
movements at a constant radius were assessed in this section. Keeping a constant
radius throughout the entire movement of the masker, the sound pressure level
(SPL) at the center of the circumference (position of the listener) remains constant,
thus facilitating the analysis. Despite the simplification of the masker’s movement,
the masker’s trajectory could be clockwise or counterclockwise. Therefore two
different masker trajectories, with the target always at the front of the listener in
0° azimuth, were evaluated:

Masker trajectory away
The movement of the masker starts at the same position as the target (co-located)
and then moves away from the target position to a different azimuth angle.

Masker trajectory toward
The other possibility is that the masker starts its movement in any azimuth angle
(e.g. in 90°) and then moves toward the target position at 0°.
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Evaluating several angular movements, both away and toward the target, it will
be possible to bring insight into spatial separation benefits of a moving masker.
Allen et al. [7] carried out a similar experiment. The stimuli were taken from
the coordinated response measure (CRM) corpus [26]. It consists of sentences
which take the form “Ready [call sign] go to [color| [number| now”, where the
call sign consisted of the target identifying “Baron” or one of the masking call
signs (“Charlie”, “Ringo”, “Eagle”, “Arrow”, “Hopper”, “Tiger” and “Laker”). Colors
were chosen from red, white, blue, and green and the numbers from 1 to 8. Thus,
the task was identifying in the first segment the call sign and repeats the two
keywords: the color and the number. The target talker was identifying by the call
sign “Baron” and the participants have to identify both of the keywords following
the call sign in the presence of two masker talkers with different call sign and
scoring words. They analyzed four masker conditions:

Co-located
Target and both maskers were played back from the central loudspeaker.

Separated

Target was played back from the central loudspeaker, one masker was played
back from a loudspeaker 30° to the right and the other 30° to the left from the
central loudspeaker.

Start separated
Target and maskers start as in separated condition but maskers change the
position to the central loudspeaker after 700 ms (just after the identifying call

sign).

Start co-located
Target and maskers start from the central loudspeaker as in co-located condition
but maskers change the position as in separated condition after 700 ms.

They tested two conditions with maskers stationary and two conditions with
maskers changing suddenly the positions, not moving. For all participants, the
SRMs (in dB) were higher for the case start separated than the co-located. This
indicates that spatial separation between target and masker, even during the
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beginning of the stimulus only, provides a significant advantage than when both
sources are co-located during the entire stimulus.

In the current experiment, the movement "toward" begins its movement separated
from the target, thus, it could have an advantage with respect to the movement
"away" that begins its movement co-located with the target. Therefore, the
hypothesis is that the masker moving toward will show greater SRM than the
masker moving away.

The aims of this experiment were (1) to investigate the SRM benefits of a moving
masker (DSRM) and (2) compare between two trajectories (away and toward) if
listeners reach different DSRM benefits.

6.1 Experimental Methodology

A total of 28 young adults (13 female), aged between 19 and 36 years, com-
pleted the listening experiment. All participants had normal hearing (pure tone
thresholds < 20 dB hearing level between 125 and 8ooo Hz) at the time of the
experiment and they speak German as their native language. Each participant
was provided instructions regarding the tasks and they gave written consent prior
to testing.

Speech stimuli samples were a set of German digit-triplet tests (see chapter 5).
The masking noise was a randomized superposition of all digits used in the test
(see subsection 5.1.5), resulted in a quasi-stationary noise with the same long-term
averaged spectrum as the target speech. For the audio playback, an auralization
technique based on a binaural reproduction was used (see section 2.3).

The test was carried out in the ITA sound-attenuated listening booth (see chap-
ter 4). The target stream of digit-triplet is defined in section 5.4. The listeners
were asked to recall the three digits of each trial using the keyboard. In the case
when the listener cannot recall one or more digits, they were allowed to leave the
space blank.

Testing with each subject was organized into 11 cases for which 11 lists of digit-
triplets were used. Each participant performed one case with masker stationary
at 0° (baseline for all DSRM calculation) and ten cases with masker moving away
or toward the target position in: 15°, 30°, 45°, 60° and 90°. Figure 6.1 provides
a graphical illustration of all the cases.

Each digit in the triplet was scored as correct only when the digit itself and the
sequential position were correctly identified. Possible scores of each digit-triplet
trial were o %, 33 %, 66 %, and 100 %. A simple up-down adaptive procedure
(see section 3.2) was used to track the SNR at 50 % speech intelligibility by
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l Stationary ‘ ‘ Masker moving away from the target position ‘

60

T<\30° T

S ”@@@

l Masker moving toward to the target position

Figure 6.1: Graphical representation of all cases in this study and the masker
position/movement. Five different masker movements (15°, 30°,
45°, 60° and 90°) for two trajectories (away and toward the target
position) were evaluated. T denotes the target sound source location
and M is masker position/movement during the trial.

changing the target level while keeping the masker level at 70 dB (re 20 pPa).
The initial masker level was played back at 70 dB (re 20 pPa), resulting in o dB
SNR. The initial step size was set to 4 dB until the first reversal was reached,
from which on, the step size was 2 dB. Each test case finished when participants
reached sixth reversals or the twenty-fourth trial that is the maximum number
of trial in each list®. The SRT was calculated of the average from the last four
reversals.

6.2 Results

A repeated-measures analysis of variance (ANOVA) was fitted to the SRT data
with masker conditions (stationary at 0° vs. moving away 15° vs. moving
toward 15° vs. moving away 30° vs. moving toward 30° vs. moving away
45° vs. moving toward 45° vs. moving away 60° vs. moving toward 60° vs.
moving away 90° vs. moving toward 90°) as the within-subjects variable. The
ordinate of Figure 6.2 shows mean SRT data in decibels over different masker

?None of the participants reached the twenty-fourth trial.
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Figure 6.2: Speech reception threshold (SRT) measured for eleven different
masker conditions: stationary at 0°, and moving away and toward
the target position (15°, 30°, 45°, 60° and 90°).

conditions on the abscissa. The ANOVA revealed a significant main effect of
masker conditions [F(10,130) = 35.55, p < .001], showing higher SRTs for shorter
degrees of separation than for larger degrees of separation between the target
and masker. A Bonferroni-corrected pairwise comparison was applied to examine
possible differences between the movement of the masker away or toward the
target position, nevertheless the differences were no significant (p > .o5) for
all five degrees of movements (see Figure 6.2). Figure 6.3 shows the measured
DSRM for masker trajectories away and toward the target position across various
movements.

DSRMs were calculated by subtracting the SRT from masker at stationary 0°
from the SRT in each masker trajectory. The DSRM data has the following
factors: movement of the masker (five levels: 15, 30, 45, 60 and go degrees)
and masker trajectory (two levels: away and toward). A significant main effect
of movement of the masker [F(4,52) = 51.38; p < .001] was found, but a not
significant main effect in the masker trajectory [F(1,13) = 0.04; p > .05). The
interaction between the two factors also was not significant [F(4,52) = 0.31; p
> .05]. As seen in Figure 6.3 movement away or toward the target, resulted in
similar DSRM across all five movements.
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Figure 6.3: Dynamic spatial release from masking (DSRM) measured for five
different masker movements (15°, 30°, 45°, 60° and 90°) and for
two trajectories: away and toward to the target position.

A pairwise comparison with Bonferroni correction was used to examine more
closely the main effect of movement. Only the relation between 45° and 60° was
found not significant different (p > .o5). All the remaining relations were found
significant different (p < .0o1) with masker moving away from the target (1) 15°,
mean (M) = o0.53, standard deviation (SD) = 2.4, (2) 30°, M = 2.55, SD = 1.7,
(3) 45°, M = 4.25, SD = 2.4, (4) 60°, M = 5.42, SD = 2.1, and (5) 90°, M =
6.64, SD = 1.6. Due to the similar results between away and toward movements,
only the mean results of the masker trajectory away were reported.

6.3 Discussion and Conclusions

An experiment to assess DSRM with a masker moving in several azimuth angles
was done. Two masker trajectories and five masker movements were evaluated

only in the frontal quadrant of the frontal plane, with a maximum movement of
90°.
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The DSRMs results showed a progressive increment of benefits (in dB) as the
masker’s movement became longer. Nevertheless, studies of SRM with stationary
maskers reported greater benefits than those measured in this experiment. For
example, the measured masker movement of 90° has a mean DSRM of 6.64 dB
and for a stationary maskers at 90° a SRM of around 9 dB was reported [34,
121]. This difference was expected, due to the spatial separation benefits for a
masker in movement is variable, unlike a stationary masker that have constant
benefits during the entire trial. In the next chapters, several comparative analyses
between moving and stationary maskers, under different auditory conditions, are
shown. The comparative analysis has the purpose of evaluating if the different
SRM between moving and stationary maskers are caused solely by the movement.
No significant difference was found between trajectories away and toward the
target position. This finding is not consistent with those from Allen et al. [7].
However, there are many differences between the two experiments. One important
difference is the type of the masker. Meanwhile, Allen et al. used speech as a
masker, in this experiment a quasi-stationary noise with the same long-term
averaged spectrum as the target speech was used. Allen et al. suggested that
initial spatial separation (comparing start separated versus co-located cases)
could act as a prime aiding identification of maskers and target using nonspatial
differences in the talkers. This advantage could have been unavailable in the
current experiment since the masker was not speech.
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Dynamic SRM: Binaural and
Monaural Contributions

It is well known that listeners have a greater capability to identify two (or more)
sound sources as different if the sources are spatially separated than co-located
[65, 105, 134]. This ability is helpful in many social situations where listeners are
exposed to several sound sources at the same time such as a crowded street or
a full restaurant. When speech is presented together with a noise masker, it is
possible to gain an advantage in speech intelligibility if the masker is located at
a different position than co-located with the target (see section 3.3).

Many factors contribute to improve or reduce SRM including the measurement
paradigm [34], room acoustic conditions [68, 124, 147, 247], type of masker [40, 85],
the number of maskers in the scene and its spatial distribution [39, 104]. However,
most studies have focused on maskers that are located at stationary positions,
therefore, the effect of a moving masker has not yet been well documented.
Recent SRM studies, assessing moving versus stationary maskers, demonstrated
that even a small momentary spatial separation led to better performance in
speech-in-noise perception (see section 3.6). For that reason, even with so few
SRM studies with moving sound sources, it is possible to find support to expect
differences in SRM between moving and stationary sound sources. Consequently,
the movement could be another factor to consider in a SRM evaluation.
Currently, there are several models to predict SRM. The models are suitable for
different types of maskers and for multiple masker locations in the horizontal plane,
however, they may not be suitable for predicting DSRM. Both mathematical
models described in section 3.4 have been successfully evaluated predicting SRM
for several maskers in stationary positions [67, 169], for that reason, examine
their validity in cases with moving maskers is worthwhile. In the following text,
both models [34, 121] are to be understood in terms of the stationary models.
To examine whether the stationary models can predict DSRM, a comparison
between predicted SRM and DSRM must be carried out. It was considered that
drawing a direct comparison between stationary and moving masker conditions
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is not accurate (e.g., SRM of a stationary masker at 90° azimuth versus SRM of
a moving masker from 0° to 90° azimuth) because, for a stationary masker, the
SRM is constant during the entire stimulus but for a moving masker the SRM
is continuously changing in time. For that reason, the SRM predicted by the
stationary models were calculated taken the accumulated SRM from 0° (target
position) to a certain 6 degree of separation (see equation 7.1 ). Therefore, the
DSRM was compared with the accumulated SRM predicted by the stationary
models.

0
SRMaccumulated = / SRM(O)dO (71)
0

Taking into account what was mentioned in subsection 2.2.5, the SRM is compose
of the sum of two components: monaural advantage that arises from the improve-
ments in SNR at the better-ear, and binaural advantage that arises from the
binaural unmasking (especially by ITDs).Therefore, a two-masker configuration,
moving away from the target, are measured to assess the contribution of each
DSRM component:

Binaural component

The binaural contribution is possible to determine by measuring DSRM in a
bilaterally symmetric two-masker configuration, in which one masker is moving
from 0° to 6 degrees to the left of the target and the other masker is moving from
0° to 6 degrees to the right of the target. Under this condition the better-ear
effect is cancel and only the binaural contribution is measured [104, 121]. For
the following, this bilaterally symmetric two-masker configuration will denote as
the “—0/46” configuration:

Binaural contribution = SRM(—0/ + 0),

0 represents the reached final degree at the end of the movement of the masker,
negative values are movements to the left; and positive angles are movements
to the right. In this section, all trajectories of maskers are circular movements
maintaining the same radius during the entire stimulus.

In consequence, for cases with moving maskers will be:

Binaural contribution = DSRM(—0/ + 0) (7.2)
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Better-ear component

The contribution of the better-ear effect could be examined by measuring DSRM
in an asymmetric masker configuration of the form “46/46”, in which the two
maskers are moving together in the same direction. Nevertheless, with this
configuration the binaural contribution is not canceled. For that reason, to
examine the better-ear contribution only, the binaural contribution calculated
with the masker configuration —/+460 must be subtracted:

Better — ear contribution = DSRM(+60/ + 0) — DSRM(—6/ +60) (7.3)

The target playing back digit triplets was always positioned in front of the
listener at 0° azimuth in the virtual scene. The two maskers played back the
quasi-stationary noise described in subsection 5.1.5.

A DSRM analysis with maskers moving on different trajectories could, therefore,
bring insight into dynamic binaural speech intelligibility. Therefore, the aims
of this experiment were (1) to investigate the respective DSRM better-ear and
binaural contributions, and (2) examine whether the stationary models can predict
DSRM.

7.1 Basic Concepts

The auditory perception of stationary stimuli was based on psychophysical studies
as evidenced by Weber, Fechner, and Stevens laws [11, 79, 163, 232]. With the
inclusion of moving sound sources in the current studies, it would be necessary
to review some concepts to be applicable for stimulus in movement.

To know how to assess speech perception for moving sound sources, it is necessary
to review the concepts largely applied on stationary stimuli, thus, knowing if it
is possible to extend them for moving cases also.

How was explained before in chapter 3, one of the most widely parameters used
to assess speech perception is the SRT and the SRM. Plomp [204] defined SRT as
the SNR in decibels at which the 50 % of the speech material (words or sentences)
is correctly identified. Calculating the SRT requires a psychophysical analysis
that relates the perceived proportion of words (speech target) to a physical ratio
(SNR between target and masker) as presented by Gelfand et al. [86]. The
difference for moving sound sources is that the SNR is not constant during the
entire stimulus. Nevertheless, our interpretation is that the SRT represents the

61



CHAPTER 7. Dynamic SRM: Binaural and Monaural Contributions

/M T T
M M
’ SRT collocated ‘ ’ SRT separated ‘ ’ SRT movement ‘

Figure 7.1: Target/Masker (T/M) configurations to calculate SRM. Masker
sound sources were either located at stationary positions or moving
along a trajectory.

capacity to understand speech under any masker condition, no matter if the
masker is stationary or moving, at 50 % intelligibility.

Davis et al., Pastore and Yost, and Weissgerber et al. [71, 192, 245] assessed
stationary and moving sound sources in a speech-in-noise task (see section 3.6).
In these experiments, SRT, SRM, and percent of correct answers were evaluated
as a measurement of speech-in-noise perception. Although they did not report
it specifically, it is possible to assume that their interpretation was similar to
that in this thesis. They used the same procedure indistinctly for stationary or
moving sources to calculate SRT or percent of correct answers. This fact points
out that the goal is to know how much is possible to perceive in a speech-in-noise
test, no matter the condition of the masker.

The SRM is computed as: SRM = SRTcoliocated — S RTseparated (see Figure 7.1)
for a stationary masker. Therefore, due to the previous explanation, it is also
possible to extend this concept for moving maskers, defining the DSRM as:

DSRM = SRTcollocated - SRTmO’UE’me’FLt (74)

S RTotiocated TEPresents the static case where the masker is collocated with the
target over the entire stimulus (typically at 0° azimuth), whereas SRTmovement
represents any case with a moving masker. Also it could be applicable for a
target in movement, but in this thesis only the masker moves.
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7.2 Experimental Methodology

A total of 14 young adults (4 female, 10 male) participated in the test, aged be-
tween 21 and 39 years. All participants had normal hearing (pure tone thresholds
< 20 dB hearing level between 125 and 8000 Hz) at the time of the experiment
and speak German as their native language. Each participant was provided
instructions regarding the tasks and they gave written consent prior to testing.
Speech stimuli samples were a set of German digit-triplet tests (see chapter 5).
The masking noise was a randomized superposition of all digits used in the test
(see subsection 5.1.5). It is important to mention that 48 independently generated
maskers were used in this experiment. The computer routine randomly selects
two of the 48 maskers for been playing back in the first trial. For the second
trial the two maskers previously used were not available anymore and another
two randomly maskers were selected. Because each list contain a maximum of 24
trials, none pair of maskers was repeated. This routine started over for each list
(each case tested).

For the audio playback, an auralization technique based on a binaural reproduc-
tion was used (see section 2.3).

The target stream of digit-triplet is defined in section 5.4. Once both the target
and masker streams finished, a GUI window appeared for participants to enter
the digit triplet (see chapter 4). The listeners were asked to recall the three digits
of each trial using the keyboard. In the case when the listener cannot recall one
or more digits, they were allowed to leave the space blank.

Testing with each subject was organized into 12 cases for which 12 lists of digit-
triplets were used. The order of the cases was balanced across subjects in a Latin
Square design. All tested cases are shown in Figure 7.2. Two stationary cases
were assessed as control measurement: two maskers at 0° (baseline for all DSRM
calculation) and two maskers at 90° to the right of the listener (to compare with
the stationary models). Ten moving two-masker configuration were assessed in
this experiment. Five cases to evaluate DSRM(-0/+60) and five cases to assess
DSRM(+6/+0) were used to examined the binaural and better-ear contributions
(see equations 7.2 and 7.3). The angular movements of maskers always started
from 0°.

Raw DSRM results were used to calculate:

DSRM(+6/+6): The masker array was asymmetrical, with both maskers
moving together to 15°, 30°, 45°, 60° or 90°.

DSRM(-0/40): The masker array was symmetrical, with one masker moving to
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the left and the other to the right at the same time, to 15°, 30°, 45°, 60° or 90°.
With this configuration was obtained the binaural contribution (see equation

7.2).

DSRM(+60/+6)-DSRM(-0/+0): With this subtraction is obtained the better-
ear contribution (see equation 7.3).

Two maskers stationary ‘

T
MM

O Om

l +6/+0 maskers array ‘

| +15/+15| [+30/+30] | +45/+45 | [+60/+60 | [+90/+90]

l -0/+0 maskers array ‘

T T T
15°0 'NV15°  30°¢  V30° o .
MRS Rt 45 Mf Y 35

[-15/+15 | [-30/+30|
. (‘T\ ] T

Figure 7.2: Graphical representation of all conditions tested in the current
experiment showing the masker’s location/trajectory. T represents
the target sound source and M is the masker source position or
movement during the trial. * represent both maskers stationary at
+90°
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Each digit in the triplet was scored as correct only when the digit itself and the
sequential position were correctly identified. Possible scores of each digit-triplet
trial were o %, 33 %, 66 %, and 100 %. A simple up-down adaptive procedure
[154] was used to track the SNR at 50 % speech intelligibility by changing the
target level. The initial masker noise was played back at 70 dB (re 20 uPa),
resulting in o dB SNR. The initial step size was set to 4 dB until the first reversal
was reached, from which on the step size was 2 dB. Each case finished when
participants reached sixth reversals or the maximum trial number of twenty-
four (none of the participants reached the maximum trial number). The SRT
was calculated using the MATLAB psignifit toolbox (version 3.0), applying the
methods described by Wichmann and Hill [249, 250].

To examine whether the stationary models can predict DSRM, a comparative
analysis was made between current DSRM results and the accumulated SRM
prediction of the stationary models. Figure 7.3 shows the SRM prediction of both
stationary models when target is at 0° and the masker change the location from
0° to 90°. At the same time, the figure shows the accumulated SRM prediction
of both stationary models when the masker move from 0° to 90°.

10
—Bronkhorst model

- - Bronkhorst model accumulated
- Jones and Litovsky model

7 - - -Jones and Litovsky model accumulated e

Spatial Release from Masking [dB]
«

0 5 10 15 20 25 30 35 40 45 50 55 60 65 70 75 80 85 90
Azimuth [degrees]

Figure 7.3: SRM prediction for both stationary models when target is at 0° and
the masker at different locations between 0° and 90° together with
the accumulated SRM of both stationary models when the masker
move from 0° to 90°.
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7-3 Results

According to Bronkhorst [34], and Jones and Litovsky [121], the predicted SRM
for a stationary masker separated by 90° from the target source is 9.4 dB and 8.8
dB (for a noise masker), respectively. Results using one-sample t-tests suggest no
significant deviation of the measured SRM with two stationary maskers at 90°
(M = 9.11 dB, SD = 1.6 dB) from the predicted values of Jones and Litovsky’s
model, p > .05, and Bronkhorst’s model, p > .o5. Hence, it is reasonable to
conclude that SRM measured in virtual acoustic environments, as done in the
current thesis, aligned closely with the existing models of SRM for stationary
maskers.

To analyze the contribution of both DSRM components together, a two-way
ANOVA was fitted to the DSRM data in the +60/+6 configuration with factors:
masker conditions (five levels: 15°, 30°, 45°, 60° and 90°) and model’s prediction
(three levels: prediction of Jones and Litovsky model, prediction of Bronkhorst
model, and moving masker results). A significant main effect was found for both
factors (masker conditions [F'(4,52) = 340.01; p < .0o1] and prediction [F(2,26)
= 6.55; p = .004]) as well as the interactions between the two factors (masker
conditions and prediction [F(8,104) = 5.30; p < .001]).

A pairwise comparison with Bonferroni correction was used to examine more
closely the main effect of model’s prediction. For the masking moving 15°
condition, a significant difference between the moving masker results with the
prediction of Jones and Litovsky model was found (p = .03). For the masking
moving 30° condition, the difference was no significant between the moving
masker results and both stationary models (p > .05). For the masking moving
45° condition, a significant difference between the moving masker results with the
prediction of Bronkhorst model was found (p = .008). For the masking moving
60° condition, the difference was no significant between the moving masker results
and both stationary models (p > .o5). For the masking moving 90° condition, a
significant difference between the moving masker results with the prediction of
Bronkhorst model was found (p = .01). Figure 7.4 shows the measured DSRM
for the +6/+60 configuration across several masker movements together with the
accumulated SRM prediction for Jones and Litovsky, and Bronkhors models. The
error bars show g5 % confidence intervals.

To analyze the binaural contribution only, a two-way ANOVA was fitted to the
DSRM data in the -6/+6 configuration with factors: masker conditions (five
levels: 15°, 30°, 45°, 60° and 90°) and model’s prediction (three levels: prediction
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Figure 7.4: DSRM is shown for moving maskers to 15, 30, 45, 60 and go degrees,

together with predicted SRM of both stationary models for the
+60/+0 masker configuration.
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of Jones and Litovsky model, prediction of Bronkhorst model, and moving masker
results). A significant main effect was found for both factors (masker conditions
[F(4,52) = 20.29; p < .001] and prediction [F(2,26) = 34.66; p < .001]) as well
as the interactions between the two factors (masker conditions and prediction
[F(8,104) = 3.22; p = .003]).

A pairwise comparison with Bonferroni correction was used to examine more
closely the main effect of model’s prediction. For the masking moving 15°
condition, the difference was no significant between the moving masker results
and both stationary models (p > .05). For the masking moving 30° condition,
a significant difference between the moving masker results with the prediction
of Jones and Litovsky model was found (p = .004). For the masking moving
45° condition, a significant difference between the moving masker results and
both stationary models was found (p < .o05). For the masking moving 60°
condition, the difference was no significant between the moving masker results
and both stationary models (p > .o5). For the masking moving 90° condition, a
significant difference between the moving masker results with the prediction of
Bronkhorst model was found (p = .001). Figure 7.5 serves two different functions,
in addition to reporting DSRM in the -6/+46 configuration together with the
accumulated SRM prediction for Jones and Litovsky, and Bronkhors models, also
gives estimates of binaural contribution for different movements of the masker
(see Eq. 7.2). The error bars show g5 % confidence intervals. To analyze the
better-ear contribution only, a two-way ANOVA was fitted to the DSRM data in
the configuration of equation 7.3 (subtraction between results of Figure 7.4 and
Figure 7.5), with factors: masker conditions (five levels: 15°, 30°, 45°, 60° and
90°) and model’s prediction (three levels: prediction of Jones and Litovsky model,
prediction of Bronkhorst model, and moving masker results). A significant main
effect was found for both factors (masker conditions [F(4,52) = 153.47; p < .001]
and prediction [F'(2,26) = 7.13; p = .003]) as well as the interactions between
the two factors (masker conditions and prediction [F(8,104) = 2.82; p = .007]).
A pairwise comparison with Bonferroni correction was used to examine more
closely the main effect of model’s prediction. For the masking moving 15°, 30°,
60°, and 90° conditions, the difference was no significant between the moving
masker results and both stationary models (p > .o5). For the masking moving
45° condition, a significant difference between the moving masker results with
the prediction of Jones and Litovsky model was found (p = .009). Figure 7.6
shows the measured DSRM for the masker configuration described in equation
7.3 across various masker movements, also, the accumulated SRM calculation for
Jones and Litovsky, and Bronkhors models. The error bars show g5 % confidence
intervals.

68



7.3 Results

@ Prediction Jones and Litovsky model
4 Prediction Bronkhorst model
- Moving maskers

o

I

N

o

Dynamic Spatial Release from Masking [dB]

Moviné to 15° Movind to 30° Moviné to 45° Movingi to 60° Movind to 90°
Masker Conditions

Figure 7.5: DSRM binaural contribution for maskers moving 15, 30, 45, 60 and
go degrees, together with predicted SRM of both stationary models.
The Binaural component is examined with the symmetric masker
configuration -6/+6.
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Figure 7.6: DSRM better-ear contribution for maskers moving 15, 30, 45, 60
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and go degrees, together with predicted SRM of both stationary
models. The better-ear component is examined with the masker
configuration described in equation 7.3.



7.4. Discussion and Conclusions

7-4 Discussion and Conclusions

The main motivations for this experiment were to assess the DSRM better-ear
and binaural contributions, and examine whether the stationary models can
predict DSRM.

In general, the comparison between DSRM and the predicted SRM of stationary
models reveals some differences.

Binaural component: Comparing with Bronkhorst model, movements of 15
and 30 degrees were well predicted, but for movements of 45 and go degrees the
model underpredicts the results. For the other hand, comparing with the Jones
and Litovsky model, movements of 15, 30 and go degrees were well predicted,
but for movements of 30 and 45 degrees the model overpredicts the results.

Better-ear component: Comparing with Bronkhorst model, all movements
were significantly well-predicted. For the other hand, comparing with the Jones
and Litovsky model, movements of 15, 30, 60 and go degrees were well predicted,
but for movements of 45 degrees the model underpredicts the results.

The comparison between stationary and moving maskers showed that not all
moving results were predicted by the stationary models, therefore, the movement
could have a certain influence on the listener’s intelligibility. A possible expla-
nation could be the “sluggishness” of the binaural system [95]. This effect has
often been modeled by a device which acts like a filter, smoothing fast changes
in interaural configurations [2]. It will be necessary more research to isolate the
contribution of the movement to the human intelligibility.

For future studies, it could be important to know how both binaural and monaural
contributions change for larger masker movements, reaching angles behind the
head. It would also be interesting to know if the DSRM have a different gain in
dB when another type of masker is applied and/or a different speech target is
used. Finally, a unique predictive model unifying static and moving cases could
be relevant to understand dynamic binaural processes.
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Listeners Head Movements in a
Dynamic Speech-in-Noise Test

The head movements in speech perception tasks are been studied since Kock
(1950) [134]. He found that the intelligibility increase when turning the head away
from the speech source. Additional, he was the first to map out thresholds of
speech-in-noise perception as a function of head orientation away from the speech
target [93]. However, despite Kock’s findings, several studies have proposed
that for clinical trials the listener should be placed in front of the speech source,
arguing that this is a more natural listening attitude [36, 135, 205].

A theoretical model proposed by Lambert [144] describes the mathematical
mechanism in determining sound source location with head movement. It was
later shown that non-human mammals such as cats [234] and monkeys [207]
achieved better sound localization when their heads are unrestrained during
the experiment. In the case of human sound localization, several studies have
shown that head movements can resolve auditory ambiguities such as front-back
confusion, using real and virtual sound sources [14, 118, 123, 184, 253].

While head movements suggest better localization of both target and masker
sources, this could lead to improved speech perception in a speech-in-noise task,
however, evidence from recent studies did not provide sufficient support for the
use of such a strategy [123]. After more than 6o years since Kock’s findings,
Brimijoin et al. [33] were one of the first to measure head orientation during a
speech-in-noise task. They evaluated the use of head orientation as a listening
strategy for speech perception with asymmetric hearing-impaired participants.
The stimuli were presented from one of the loudspeakers arranged in a ring set; a
speech-shaped noise was used as a masker and an adaptive procedure was used
to measure the SRT. They reported high variability in listeners’ head movements
and, in most cases, different orientation from the ideal.

Another similar study developed by Grange and Culling [93] presented a compar-
ative analysis between a predictive model of head orientation benefits [119] and
the spontaneous head orientation from listeners. The aim was to investigate if
normal hearing listeners adopt an appropriate head orientation spontaneously to
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improve their speech perception. After the experiment is completed, a subset of
participants was tested post-instructions informing about the possible benefits of
head orientation. As a result, only the 56 % of the listeners spontaneously moved
their head more than 10° (a reference from short or long head movements) and,
in general, the participants did not make optimal use of their head orientation
to improve their intelligibility. The predictive model in the asymmetrical cases
revealed that the best head orientation is almost in between the two sound
sources and the worse orientation is when the two sources are in the same cone
of confusion.

Brimijoin et al. [33] reported that in the real world listeners are faced with
acoustic environments that rarely consist of a single target sound and a single
localizable masker. In real-life listening situations, we are confronted with multi-
ple sound sources, either stationary or moving. Thus, conversations may become
very difficult to understand with masking noises that have movements in space.
Therefore, this experiment aims at quantifying the SRT and the SRM of a moving
masker, understanding the role of listeners’ head movements in a speech-in-noise
task. For this purpose, a comparison between static and dynamic reproduction
methods was made. In this way, it is possible to investigate if listeners use their
head movements to maximize their intelligibility in an acoustic scene with a
moving masker.

A virtual acoustic environment was simulated and binaurally reproduced to
listeners in an attempt to address the following research questions: (1) Does
dynamic binaural reproduction, by tracking listener head movement in the virtual
scene to update the HRTF in real-time, benefit speech intelligibility and improve
SRT and SRM?, (2) Does dynamic binaural reproduction differences in speech
perception between masker moving in different directions (away from the target
and toward the target)?, and (3) Are there differences in speech perception
between stationary and moving masker when dynamic binaural reproduction is
using?

For clarification, the terms “dynamic” and “static” are used to describe two
methods of binaural reproduction with and without listener’s head movement in
the virtual acoustic scene, respectively; whereas “moving” and “stationary” are
reserved for describing the masker trajectories.

8.1 Experimental Methodology

A total of 14 young adults (4 female, 10 male) participated in the task, aged be-
tween 20 and 27 years. All participants had normal hearing (pure tone thresholds
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< 20 dB hearing level between 125 and 8000 Hz) at the time of the experiment
and spoke German as their native language. Each participant was provided
instructions regarding the tasks and they gave written consent prior to testing.
The target stream of digit-triplet is defined in section 5.4. Speech stimuli samples
were a set of German digit-triplet tests (see chapter 5). The masking noise was
a randomized superposition of all digits used in the test (see subsection 5.1.5),
resulted in a quasi-stationary noise with the same long-term averaged spectrum
as the target speech.

For the audio playback, an auralization technique based on a binaural reproduc-
tion was used (see section 2.3). The virtual acoustic scenes were created using the
software VA developed at the ITA [114] (see chapter 4). Positions of the listener
and sound sources, as well as the moving trajectory of the masker, were defined
in VA. The relative distance between the listener position and the positions of
the target and masker was fixed at 1 m in all virtual acoustic scenes. The target
was always located at 0° azimuth relative to the listener in VA. Depending on
the specific test conditions, the masker source could be stationary at 0°, 20°, 45°,
and 70° azimuth or moving along an arc of 90°, either toward or away from the
target source position at an angular velocity of 32.7°/s. There was always only
one masker source in the virtual acoustic scene.

The same set of HRTFs measured from an artificial head developed at ITA
[214], with a resolution of 3° in both azimuth and elevation angles, was utilized
for binaural auralization to render virtual sound sources (see subsection 2.3.2).
During the time-course of stimulus playback only the masker changes its position,
hence producing a continuous but consistent change in both I'TD and ILD during
stimulus presentation as shown in Figure 8.1 and Figure 8.2 respectively.

Since in this thesis all stimuli were reproduced via headphones, the acoustic
influence of headphones was considered. According to Masiero and Fels [166]
an individual HpTF was measured and applied for all participants (see subsec-
tion 2.3.3). In half of the test conditions, when listeners’ head movement was
allowed in the virtual acoustic scenes, the binaural auralization was conducted in
real-time during the experiment by updating the HRTFs based on the listener
position in the virtual scene. An array of four optical tracking cameras in the
listening booth was utilized to track a rigid body attached on a cap worn by the
participant to capture the head movement at a sampling frequency of 120 frames
per second and to update the listener position in VA (see chapter 4).

All trajectories involving spatial separation between the target and masker were
tested with the masker oriented on the right quadrant of the median plane. To
examine the effect of listeners’ head movement, the seven core conditions (see
Figure 8.3) varying in masker conditions were repeated in two blocks: with
and without head tracker activated in the binaural reproduction. The 14 test
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Figure 8.1: ITD as a function of azimuth angle and time on the condition
masker moving 90°, with a 3° resolution. The ITD was calculated
by cross-correlating the HRTFs after applying a bandpass filter with
cutoff frequencies at 200 Hz and 1000 Hz, specifically for the useful
frequency range from the speaker whose fundamental frequency was
around 200 Hz.

75



CHAPTER 8. Listeners Head Movements in a Dynamic Speech-in-Noise Test

45
— 40
2 ]
=35 :
4 l
(]
230 -
5 /
g2 .
£ —2000 Hz
820
T m~As 3000 Hz
o 15
3 - -4000 Hz
©
£ 10 — 5000 Hz
o
-]
£

0 9 18 27 36 45 54 63 72 81 90
Horizontal Angle [degrees]

Figure 8.2: ILD as a function of azimuth angle and time on the condition masker
moving 90°, plotted for 2000, 3000, 4000, and 5000 Hz. As the
masker moves from 0° to 90°, ILD increases and reaches peak at
different angles across the frequencies plotted.

conditions were arranged in a nested Latin Square, where the seven core condi-
tions containing variations in masker conditions (stationary and moving), and
trajectory (moving away and toward) were nested within the two test conditions
of with versus without head movement (dynamic vs. static reproduction).

To investigate whether participants use their head movements to improve their
intelligibility, the predictive model for speech intelligibility in noise of Jelfs et
al. [119], which gives optimal orientation to the head for different locations of
the target and the masker, was compared with participants’ head movements.
Figure 8.4 shows the predicted SRM as a function of head orientation for all sta-
tionary configurations. The initial directions of target and masker are indicated
by subscripts (e.g., target at 0° and masker at 20° is denoted as TopMao). The
minimum values of SRM occur when the orientation of the head is such that
both the target and the masker are in the same cone of confusion. The maximum
values of SRM occur when the orientation of the head is: between +30° and
—|—45O fOI‘ T’0]\4907 —|—300 fOI‘ 7-'()]\4707 —100 fOI‘ ’1—‘01\4457 and —90O fOI‘ TOMQO (Waltll’lg
for head movements not as long as 90°, the second optimal orientation is —15°).

The listening experiment took place in the ITA sound-attenuated listening booth.
The room was completely in dark with both windows closed, this with the purpose
that the listeners focus only on the acoustic stimuli (see section 4.2). Listeners
gave their answers though loud voice and the evaluator, located outside the room,
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Figure 8.3: Stationary and moving masker conditions.
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Figure 8.4: Predicted SRM in the five stationary spatial configurations: ToMp,
ToMao, ToMas, ToM7o, and ToMgo.
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entered the results using the keyboard. The instructions for the participants
were: “Your task is to repeat back the digit-triplets heard in noise. You’ll notice
that sometimes the noise will move a little and the target voice may become
progressively quieter. Do the best that you can to listen and repeat those digits
back to me verbally”.

Each digit in the triplet was scored correctly only when the digit itself and
the sequential position were accurately identified. The possible score of each
digit-triplet trial was o %, 33 %, 66 %, and 100 %. A digit-triplet was scored
as a correct trial when > 66 %. A simple up-down adaptive procedure [154]
was used to track the SNR at 50 % speech intelligibility by changing the target
speech level. The initial masker level was played back at 70 dB (re 20 uPa),
resulting in o dB SNR. The initial step size was set at 8 dB until the first reversal
was reached, from which the step size was 4 dB until the second reversal was
reached, thereafter, the step size was set on 2 dB. The SRT was calculated using
the MATLAB psignifit toolbox (version 3.0), applying the methods described by
Wichmann and Hill [249, 250].

To examine whether there are differences between stationary and moving maskers,
the performance of both moving masker conditions was predicted from the sta-
tionary data. By knowing the thresholds (SRTs) of the maskers at the three
stationary conditions (20°, 45° and 70°), and the steepness of each psychome-
tric function, it is possible to predict the SRT of a masker moving 90° (away
or toward) combining the three stationary conditions at the same SNR level.
Therefore, by comparing the SRT and the slope of the predicted psychometric
function with the current moving results, it would be possible to know whether
the masker’s movement itself makes the task more difficult (or less) than a
stationary condition. Figure 8.5 shows the psychometric functions of the three
stationary masker conditions and the derived predicted psychometric function
for a masker moving 90° (away or toward the target position). Figure 8.6 shows
the psychometric functions of both moving masker conditions and the predicted
psychometric function for a masker moving 90°.

8.2 Results

8.2.1 Speech reception threshold

To analyze the contribution of SRT, a two-way analysis of variance (ANOVA) was
fitted to the factors: masker conditions (stationary masker at 0° vs. stationary
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Figure 8.5: Psychometric functions of the three stationary masker conditions
(20°, 45° and 70°) together with the predicted psychometric function
of a masker moving 90° (away or toward the target position).

masker at 20° vs. stationary masker at 45° vs. stationary masker at 70° vs.
stationary masker at 90° vs. moving masker away from the target on a 90° arc vs.
moving masker toward the target on a 90° arc), and binaural reproduction (static
vs. dynamic) as the two within-subject variables. Results show a significant
main effect for masker conditions [F(6,78) = 94.37, p < .001], reflecting a trend
of reduced masking effect as the target-masker separation enlarged. Pairwise
comparisons with Bonferroni correction were used to examine the inter-relations
between the masker conditions. Almost all possible pairs were statistically
significant at p < .05, with masker stationary at 0° as the most effective interferer
location. Non-significant differences (p > .05) were found in masker conditions
pairs between (1) stationary masker at 45° and moving toward, (2) stationary
masker at 45° and moving away, (3) stationary masker at 45° and stationary
masker at 90°, (4) stationary masker at 70° and stationary masker at 90°,
(5) stationary masker at 90° and moving toward, and (6) moving away and
moving toward. Furthermore, a significant main effect for binaural reproduction
[F(1,13) = 15.08, p = .002| was found, suggesting differences between with
and without head movements. The interaction between masker conditions and
binaural reproduction was not significant [F'(6,78) = 0.69, p > .05), suggesting
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Figure 8.6: Psychometric functions of both moving away and toward masker
conditions together with the predicted psychometric function of a
masker moving 90°.

that dynamic reproduction does not alter the performance of speech perception
under various masker conditions.

The relation between masker conditions and binaural reproduction is shown in
Figure 8.7, representing mean SRTs measured under static and dynamic binaural
reproduction for the seven masker conditions. Results using one-sample t-tests
suggests that listeners achieved significantly higher SRT (worse intelligibility) in
dynamic reproduction when the masker stayed at stationary conditions: (1) at
0° (t(13) = -3.62, p = .003), and (2) at 70° (t(13) = -3.06, p =.009). However,
for the two moving masker conditions there were no differences between binaural
reproduction methods (p > .o5).

8.2.2 Spatial release from masking

A comparison of the results for the co-located condition with those for spatially
separated conditions was analyzed in terms of the amount of SRM. To do so, the
seven-level variable of masker conditions in the SRT results was further reduced
to six levels in SRM: (1) stationary at 20°, (2) stationary at 45°, (3) stationary
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Figure 8.7: Speech reception thresholds at 50 % speech intelligibility measured
for each masker condition: (a) stationary at 0°, (b) stationary at
20°, (c) stationary at 45°, (d) stationary at 70°, (e) moving away, (f)
moving toward, and (g) stationary at 90°. In each masker condition,
the SRT was plotted separately for with and without listener head
movement tracked. Asterisks denote the significantly different pairs
of SRTs measured with versus without head movement at p < .o5.
The error bars show g5 % confidence intervals. Asterisks denote
the significantly different pairs of SRTs with *, p < .05 and **, p <
.001.
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at 70°, (4) moving away, (5) moving toward, and (6) stationary at 90°. A similar
two-way ANOVA was fitted to the SRM data, again using masker conditions
and binaural reproduction as the within-subject variables. A significant main
effect was found for masker conditions [F'(5,65) = 29.66, p < .001], reflecting a
trend of increasing SRMs as the target-masker separation enlarged. However,
for binaural reproduction, the difference in SRM was not significant [F(1,13)
= 0.25, p > .05]. The masker conditions x binaural reproduction interaction
was not significant, p > .05. Figure 8.8 plots SRM for each masker condition
separately for the two binaural reproduction methods: with and without listener
head movement activated.

Bonferroni-corrected pairwise comparisons were applied to examine the main
effect of masker conditions more closely. Results show no SRM differences between
with and without head movements under all masker conditions (p > .05).

8.2.3 Stationary vs. moving masker

To compare between stationary and moving masker conditions under both dy-
namic and static binaural reproduction, a two-way ANOVA was fitted to the
slope and SRT data. Thus, in the first analysis, the data was fitted with binaural
reproduction (static vs. dynamic) and slope masker conditions (predicted slope
vs. slope of masker moving away vs. slope of masker moving toward) as the
within-subject variables. A significant difference in binaural reproduction was not
found [F(1,13) = 0.04, p > .05], but a significant difference for the slope masker
conditions [F(2,26) = 5.34, p = .011]. Bonferroni-corrected pairwise comparisons
were applied to examine this main effect more closely. A significant difference
between the predicted slope and the slope of the masker moving away was found
in the static reproduction (p = .025), but significant differences for the dynamic
reproduction (p > .05) were not found. Figure 8.9 shows the slope in % against
the three conditions, separately for static and dynamic binaural reproduction.
In the second analysis, the data was fitted with binaural reproduction (static vs.
dynamic) and SRT conditions (predicted vs. moving away vs. moving toward)
as the within-subject variables. A significant difference in binaural reproduction
[F(1,13) = 0.89, p > .05], and SRT conditions were not found [F'(2,26) = 0.19, p
> .05]. Figure 8.10 shows the SRT against the three conditions, separately for
static and dynamic binaural reproduction.
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tionary at 45°, (3) stationary at 70°, (4) moving away, (5) moving
toward, and (6) stationary at 90°. Mean SRMs measured in virtual
acoustic environments with static binaural reproduction (listener
head movement was not used to update head-related transfer func-
tions, HRTFs) and with dynamic binaural reproduction (listener
head movement was used to update HRTFs in real-time). The error
bars show g5 % confidence intervals.
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measured in virtual acoustic environments with static and dynamic
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intervals.
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8.3 Discussion

8.3.1 Head movement behavior

Participants wore the head tracker cap throughout the entire experiment and
they were unaware of when they were tested with head movement tracked to
update HRTFs in real-time. All participants completed the task in one session.
Grange and Culling [93] reported head movements larger or shorter than 10°
separated from the target location. Therefore, in the present experiment also
the 10° was used as a reference of spontaneous head movements. In the case
stationary masker at 0°, 64 % of the listeners moved their head more than 10°,
reaching 80° as the largest head movement. In the case stationary masker at 20°,
50 % of the listeners moved their head more than 10°, reaching 60° as the largest
head movement. In the case stationary masker at 45°, 36 % of the listeners
moved their head more than 10°, reaching 65° as the largest head movement. In
the case stationary masker at 70°, 43 % of the listeners moved their head more
than 10°, reaching 50° as the largest head movement. In the case stationary
masker at 90°, 64 % of the listeners moved their head more than 10°, reaching
45° as the largest head movement. In the case moving masker away, 50 % of
the listeners moved their head more than 10°, reaching 45° as the largest head
movement. In the case moving masker toward, 50 % of the listeners moved their
head more than 10°, reaching 54° as the largest head movement.

During the static binaural reproduction, the head tracking system was also
recording the movements but without updating the HRTF in real-time. It was
expected no head movements due to listeners could not perceive any change in
the acoustic scene, nevertheless, on average of the seven conditions, the 36 % of
the listeners move their head more than 10°. One of the possible reasons of these
head movements could be because they were trying to update the HRTF as in
the dynamic reproduction cases. However, the amount of head movements during
the dynamic binaural reproduction was larger, on average 51 % of participants
moved their head more than 10°. Therefore, more listeners moved their heads
during the dynamic binaural reproduction due to the likelihood that they were
achieving better intelligibility by turning their heads.

Grange and Culling [93], using real sound sources, reported that g of the 16
participants (56 %) moved their head more than 10° in a specific spatial separated
case. In the current experiment, using virtual sound sources, 51 % of participants
moved their head more than 10°. Therefore, the use of virtual sound sources
seems a reliable option to evaluate the movements of the head, as well as real
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sound sources.

8.3.2 Stationary vs. moving masker comparison

The results only showed a difference between the predicted slope (M = 9.3 %/dB,
SD = 1.11 %/dB) and the slope of the masker moving away (M = 13.75 %/dB,
SD = 3.27 %/dB). It is important to mention that this difference was significant
only in the static binaural reproduction. The comparison between predicted
SRT and the SRT of the moving masker conditions were found not different for
both binaural reproduction. Therefore, for a masker moving 90° away or toward
the target position (0°), it is possible to predict its SRT from the psychometric
functions of the stationary maskers.

8.3.3 Benefit of head movements on intelligibility

A significant difference in SRT was observed between the dynamic and static
binaural reproduction in stationary masker conditions, but not in the moving
masker conditions. Listeners performed higher SRTs (worse intelligibility) when
their head movements updated the HRTFs in real-time by around 1-1.6 dB in
the stationary masker conditions (Figure 8.7).

Results in this study show that dynamic reproduction had worse SRT in two sta-
tionary masker conditions, but not for the moving masker conditions. Therefore,
listeners could have used their head movements more effectively to resolve the
rapidly changing and ambiguous binaural cues while the masker was moving.
An evaluation of the head movements during the adaptive procedure was made to
investigate if listeners improve the SNR during the task with the use of their head
movements. The HRTF was updated to the next closest angle (in 3° resolution)
when the listener moved their head to the left or to the right quadrant of the
medial plane. For practical purposes, it was decided to show only three of the
seven cases to exhibit the head movements: (1) masker stationary at 90° (as
an example of all stationary cases), (2) masker moving away, and (3) masker
moving toward. The upper part of Figure 8.11, Figure 8.12 and Figure 8.13 shows
the head movements of the listeners in azimuth degrees, trial after trial as a
unique timeline, meanwhile, the lower part shows the changes in SNR during the
adaptive procedure. Therefore, it is possible to observe how the head movements
are related to the changes in SNR, trial after trial, during each condition tested.
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In the case stationary masker at 90°, Figure 8.11 (a) shows the head movements
of the two listeners who moved their head through the right quadrant of the
median plane. Figure 8.11 (b) shows the head movements of the four listeners
who moved their head through the left quadrant. Figure 8.11 (c) shows the head
movements of the five listeners who moved their head through both quadrants.
Knowing that the best orientation of the head is between 30° and 45° (to the
right), it is possible to observe that the head movements of the participants do
not follow any pattern towards that orientation. Even so, it is possible to observe
the lowest SRT (better intelligibility) in the bi-directional movements (black line
Figure 8.11 (c¢), lower part). This participant, during the first trials, oriented
their head more to the left quadrant but when the task becomes harder (speech
perception becomes harder trial after trial) the head movements were inclined
more to the right quadrant reaching approximately 45° that is the optimal head
orientation. By orienting their head in between the target/masker configuration,
listeners are optimizing the binaural cues.

In the case moving masker away, Figure 8.12 (a) shows the head movements of
the four listeners who moved their head through the left quadrant of the median
plane. Figure 8.12 (b) shows the head movements of the three listeners who
moved their head through both quadrants. In the case of the masker moving
away, the optimal orientation of the head is expected to change in relation to
the movement of the masker. Therefore the head must move from —15° (best
orientation Ty Mazo) to +45° (best orientation ToMogo) during the stimulus. It is
possible to observe the lowest SRT in the bi-directional movements (black line
Figure 8.12 (b), lower part). Similar to the previous case, during the first trials
the listener oriented their head more to the left quadrant but when the task
becomes harder the head movements were more to the right quadrant, reaching
almost 20°. As was mentioned before, the most head movements were oriented
only to the left, which could be because the movement of the masker. In this
case, the masker was moving away from the target, thus, most of the listeners
could have tried to put their right ear closer to the target position meanwhile
the masker was separating.

In the case moving masker toward, Figure 8.13 (a) shows the head movements of
the four listeners who moved their head through the right quadrant. Figure 8.13
(b) shows the head movements of the two listeners who moved their head through
the left quadrant. Figure 8.13 (c) shows the head movements of the three listeners
who moved their head through both quadrants. In the case of the masker moving
toward, the head should change the orientation from +45° (best orientation
ToMgyo) to —15° (best orientation ToMao). In head movements to the right is
possible to observe the lowest SRT (black line Figure 8.13 (a), lower part). This
participant oriented their head, almost during all trials, approximately at 20°.
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Figure 8.11: Head movements on the horizontal plane of the case masker station-
ary at 90°. (a) Show movements to the right and its corresponding
SNRs during the adaptive procedure to track the SNR at 50 %
speech intelligibility, (b) show movements to the left and its cor-
responding SNRs, and (c) show bi-directional movements and
its corresponding SNRs. The black line represents the lowest
SRT reached in each case and their correspondent head move-
ments, meanwhile, the gray line represents the rest of listeners’
head movements and its corresponding SNRs during the adaptive
procedure.
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Figure 8.12: Head movements on the horizontal plane of the case moving masker
away from the target. (a) Show movements to the left and its
corresponding SNRs during the adaptive procedure to track the
SNR at 50 % speech intelligibility, and (b) show bi-directional
movements and its corresponding SNRs. The black line represents
the lowest SRT reached in each case and their correspondent head
movements, meanwhile, the gray line represents the rest of listeners’
head movements and its corresponding SNRs during the adaptive
procedure.

Unlike the case moving masker away, in this case, the head movements did not
show an orientation trend. This could be due to the masker moving toward
begins its movement separated 90° and finish at 0° co-located with the target,
thus, the participants could have been more confused about where to orient their
heads, maybe in between the target/masker (to the right) or away from the two
sources (to the left).

During the adaptive procedure in each condition, where the SNR gradually var-
ied, participants’ head movement did incur in several short and large movements.
However, the head movements did not seem to follow a clear pattern as testing
progressed within each condition. In some cases, participants barely moved their
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heads, in others, moved their head from right to left in several consecutive trials
resulting in no intelligibility benefit. In the most extreme cases, participants
moved their head almost 80°; but such drastic head movements were not found
beneficial for the speech perception. Therefore, head movements could provide
intelligibility benefits but because of the erratically movements of the participants,
all the potential benefits were not achieved.

The role of head movement in a speech-in-noise test was recently investigated

by two studies using real sound sources that may shed light on results from
this investigation. Both studies provided careful and unbiased instructions to
listeners on their use of self-directed head movement in the experiments, similar
to those provided in the current experiment. Brimijoin et al. [33] created specific
conditions for asymmetrically hearing-impaired listeners where an optimal angle
existed for maximum intelligibility through self-orientation. They found that
self-directed head movements by listeners were highly variable, and some listeners
self-oriented to a final angle away from the optimal angle by as much as 100°.
A study by Grange and Culling [93] used normal-hearing listeners and provided
even more rigorous control of the experimental protocol by tracking the free head
movement throughout the experiment. Their results suggested irrational head
movement among the 16 listeners tested and no consistent regularity could be
reported from the patterns observed. Similar to findings in the current experi-
ment, both studies seemed to suggest that listeners do not spontaneously find
intelligibility improvement from self-directed head movement in a speech-in-noise
task. Neither study, however, compared the performances with those measured
with fixed head orientation in the experiments.
One of the possible reasons why the reproduction method was found non-
significant could be the use of an artificial head HRTF, instead of individual
HRTFs. It is known that the use of individual HRTFs can provide a better
“immersion” in the virtual scene [237], therefore, could be possible to observe
more intentional head movements.

8.4 The Role of Individual HRTF

In subsection 2.3.4 it was established that the use of mismatched HRTF data-sets,
as artificial head HRTFs, can result in unwanted artifacts in coloration and
localization. Therefore, the results in the previous experiment could have been
affected by this fact.

The use of individual HRTFs has been studied in several tasks such as sound
localization (error rate), externalization of virtual sound sources, and front-back
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Figure 8.13: Head movements on the horizontal plane of the case moving masker
toward to the target. (a) Show movements to the right and its
corresponding SNRs during the adaptive procedure to track the
SNR at 50 % speech intelligibility, (b) show movements to the
left and its corresponding SNRs, and (c) shows bi-directional
movements and its corresponding SNRs. The black line represents
the lowest SRT reached in each case and their correspondent head
movements, meanwhile, the gray line represents the rest of listeners’
head movements and its corresponding SNRs during the adaptive
procedure.

92



8.4. The Role of Individual HRTF

confusion. Morimoto and Ando [175] found that the use of individual HRTFs
provides better accuracy of sound localization. But nevertheless the findings of
Morimoto and Ando, Begault et al. [14], using an individualize HRTF, did not
find significant differences in externalization, front-back confusion, and localiza-
tion tasks. After that, Oberem et al. [184, 183] found only slight differences
in front-back confusion and localization tasks, concluding that the use of non-
individual HRTFs could be a less complex and elaborate way to successfully
provide for a realistic auditory perception.

Despite all previous studies, little is known about the role of individual HRTFs in
speech-in-noise tasks when conducted in a virtual acoustic environment (VAE).
Therefore, individual HRTFs and head movements were assessed to better un-
derstand their roles in facilitating speech-in-noise perception. At the same time,
differences in speech perception between stationary and moving masker when is
using individual HRTFs and dynamic binaural reproduction were evaluated.

8.4.1 Procedure

A total of 11 young adults (6 female) participated in the task, aged between
20 and 26 years. All participants had normal hearing (pure tone thresholds <
20 dB hearing level between 125 and 8000 Hz) at the time of the experiment
and they spoke German as their native language. Each participant was provided
instructions regarding the tasks and they gave written consent prior to testing.
Each listener participated in a previous session to measure their individual HRTF
(subsection 2.3.4).

The target stream of digit-triplet and masker noise was previously defined in
chapter 5. The listening experiment took place in the same sound attenuated
listening booth previously mentioned. Again, no display in front of participants
was used to prevent their attention from focusing on the screen. Listeners gave
their answers though loud voice and the evaluator, located outside the room,
entered the results using the keyboard. The same instructions presented in
Grange and Culling [93] were offered to each participant.

For the audio playback, an auralization technique (see section 2.3) based on a
binaural reproduction was used. The virtual acoustic scenes were created using
VA. Positions of the listener and sound sources, as well as the moving trajectory
of the masker, were defined in VA. The relative distance between the listener
position and the positions of the target and masker sound sources was fixed at 1
m in all virtual acoustic scenes. The target was always located at 0° azimuth
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Figure 8.14: Spatial location of masker assessed in the experiment. The M
represents the position or movement of the masker.

relative to the listener in VA. Depending on the specific test conditions, the
masker could be stationary at 0° and 90° azimuth or moving from 0° to 90° away
from the target. There was always only one masker source in the virtual acoustic
scene. All these conditions are shown in Figure 8.14.

The same set of HRTFs measured from an artificial head developed at ITA [214]
with a resolution of 1° in both azimuth and elevation angles, was utilized for
binaural auralization to render virtual sound sources (see subsection 2.3.2).

In half of the test conditions, when listeners’ head movement was allowed in the
VAE, the binaural auralization was conducted in real-time during the experiment
by updating the HRTFs based on the listener position in the virtual scene. An
array of four optical tracking cameras was utilized to track a rigid body attached
on a cap worn by the participant to capture the head movement (see chapter 4).
To ensure that participants were not conscious of changes in the head tracking
condition, they were asked to wear the head tracker cap during the whole test
session.

To examine the effect of listeners’ head movement, the three core masker con-
ditions were tested, with and without head tracker activated in the binaural
reproduction. The 12 test conditions were arranged in a nested Latin Square,
where the three core masker conditions (stationary vs. moving), type of HRTF
used (artificial head HRTF vs. individual HRTF), and binaural reproduction
(static vs. dynamic), were nested.

Each digit in the triplet was scored correctly only when the digit itself and
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the sequential position were accurately identified. The possible score of each
digit-triplet trial was o %, 33 %, 66 %, and 100 %. A digit-triplet was scored as
a correct trial when > 66 %. A simple up-one adaptive procedure [154] was used
to track the SNR at 50 % speech intelligibility by changing the target level. The
initial distractor noise level was played back at 70 dB (re 20 pPa), resulting in o
dB SNR. The initial step size was set at 4 dB until the first reversal was reached,
from which the step size was 2 dB thereafter. The SRT was calculated using
the MATLAB psignifit toolbox (version 3.0), applying the methods described by
Wichmann and Hill [249, 250].

8.4.2 Results

Speech Reception Threshold

The SRT data was analyzed in a repeated-measures analysis of variance (ANOVA)
with masker conditions (stationary at 0° vs. moving away 90° vs. stationary at
90°), HRTF (artificial head HRTF vs. individual HRTF) and binaural reproduc-
tion (static vs. dynamic) as the within-subject variables.

Results show a significant main effect for masker conditions [F(2,20) = 135.14,
p < .oo1], reflecting a trend in which stationary at 0° was the most effective
masker location and stationary at 90° the lowest SRTs. Pairwise comparisons
with Bonferroni correction were used to examine the inter-relations between
masker conditions, revealing that all possible pairs were statistically significant
at p < .001. There is also a significant main effect in HRTF [F(1,10) = 8.96, p
= .013|. Pairwise comparisons with Bonferroni correction were used to examine
the mean difference more closely. In the masker condition stationary at 90° the
HRTF was found significant different (p = .008), but non-significant differences
in the cases of masker stationary at 0° and moving 90° (p > .05). The binaural
reproduction was found non-significant [F(1,10) = 1.07, p > .05|, suggesting
that there are no differences between with and without head movements. All
interactions were found to be statistically non-significant (p > .05).

Mean SRTs for the three masker conditions are shown in Figure 8.15, separated
for static and dynamic reproduction, and artificial head and individual HRTF.

Spatial Release from Masking

A comparison of the results for the co-located condition with those for spatially
separated conditions was analyzed in terms of the amount of SRM. A similar
ANOVA analysis was fitted to the SRM data, again using masker conditions
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for each masker condition: (a) stationary at 0°, (b) moving 90°,
and (c) stationary at 90°. In each masker condition, the SRT
was plotted separately for both HRTF used and for both binaural
reproduction methods. S_AH represent static reproduction and
the used of artificial head HRTF. S _IND represent static reproduc-
tion and the used of individual HRTF. D AH represent dynamic
reproduction and the used of artificial head HRTF. D _IND repre-
sent dynamic reproduction and the used of individual HRTF. The
error bars show g5 % confidence intervals. Asterisks denote the
significantly different pairs of SRTs with *, p < .o5.
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(moving 90° vs. stationary at 90°), HRTF (artificial head HRTF vs. individual
HRTF), and binaural reproduction (static vs. dynamic) as the within-subject
variables. A significant main effect was found for masker conditions [F'(1,10) =
11.41, p = .007], reflecting a tendency of lower SRMs in the masker moving 90°
than the masker stationary at 90°. For binaural reproduction a non-significant
main effect was found [F'(1,10) = 3.48, p > .05]. Also, for HRTF a non-significant
main effect was found [F'(1,10) = 2.85, p > .05]. All interactions were found to
be statistically non-significant (p > .05). Figure 8.16 plots SRM against masker
conditions separately for static and dynamic reproduction, and HRTFs used in
the experiment.
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Figure 8.16: Spatial release from masking (SRM) measured for masker moving
90°, and stationary at 90°. Mean SRMs measured in virtual acous-
tic environments with static and dynamic binaural reproduction,
and for both HRTFs used in the binaural synthesis (artificial head
HRTF and individual HRTF). The error bars show 95 % confidence
intervals.
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Masker Conditions Analysis

In addition, a t-test analysis was made to compare between stationary and
moving masker. To do so, the SRMs of moving masker 90° were compared to the
accumulated SRM using the Jones and Litovsky SRM model (see chapter 7). The
accumulated SRM, using the mathematical model, was 6.38 dB. A significant
difference was found at level p = .011, between the accumulated SRM and the
masker moving 90° for the static binaural reproduction and using individual
HRTFs (M = 8.13 dB, SD = 1.4 dB). All other three cases were found non-
significant different (p > .o05).

8.5 Discussion and Conclusions

Individual HRTF

A significant main difference was found on SRTs in the type of HRTF used. A
better listener’s intelligibility was expected for the use of individual HRTFs than
artificial head HRTF. Nevertheless, the significant difference was found only in
the case when masker was stationary at 90°. It is known that better intelligibility
is achieved when the masker is spatially separated and, in this case, the masker
stationary at 90° had the larger advantage. Thus, a possible explanation is that
the use of individual HRTFs could have a significant advantage in a speech-in-
noise task only in cases with large spatial separation between target and masker,
generating interdependence between these two factors that should be analyzed
more in-depth in future works. Nevertheless, the difference was found only with
the use of the static reproduction method (no head movements).

It was established that individual HRTFs bring a little benefits in localization
tasks [184, 183, 14]. Thus, the current findings are in accordance with the
previous studies since, for speech-in-noise perception tasks, the use of individual
HRTFs also seems to provide only slightly benefits.

Binaural Reproduction method

In the first experiment, a significant difference only in two stationary cases was
found. Nevertheless, the results in the second experiment show a non-significant
SRT differences in the binaural reproduction. With the use of individual HRTF,
more rational head movements were expected due to the higher resolution in
the perception of the acoustic scene. Nevertheless, unlike what was expected,
the use of individual HRTF with a dynamic reproduction did not improve the
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speech-in-noise perception. It is necessary to remember that this thesis tried to
assess intelligibility when only acoustic cues were presented because no visual
cues were offered to listeners. Insisting on the idea that head movements do have
an influence in speech perception in real-life situations, it could be concluded that
the use of only acoustic cues is not sufficient to assess real-life head movements
and visual cues must be presented to listeners.

The previous SRM results showed no differences in the binaural reproduction,
nevertheless, a significant difference was expected with the use of individual
HRTFs. However, a non-significant difference was found between binaural repro-
duction methods. It is only possible to observe a tendency of lower SRMs, for
both masker conditions, in the dynamic reproduction when individual HRTF
was used. It is possible to suggest that, in a more realistic environment taking
into account the natural irrational head movements, there are lower SRM benefits.

Comparison Between Stationary and Moving Masker

By means of the same strategy used in chapter 7, the masker moving results were
compared with the accumulated SRM calculated with the Jones and Litovsky
SRM model [121]. The calculation of the accumulated SRM using the predictive
model was 6.3 dB. A one-sample ¢-test show a significant difference between the
accumulated SRM and the masker moving (M = 8.1 dB, SD = 1.4 dB) for static
reproduction and individual HRTF (p = .o1g). All other three combinations were
not significant (p > .05). Thus, the effect due to the movement of the masker for
static reproduction using individual HRTF was around 1.8 dB, increasing the
SRM. Therefore, it is possible to assume that the use of individual HRTFs helps
in the perception of moving sound sources better than for stationary sources.
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Assessment of Different Reverberant
Conditions in Young and Elderly
Subjects at Circular and Radial
Masker Conditions

In real-world listening situations, we often listen to speech in the presence of
masking noises inside rooms with different reverberant conditions. Likewise, most
everyday listening situations consist of multiple sound sources both stationary
and moving, creating multiple acoustic reflections that reach our ears at different
time and intensity [124]. Acoustic reflections of a speech signal can sometimes
be beneficial because can increase the signal energy reaching the listener, in
comparison with the anechoic condition, where the signal energy is largely
absorbed by nearby surfaces. Nevertheless, reflections could also be harmful,
because can superimpose on the direct sound, altering the waveform of the speech.
Accordingly, many experiments have shown that reverberant conditions interfere
with the speech-in-noise perception, becoming worse if reverberation increases
(see section 3.5). One of the main reason for the reduction of speech perception is
because the acoustic reflections reach the ears at different time and intensity, thus,
interfering with the binaural advantage by reducing the extent to which the head
effectively attenuates high-frequency sounds and by disrupting the fine timing
cues used in the binaural analysis [124]. The detrimental effect of reverberation
can also be linked to the decorrelation between the signals arriving at the two
ears. The interaural cross-correlation (IACC) coefficient of a binaural signal
describes the similarity of the incident sound waves at the two ears of the listener
[150]. The IACC in a room is typically decreased by higher reverberation [103].
As a result, speech-in-noise perception diminishes when the IACC of the masker
is decreased [147, 148, 156].

At the same time, room acoustics can notably reduce the speech perception
for elderly subjects. Room reflections have a smoothing effect on the waveform
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of the signal, thus creating a distortion of the temporal waveform affecting
elderly listeners to a greater extent [92]. It was shown that elderly listeners with
normal hearing, minimal hearing loss, or severe hearing loss, achieve poorer speech
perception than young listeners, even with comparable hearing sensitivity [92, 164].
This also extends to everyday conversation environments, where elderly subjects
have more difficulties understanding speech than their younger counterparts do.
Indeed, many studies reported that elderly subjects have difficulties following one-
on-one conversations in noisy environments, besides the problem is exacerbated
when they have to follow two or more talkers because they miss part of the speech
content or have a lack of confidence in the part that they heard. Thus, elderly
subjects are prone to anxiety or frustration and may avoid or be excluded from
social interactions. Consequently, it is not surprising that elderly subjects consider
speech perception declines as one of the most serious consequences of the aging
process [176]. The research evidence, supporting age-related deficits for speech-
in-noise perception, is mixed and appears to depend on a number of variables
including the audibility of the speech signal, the type of speech signal (letters,
words or sentences), the type of noise background (steady-state, modulated noise,
or speech), the signal-to-noise ratio (SNR), and subject variables, including efforts
to equate the hearing thresholds between younger and elderly subjects [92]. A
well-established theory in aging research suggests that a generalized slowing
in brain function is responsible for most, if not all, the age-related declines in
problem-solving, reasoning, memory, and language [216]. According to this theory,
slowing in brain functioning is thought to reduce the speed at which various
cognitive operations can be performed. For example, it is generally assumed that
the reason why elderly subjects often find it difficult to understand someone who
is talking rapidly or fail to follow a conversation when there are multiple speakers,
is because the rate of flow of information approaches or exceeds the maximum
rate that can be accommodated by the cognitive processes involved in language
comprehension [216]. However, when young and elderly subjects perform a task,
including perceptual tasks at the same level of proficiency, mounting evidence
indicates that different areas of the brain are activated depending on the age
of the person, with a general pattern indicating that elderly subjects use more
brain regions including regions of both hemispheres [199]. Therefore, it may
be particularly difficult to evaluate the relative contribution of cognitive-level
effects to speech-processing declines because, in such situations, both sensory
and cognitive factors could be responsible for the speech-processing declines
[155]. Research has shown that deterioration due to age occurs on many fronts
such as hearing sensitivity declines, dynamic range is reduced, speech-in-noise
perception is compromised, and cognitive processing slows, to name just a few.
Good communication in complex listening environments requires the peripheral
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auditory systems, central auditory pathways, and cognitive systems to all function
effectively. If the process is impeded at any one point, then, the ability to recognize
speech breaks down [89].

In daily listening environments, maskers are not only separated angularly, but
also in distance. Most of the researchers have studied speech perception only for
stationary maskers located at circular horizontal locations [124, 169, 260] and very
few studies have looked into the speech-in-noise perception of maskers at different
radial distances [41, 221, 247]. Also for localization tasks, the distance perception
is an aspect which has been given considerably less attention than horizontal
localization. For auditory distance perception, several cues are available [263],
where the most predominant cue is the signal intensity [229]. As distance increases,
signal levels for omnidirectional sound sources decrease proportionally to the
inverse of their distance [142]. Shinn-Cunningham et al. [221], and Brungart
and Simpson [41] investigated spatial release from masking (SRM) related to
differences in distance combined with angular separation. Both studies found
a substantial effect of distance on SRM, however, they focused on interaural
level difference (ILD) cues at very close distances (< 1 m) and only tooking
into account anechoic environments. Meanwhile, Bronkhorst and Plomp [36]
included reverberant conditions and considered sources at near and far distances.
Their results showed an improvement in speech reception threshold (SRT) of ~1
dB when moving the masker from near to far distance while keeping the target
near. For its part Marrone et al. [164] determined that the effect of distance
on SRM is mainly a monaural process and the binaural benefit is limited to ~3
dB. Westermann and Buchholz [247] varied the maskers in distances of 0.5 m, 2
m, 5 m and 10 m, meanwhile, the target was fixed at 0.5 m in a room acoustic
condition. Their results showed SRM benefits of about 10 dB for a speech masker
at 10 m distance, but no SRM benefits for a speech-modulated noise masker at
10 m distance.

Therefore, this experiment investigates the effect of room acoustic in a speech-
in-noise task performed by young and elderly subjects with a circularly or
radially masker trajectories, manipulated in stationary or moving conditions. It
also deals with the question if there are differences in speech-in-noise perception
between stationary and moving maskers in different room acoustics conditions. We
expected lower speech perception subject to moving maskers since the combination
of room acoustic effects and the movement of the masker could represents a
more complex listening situation, especially for elderly subjects. The aims of this
thesis are (1) to investigate speech-in-noise perception of a moving masker under
different room acoustic conditions, assessing two different masker movements:
circular and radial, (2) compare SRT and SRM between stationary and moving
masker, and (3) examine SRT and SRM for young and elderly subjects to evaluate
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between-group differences.

9.1 Experimental Methodology

A total of 24 participants took part in this experiment, all of them German
native speakers. A cognitive test to identify participants with mild cognitive
impairment was carried out before beginning the experiment. The DemTect test
was chosen because of its short duration (8-10 min), and as it can be applied to
subjects independent of their age and education [122]. All participants passed
the cognitive test. The 24 participants were recruited to form different groups
based on their age. The 12 young adults (4 female), aged between 21 and 29
years (M = 24.3, SD = 2.5), had normal hearing (< 20 dB hearing level, HL),
determined by pure-tone audiometry (PTA) with test frequencies between 125
Hz and 8000 Hz. The 12 elderly participants (8 female), aged between 60 and
78 years (M = 69.5, SD = 5.5), were required to have PTA thresholds < 25 dB
HL between o.25 and 3 kHz (ANSI S3.6 —1989) in both ears. Exceptions to this
rule are allowed if a subject had a hearing level > 25 but < 35 dB HL at only
one frequency. There were 3 participants who fell into this category. Although
audiograms within these thresholds are typical for elderly people whose hearing
is considered to be clinically normal [216], their hearing is not equivalent to that
of younger adults. None of the elderly participants used a hearing aid.

9.1.1 Virtual stimuli

To investigate speech perception for different room acoustic conditions, a room
simulation was applied in this thesis, making it possible to specify source and re-
ceiver positions and control room acoustical parameters such as the reverberation
time. The simulation environment RAVEN (see section 4.1) was chosen to create
binaural room impulse responses (BRIRs) for different sound source positions in
a virtual room. RAVEN applies a hybrid approach combining an image source
model for early reflections [5] and a ray tracing algorithm for late reverberation
[141]. In addition to the room geometry, frequency-dependent absorption and
scattering coefficients of the virtual room’s surface materials were included when
running a simulation. The characteristics of a sound source can be described by
a source directivity, containing one-third octave magnitude spectra measured on
a spherical grid. The binaural receiver of the scene is characterized by a set of
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head-related transfer functions (HRTFs), for example, measured from an artificial
head. Binaural characteristics were applied to all parts of the BRIR, namely,
direct sound, early reflections and to the reverberation tail.

All RAVEN results applied in this thesis were simulated in octave-band resolution
for 20,000 raytracing particles and a temporal histogram resolution of 10 ms. For
the early part of the room impulse response (RIR), an image source order of 2
was chosen. All simulated BRIRs had a length of 2 s and a sampling rate of
44100 Hz.

This thesis investigates a virtual scene, consisting of a listener, a target source and
masker for three different environments, called anechoic, treated and untreated
in the following. While for the anechoic condition, only binaural direct sound
synthesis without any reflections was calculated, a shoebox room with the dimen-
sions 7 m x 6 m x 2.8 m? (room volume V= 117.6 m?; surface area S = 156.8 m?)
for treated and untreated conditions was simulated (see Figure 9.1). Absorption
and scattering coefficients were applied homogeneously to all six surfaces of the
room. While the scattering coefficients had a frequency-independent value of 0.1,
the absorption coefficients were frequency-dependent ranging from 0.21 to 0.30
and 0.06 to o0.15 in treated and untreated conditions, respectively. The use of
different absorption coefficients led to different reverberation times T»p of 0.5
s (averaged for 500 Hz and 1 kHz frequency band) for the treated and 1.31 s
for the untreated condition. The evaluation of reverberation times (RT) was
done according to ISO 3382-1 [1], using the ita_ roomacoustics function [43] of
the ITA-Toolbox [18], an open-source project for Matlab (The MathWorks Inc.,
Natick, MA). For this, in total 12 RIRs were simulated for an omnidirectional
sound source at two different source positions and six omnidirectional receiver
positions in the room.

The frequency-dependent evaluation of averaged Tso values is shown in Figure g.2.
Values for the untreated condition were higher for all evaluated octave frequency
bands than for the treated condition. While the high reverberation times above
1 s of the untreated condition could correspond to a completely empty room
without any absorption material, the treated condition rather represents a fully
furnished room with absorptive materials, such as carpets and curtains.

For the simulation of the BRIRs, positions of the listener, the target sound source
and the stationary maskers, as well as the trajectory of the moving maskers,
were defined in the simulation environment. The target sound source was always
located at 0° azimuth relative to the listener, at a distance of 1.5 m. To account
for the directionality of the human voice, a source directivity dataset was applied
to the sound source [133]. For the receiver, an HRTF dataset of the artificial
head, developed at the Institute of Technical Acoustics (ITA) Aachen [214], with
a resolution of 3 degrees in both azimuth and elevation angles, was assigned.
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Each HRTF had a length of 256 samples, using a sampling rate of 44100 Hz.

Figure g.1: Spatial configuration of the listener and talker in the virtual room.
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Figure g.2: Simulated reverberation times T for the room conditions treated
and untreated. Values were averaged for 12 evaluated room impulse
responses including six receiver positions and two sound source

positions.
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The simulated BRIR files of all three room conditions were then convolved with
the anechoic sound files of the experiment. Speech target stimuli samples were
an extended German digit-triplet test (see chapter 5). The masker noise was
a randomized superposition of all digits used in the test, resulted in a quasi-
stationary noise with the same long-term averaged spectrum as the target speech
(see subsection 5.1.5).

Except for the condition where the masker was at 0° azimuth, all other masker
conditions involved spatial separation and were tested with the masker with
locations in the right front quadrant with respect to the listener. Having one
masker to the side of the listener represents an asymmetric masker array, thus,
the component that provides larger SRM benefits is the head shadow effect [go,
121].

The examined conditions in this experiment were divided into two blocks: circular
and radial conditions. There was always only one masker source in the virtual
acoustic scene. The 24 test conditions were arranged as nested Latin Square,
where the eight core cases containing variations of Masker Condition (stationary
vs. moving), were crossed with the three Reverberation (anechoic vs. treated
vs. untreated).

For the circular conditions, the masker was either stationary at discrete positions
0° (co-located with the target), 20°, 45°, or 70° azimuth, or performed a circular
movement from 0° to 90° azimuth, representing the condition circular moving
masker. In all cases, the distance of 1.5 m between the listener position and the
masker is kept unchanged (see Figure 9.3).

It was considered that a direct comparison between conditions with a stationary
masker and circularly moving masker is not accurate, and thus, the three 20°,
45° and 70° stationary positions were considered jointly in the SRT and SRM
evaluation, resulting in the same geometrical average position as when evaluating
the circular moving masker condition. Figure 9.4 shows the angular positions of
the moving masker conditions when playing back each of the three digits. When
the masker moved circularly, the midpoint of the first digit was played back when
the masker was at 20° + 2°, the midpoint of the second digit was played back
when the masker was at 45° + 2°, and the midpoint of the third digit was played
back when the masker was at 70° £ 2°. For that reason, the stationary masker
that was compared with the circular moving masker was the average SRT value
at 20°, 45° and 70°, and is referred to as condition stationary circular masker.
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Figure g9.3: Stationary and moving maskers in the circular condition. The left
side shows the four angular positions of the masker on the stationary
conditions. The right side shows the condition with circular moving
masker (from 0° to 90° azimuth).

For the radial conditions, the spatially separated masker was located at 70°
azimuth but varied in distance. In addition to the co-located masker at 0° at a
distance of 1.5 m, the stationary masker positions at 70° azimuth were defined
at distances of 0.8 m, 1.15 m and 1.5 m. The conditions with the masker located
at 0° and 70° at a distance of 1.5 m are the same as those used in the circular
conditions. In the moving masker condition, the masker performed a linear
movement from a distance of 0.5 m to 1.8 m and is referred to as radial moving
masker. This movement corresponded to a reduction in sound pressure level
(SPL) of A L = 11.1 dB for the anechoic condition, according to the distance
law.

Similar to conditions with circular masker manipulation, three digits were played
back when the masker was at different distances in the radial moving masker
condition. The three stationary cases shown in Figure g.5 correspond to those
different distances. In this way, the stationary masker that was compared with
the radial moving masker was the average value of the SRTs at 0.8 m, 1.15 m,
and 1.5 m, representing the stationary radial masker. For a better clarification,
the different masker conditions are shown in Table g.1.

107



CHAPTER g. Assessment of Different Reverberant Conditions in Young and Elderly
Subjects at Circular and Radial Masker Conditions

Target speech |

a) }—1 leading tone | 1° Digit —{2"9 Digit}—{ 3" Digit
[ [ [

Circular moving masker

b) | stationary | moving |

| | [ [ [ |

00 0° 20° 450 70° 90°

Radial moving masker

) | stationary | moving |

| [ [ [ |

0.5m 0.5m 0.8m 1.15m 1.5m 1.8m

N | | | | |

| l | | |

0 sec 1.25 sec 2.6 sec 4 sec
1.8 sec 3.4 sec

Figure g.4: Illustrations of time events during playback of both target and
masker streams. In the virtual scene, masker movements start after
the leading tone. (a) Illustrations of the digit-triplet stimulus play-
back stream. (b) Mean angular positions of the continuous circular
masker movement, indicating time instances of individual digit play-
back. (¢) Mean radial positions of the continuous radial masker

movement indicating time instances of individual digit playback.
(d) Timeline for stimulus streams.
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Figure g.5: Stationary and moving maskers in the radial condition. The left
side shows the three radial positions of the masker on the stationary
conditions. The right side shows the condition with radial moving
masker (from 0.5 m to 1.8 m at 70° azimuth).
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Table g.1: Stationary and moving masker definitions for circular and radial

conditions.
Examined
. Factor Factor levels Refered to as Note
conditions
rati average
stationar
. . 4 SRT value
. Masker stationary circular o o
Circular Conditi k at 20°, 45
onditions masker
and 70°
circular
moving mouving
masker
tati average
stationar
. . v SRT value
. Masker stationary radial
Radial . at 0.8, 1.15
Conditions masker
and 1.5 m
radial
moving moving
masker

The binaural signals for the moving maskers are based on g1 BRIRs using an
angular increment of A9 = 1° and on 65 BRIRs using an increment of Ar = 2 cm
for the circular and the radial movement, respectively. To generate the signals,
time frames of 1,536 samples length (fs= 44.1 kHz) of the anechoic signal were
convolved with the corresponding BRIR. To guarantee a smooth crossover in
case of changing BRIRs, a two-sided Hann window with a length of 512 samples
was applied to each frame, overlapping 256 samples with the previous and next
time frame.

To quantify the binaural coherence of the simulated BRIRs, the interaural cross
correlation (IACC) coeflicient was calculated for all positions of the masker. This
was done using the function ita_roomacoustics IACC of the ITA-Toolbox [18],
which calculates the IACC according to ISO 3382-1. Prior to the calculation of
the broadband TACC for the early part of the binaural room impulse responses
(time interval t1 = 0 s, t2= 0.08 s), a 10-th order Butterworth bandpass filter
with cutoff frequencies f; = 60 Hz and fo= 6 kHz was applied. The bandpass
frequencies were chosen according to the frequency spectrum of the digits and
the masker noise, which show no substantial spectral components below 60 Hz
and above 6 kHz.

Since in this experiment the auralized signals were presented to the listeners
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through a pair of headphones (HPs, Sennheiser HD 650), the acoustic influence
of the HPs’ transducers had to be compensated in order to obtain an accurate
binaural reproduction. Therefore, headphone transfer functions (HpTFs) were
measured individually for each test subject (see subsection 2.3.3).

9.1.2 Apparatus and procedure

The listening experiment took place in a sound-attenuated hearing booth at
ITA which has a room volume of V = 10.5 m® (L x W x H [m?] = 2.3 x 2.3
x 2.0). Participants were seated in front of a display and used a keyboard for
data input. A GUI and test routine were developed in Matlab to playback test
stimuli, record and evaluate responses, and perform the adaptive adjustment of
SNRs. Each participant was provided instructions regarding the tasks and they
gave written consent prior to testing. The listener’s task consisted of identifying
the three digits of each trial. Once both the target and masker streams finished,
participants were able to enter the digit triplet in the text input field of a graphical
user interface (GUI) using a keyboard. When the subject was not able to identify
one or more digits, the digits could either be guessed or the corresponding input
field was just left blank.

Each digit in the triplet was scored as correct only when the digit itself and its
sequential position were both correctly identified by the subject. Possible scores
per trial were o %, 33 %, 66 %, and 100 %, where a digit triplet was scored as
correct trial for a score of 100 %. The adaptive up-down procedure proposed by
Plomp and Mimpen [202] was used to track the SNR at 50 % speech intelligibility
by changing the target speech level while keeping the masker level constant at 65
dB during the experiment. The initial SNR level was set to a value of -32 dB. If
participants provided a wrong answer during the first trial, the same stimulus was
repeated with the target level increased by 4 dB. After the first reversal, the step
size was decreased, reducing or increasing the target level by 2 dB, depending on
the subject answer. Each test condition finished after participants had reached
eight reversals in total. The SRT was then calculated by taking the mean SNR
values at the last eight reversals.

To measure an effective SNR, a speech-weighted SNR, was calculated for each
masker condition [g97]. The speech-weighted SNR takes into account the relative
contribution of different frequencies to speech intelligibility, and thus, providing
a more effective measure [243]. The speech-weighted SNR was obtained by
bandpass-filtering both signals (target and masker) in third-octave bands with
center frequencies between 160 Hz and 8ooo Hz and weighting them according
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to their contribution to speech intelligibility, as indicated in Table III of the
Speech Intelligibility Index standard (ANSI, 1997). For calibration purposes, the
root mean square (RMS) value of the binaural target and masker signals were
adjusted to obtain the desired SNR in each trial of the adaptive procedure. At
the same time, all signals were calibrated such that the signal at the right ear
corresponded to the desired level as the masker was always presented to the right
side of the listener [243].

9.2 Results

SRM was calculated by subtracting the SRT obtained in conditions where maskers
were spatially separated from the target (stationary and moving) from the SRT
obtained in co-located configurations (target and masker at 0° azimuth).

A direct comparison between conditions with a stationary masker and moving
masker was considered not accurate. Therefore, for the circular conditions, the
stationary maskers at 20°, 45°, and 70° azimuth were combined in the so-called
stationary circular masker. Thus, to analyze SRT, the five stationary Masker
Conditions were reduced to three: (1) stationary masker at 0°, (2) stationary
circular masker, and (3) circular moving masker. To analyze SRM, the three-level
variables of masker conditions in the SRT results were further reduced to two
levels with masker conditions of (1) stationary circular masker, and (2) circular
moving masker.

For the radial conditions, the stationary maskers at 0.8 m, 1.15 m, and 1.5 m were
combined in the so-called stationary radial masker. The five stationary masker
conditions were reduced to three: (1) stationary masker at 0°, (2) stationary
radial masker, and (3) radial moving masker. To analyze SRM, the three-level
variables of masker conditions in the SRT results were further reduced to two
levels in SRM with masker conditions of (1) stationary radial masker, and (2)
radial moving masker.

For the radial conditions, the "distance law" was applied for both stationary
and moving masker conditions, but it was not applied in the circular conditions.
Therefore, no comparison between circular and radial conditions was made be-
cause noticeable significant differences between masker conditions were expected.
Thus, the analysis of circular and radial conditions was made by separate.
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9.2.1 Circular conditions

A repeated-measures analysis of variance (ANOVA) was fitted to the SRT data
with Reverberation (anechoic vs. treated vs. untreated) and Masker Conditions
(co-located vs. stationary vs. moving) as within-subjects variables, while Age
(young vs. elderly) as the between-subjects variable. The ordinate of Figure 9.6
shows mean SRT data in decibels for both age groups over different masker
conditions, split into reverberant conditions. The left panel contains results from
the anechoic condition, the central panel shows results for the treated condition
and the right panel shows results for the untreated condition. The ANOVA
revealed a significant main effect of Reverberation [F(2,22) = 596.72, p < .001,
7]; = .72], reflecting greater SRTs in the untreated condition. There was also a
significant main effect of Masker Conditions [F'(2,22) = 91.73, p < .001, 773 =
.34], in which the co-located condition showed the higher SRTs. The ANOVA
also revealed a significant main effect of Age [F'(1,11) = 72.55, p < .001, 171[2J =
.53], where the SRTs were significantly lower in the young subjects compared
with the elderly subjects (p < .001).

A comparison of data in Figure 9.7 illustrate the significant interactions. There
was an interaction between Reverberation and Masker Conditions [F'(4,44) =
27.32, p < .001, nﬁ = .29], reveling the SRTs of all Masker Conditions increase
while more reverberant is the room. There was also an interaction between
Masker Conditions and Age [F(2,22) = 11.38; p < .001, 77;2) = .08], in which
elderly subjects performed greater SRTs for almost all Masker Conditions than
the young subjects. No other significant interactions were found (p > .o5).

A comparison of the results for the co-located condition with those for spa-
tially separated conditions was analyzed in terms of the amount of SRM. An
ANOVA was fitted to the SRM data with Reverberation (anechoic vs. treated vs.
untreated) and Masker Conditions (stationary vs. moving) as within-subjects
variables, while Age (young vs. elderly) as the between-subjects variable. The
ordinate of Figure 9.8 shows mean SRM data in decibels for both age groups over
different masker conditions, split into reverberant conditions. As expected from
previous research, the ANOVA revealed a significant main effect of Reverberation
[F(2,22) = 48.48, p < .001, 17,% = .57], reflecting higher SRMs in both the anechoic
room over the treated room, and in the treated room over the untreated room.
There was also a significant main effect of Masker Conditions [F(1,11) = 7.67, p
= .018, 77;2, = .02|, therefore, a Bonferroni-corrected pairwise comparisons were
applied to examine the difference closely. For the anechoic and treated conditions
a non-significant difference was found (p > .o5), but for the untreated condition
a significant difference was found (p = .048).
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Figure 9.6: Mean SRT in decibels for both age groups over the circular masker
conditions, split into the three reverberant conditions. Y co represent
SRT of young subjects in the co-located condition. Y'st is the SRT
of young subjects in the stationary circular masker. Ymo is the
SRT of young subjects in the circular moving masker. Eco represent
SRT of elderly subjects in the co-located condition. E'st is the SRT
of elderly subjects in the stationary circular masker. Emo is the
SRT of elderly subjects in the circular moving masker. The error
bars show 95 % confidence intervals. Asterisks denote significantly
different pairs of SRTs with %, p < .05. and **, p < .001.
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Figure g.7: SRT data interactions among the three circular masker conditions.
The Masker Condition stationary represent mean SRT of the sta-
tionary circular masker. moving, represent the mean SRT of the
circular moving masker. co—located represent the mean SRT for the
masker at the same position than target (0°). The error bars show
95 % confidence intervals. Asterisks denote significantly different
pairs of SRMs with %, p < .05 and **, p < .oo01.
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The ANOVA also revealed a significant main effect of Age [F(1,11) = 15.77, p
.002, 77127 = .23, where the SRMs were significantly higher in the young group
compared with the elderly group (p < .001).

Additionally, a significant interaction between Reverberation and Age was found
[F(2,22) = 10.83; p < .001, 772 = .14]. Bonferroni-corrected pairwise comparisons
revealed a significant age difference for the anechoic and the untreated condition
(p < .001), but a non-significant age effect in the treated condition (p > .o05).
No other significant interactions were found (p > .05).
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Figure 9.8: Spatial release from masking (SRM) measured for stationary and
moving maskers in the circular condition. Mean SRMs measured in
anechoic, treated and untreated conditions. The error bars show
95 % confidence intervals of the mean. Asterisks denote significantly
different pairs of SRMs with *, p < .05.

9.2.2 Radial conditions

A repeated-measures ANOVA was conducted to analyze SRM with Reverber-
ation (anechoic vs. treated vs. untreated) and Masker Conditions (co-located
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vs. stationary vs. moving) as within-subjects variables, while Age (young vs.
elderly) as the between-subjects variable. The ordinate of Figure 9.9 shows mean
SRT data in decibels for both age groups over different masker conditions, split
into reverberant conditions. The left panel contains results from the anechoic
condition, the central panel shows results for the treated condition and the
right panel shows results for the untreated condition. The ANOVA revealed a
significant main effect of Reverberation [F(2,22) = 338.17, p < .001, 772 = .76],
reflecting greater SRTs in the untreated condition. There was also a significant
main effect of Masker Conditions [F(2,22) = 990.06, p < .001, 2 = .79], in which
co-located was the most effective masker condition. The ANOVA also revealed a
significant main effect of Age [F(1,11) = 85.16, p < .001, 7712, = .54], where the
SRTs were significantly lower in the young subjects compared with the elderly
subjects (p < .001).

A comparison of data of Figure g.10 illustrate the significant interactions. There
was an interaction between Reverberation and Masker Conditions [F'(4,44) =
88.47, p < .o001, ng = .40], reveling the SRTs of all Masker Conditions increase
while more reverberant is the room. There was also an interaction between
Masker Conditions and Age [F(2,22) = 12.36; p < .o001, 7]12) = .11], in which
elderly subjects performed greater SRTs for almost all Masker Conditions than
the young subjects. There was also an interaction between Reverberation and
Age [F(2,22) = 3.99, p = .03, 77;% = .02], in which the SRTs of young subjects
were more spread between Reverberant conditions in comparison with elderly
subjects. The ANOVA also shown an interaction between Reverberation, Masker
Conditions and Age [F(4,44) = 5.42, p < .001, 7]2 = .06].

A comparison of the results for the co-located condition with those for spatially
separated conditions was analyzed in terms of the amount of SRM. A repeated-
measures ANOVA was conducted to analyze SRM with Reverberation (anechoic
vs. treated vs. untreated) and Masker Conditions (stationary vs. moving) as
within-subjects variables, while Age (young vs. elderly) as the between-subjects
variable. The ordinate of Figure g.11 shows mean SRM data in decibels for both
age groups over different masker conditions on the abscissa, split into reverberant
conditions. The ANOVA revealed a significant main effect of Reverberation
[F(2,22) = 116.06, p < .001, 77 = .71], reflecting higher SRMs in both the
anechoic over the treated, and in the treated over the untreated conditions.
There was also a significant main effect of Masker Conditions [F(1,11) = 5.18, p
= .043, mz) = .01], therefore, a Bonferroni-corrected pairwise comparisons were
applied to examine the difference closely. For the anechoic and untreated condi-
tions a significant difference was found (p < .oo1), but for the treated condition
a non-significant difference was found (p > .o5).
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Figure 9.9: Mean SRT in decibels for both age groups over the radial masker
conditions, split into the three reverberant conditions. Y co represent
SRT of young subjects in the co-located condition. Y'st is the SRT
of young subjects in the stationary circular masker. Ymo is the
SRT of young subjects in the circular moving masker. Eco represent
SRT of elderly subjects in the co-located condition. E'st is the SRT
of elderly subjects in the stationary circular masker. Emo is the
SRT of elderly subjects in the circular moving masker. The error
bars show 95 % confidence intervals. Asterisks denote significantly
different pairs of SRTs with %, p < .05. and **, p < .001.
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Figure g.10: SRT data interactions among the three radial masker conditions.
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The Masker Condition stationary represent mean SRT of the
stationary radial masker. moving, represent the mean SRT of the
radial moving masker. co—located represent the mean SRT for the
masker at the same position than target (0°). The error bars show
95 % confidence intervals. Asterisks denote significantly different
pairs of SRMs with %, p < .05 and **, p < .o01.



9.2. Results

The ANOVA also revealed a significant main effect of Age [F(1,11) = 18.93, p <
.001, 7712: = .31], in which the SRMs were significantly higher in the young group
compared with the elderly subjects (p < .oo1).

For Reverberation and Age, a significant interaction [F(2,22) = 12.05; p < .001]
was found. Bonferroni-corrected pairwise comparisons identified a significant age
difference for the anechoic (p < .001) and the treated conditions (p = .007), but
a non-significant difference in the untreated condition (p > .05). There was also
a significant interaction between Reverberation and Masker Conditions [F(2,22)
= 17.61; p < .001], reflecting a decrease of SRMs for both masker conditions
while more reverberant is the room.

No other significant interactions were found (p > .o5).
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Figure g.11: Spatial release from masking (SRM) measured for stationary and
moving maskers in the radial condition. Mean SRMs measured in
anechoic, treated and untreated conditions. The error bars show
95 % confidence intervals. Asterisks denote significantly different
pairs of SRMs with *, p < .o5.
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9.2.3 IACC results

Figure 9.12 shows the results of the evaluated IACC for all masker positions in all
three simulated reverberant conditions. In the anechoic condition, highest IACC
values all larger than o.7 were observed. The circular movement showed that the
TACC was decreasing for increasing angles, reaching its minimum at 76°. Data
points of the circular moving masker also indicated the limited angular resolution
of the chosen HRTF dataset (3° x 3° in azimuth and zenith angles), resulting in
triplets of identical IACC values. For the radial moving masker, all evaluated
data points lead to identical IACC values as the corresponding BRIRs of the
anechoic condition only differed in amplitude. The effect of the air absorption,
which was considered in the simulation, has a negligible effect on the BRIRs and
their corresponding IACC values. The values for the two reverberant conditions
including room reflections show that the TACC is lower for all positions. It is
noteworthy that in case of the circular maskers, IACC values were rather high
for the frontal position (above 0.6), but substantially decreased for larger angles
(below 0.3 for 70°). When comparing both reverberant conditions, the untreated,
which has a lower direct-to-reverberant ratio than the treated, also has lower
TACC values. In this case, the effect of a decreasing direct-to-reverberant ratio
on the TACC due to increasing the sound source to receiver distance, was also
visible for the radial conditions.

9.3 Discussion and Conclusions

The current experiment examined situations in which the listener must perform
a speech-in-noise task in the presence of a masker located at different positions
or moving. This experiment focused on the benefit of spatial separation. As is
known, the SRM performance in reverberant conditions is different for young
and elderly subjects [164, 225], but how a moving masker affect the SRM under
different reverberant conditions has not been investigated yet.

The main objective of the present experiment was to establish the role played by
the movement of the masker in realistic listening situations and to determine if
exist differences between young and elderly subjects in such circumstances.
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Interaural cross-correlation coefficient evaluated for the binaural
room impulse responses corresponding to the test conditions. The
left part shows the results for the four sampled masker positions
and for continuous masker movement both on the circular trajec-
tory from 0° to 90° azimuth. The right part shows the results
for the three sampled masker positions and for continuous radial
masker movement at 70° azimuth distances from 0.5 m to 1.8 m.
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9.3.1 Effect of moving masker in circular conditions

In the anechoic condition it is possible to observe only a numerical tendency, as
the SRM of circular moving masker is slightly lower than the stationary circular
masker for both age groups, however, the difference is not significant.

In the treated condition, no significant differences between stationary circular
and circular moving maskers were found in both age groups. The slight SRM
benefits observed for thestationary circular masker in the anechoic condition
were annulated by the room reflections.

In the untreated condition, a significant difference between stationary circular
and circular moving maskers was found, but only in elderly subjects. The circular
movement of the masker, combined with a high level of reverberation, can be
considered as a more complex listening situation for the elderly subjects than
stationary masker conditions. The situation seems to be so harmful that the
mean SRMs reached a negative value, which means that the mean SRT in the
circular moving masker was even lower than the mean SRT in the co-located
condition, where there is no spatial separation advantage. The effect due to the
movement of the circular moving masker was around 1.5 dB of difference with
respect to the stationary circular masker. The specific factor of the movement
that produced the reduction on SRM is unclear.

From the TACC evaluation, it can be observed that the interaural coherence
decreases for all positions in the reverberant conditions. It is known that the
general reduction of interaural coherence reduces the speech intelligibility [150].
Nevertheless, it needs to be researched more thoroughly in how the circular
moving masker is more distracting than the stationary circular masker when
the TACC of the target speaker is also very low. When comparing all three
reverberant conditions it can be concluded that a high interaural coherence is
more beneficial for younger listeners, nevertheless, their advantage is lost as soon
as the binaural coherence decreases in reverberant environments. Regarding the
comparison between stationary circular and circular moving maskers, the TACC
analysis, however, does not allow any further explanations.

9.3.2 Effect of moving masker in radial conditions

In the anechoic condition, a significant moving effect was found. For both age
groups, the stationary radial masker has a lower SRM than the radial moving
masker. The favorable effect due to the motion of the masker was around 1.5 and
1 dB for young and elderly subjects, respectively. In case of the radial moving
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masker, the sound pressure decreases proportionally to the inverse of the distance
between sound source and receiver, while for the given situation, the IACC of
the target source and the masker is identical for all situations, which suggests an
improvement in SRM due to the radial movement of the masker. In other words,
the radial movement of the masker could generate larger differences in SNR at
the better ear, resulting in higher benefits in SRM.

In the treated condition, no significant difference between stationary radial and
radial moving masker was found. The addition of room reflections led to a
substantial reduction of the SRM especially for young subjects. The reduction of
the TACC of the target as well as for the masker in comparison with the anechoic
environment supports previous findings that interaural coherence is important to
benefit from spatial separation [150, 156, 209]. Therefore, the SRM benefits are
independent of the radial movement of the masker in such reverberant condition.
In the untreated condition, a significant difference between stationary radial
and radial moving masker was found, but only for the elderly subjects with (1)
stationary circular masker, M = 3.03 dB, SD = 1.0 dB, and (2) circular moving
masker, M = 2.17 dB, SD = 1.19 dB. Here, it can also be assumed that the
radial movement of the masker in a high reverberant environment was a more
complex listening situation for the elderly subjects than the stationary radial
masker. The effect due to the radial movement of the masker was around 1.0 dB
of difference with respect to the stationary radial masker.

In contrast to the anechoic condition (direct sound), the reduction of IACC is
more relevant than the reduction of the masker’s sound pressure in case of the
radial moving masker, leading to a decrease of the SRM for elderly subjects.
Additionally, in both reverberant conditions, the sound pressure of the masker
does not decay according to the distance law, the additional energy in comparison
with the anechoic condition is mostly uncorrelated energy, thus reducing the
potential for spatial separation. To define a model for this correlation, a more
thorough investigation is required at this point, including an assessment of the
temporal variation of the SNR and other potentially relevant parameters, such
as loudness or the binaural level.

9.3.3 Effect of age in circular conditions

In the anechoic condition, a significant Age effect was found, where elderly
subjects reported lower SRM than young subjects. These results are similar to
those of Dubno et al. (2002) [77] that investigated SRM in younger listeners
with normal hearing, older adults with normal hearing and older listeners with
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hearing loss. They found a significant difference between subjects in both the
younger listeners over older listeners with normal hearing, and older listeners
with normal hearing over older listeners with hearing loss. Conversely, Dubno
et al. (2008) [75], that also investigated SRM in young and elderly subjects
with similar test design as the previous study, found only a trend of SRM where
young subjects had higher benefits than elderly listeners, but the difference
was not significant. However, in contrast to the current experiment, in Dubno
et al. (2008) [75] the speech and the masker were low-pass filtered at 3 kHz
to minimize differences in audibility of higher frequency cues between the two
age groups. Therefore, the significant difference between subjects found in the
anechoic condition could be due to the reduced ability of elderly subjects in
using the interaural difference cues [75], especially for the ILD (head shadow)
which is directly related to the frequency range where the elderly subjects have
hearing-impairments. In this experiment, a difference of about 3.5 dB due to this
detrimental effect was observed.

In the treated condition there were no significant differences between young
and elderly subjects. It is known that poor room acoustics affects negatively
the SRM [124]; therefore, in comparison with the anechoic condition, a lower
SRM in the treated condition was expected. Nevertheless, it was not clear if the
reduction in SRM would be similar for both age groups. Both young and elderly
subjects had a reduction of SRM in the treated condition in comparison with the
anechoic condition, but the detrimental effect was deeper for the young subjects
(~5 dB for the stationary circular masker and ~4 dB for the circular moving
masker) than for the elderly subjects (~2 dB for the stationary circular masker
and ~1 dB for the circular moving masker). Marrone et al. [164] investigated
SRM among young and elderly subjects under both low and high reverberant
conditions. They found a significant difference between age groups in the low
reverberant condition, however, the maskers were also a speech signal similar to
the target, and its locations were to either side (£90°) to diminish the use of
the head shadow effect. In the current experiment, both age subjects performed
similar SRMs in the treated condition, thus, is possible to assume that this low
reverberant condition does not enlarge strongly the detrimental effect that has
the hearing-impairment of elderly subjects in reducing their ability to use ILDs.
Conversely, the young subjects were largely affected by the reverberant condition
with around 4-5 dB of SRM reduction in both stationary circular and circular
moving maskers, thus obtaining similar results than elderly subjects. Therefore,
a more thorough investigation is required to know if reverberation has a similar
detrimental effect as the hearing-impairments of the elderly subjects over the
SRM in circular conditions.

In the untreated condition, an unexpected significant age difference in the circular
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moving masker was found, where the elderly subjects performed lower SRMs
with (1) stationary circular masker, M = 0.27 dB, SD = 1.34 dB, and (2) circular
moving masker, M = -1.12 dB, SD = 1.36 dB. For the circular moving masker,
the mean SRM of the young subjects decreases from the treated condition to the
untreated condition by 1 dB, meanwhile the mean SRM of the elderly subjects
decrease from the treated condition to the untreated condition by 2.5 dB. This
allows the conclusion that, for elderly subjects, the acoustic scene becomes
more complex and demanding when the masker is moving and the reverberation
increase.

In general, significant differences were found between young and elderly subjects
in several spatial separation conditions tested in this experiment. Even so, it
should be clarified that age effects were not free from influences of hearing-
impairment, thus, the interpretation of the results cannot be attributed to age
only [164]. The age effect could be due to declines in cognition functions (such as
working memory), attentional control, processing speed, or declines in auditory
functions [176]. By excluding the influences of hearing—impairment to focus only
on the age effect, could not represent faithfully one of the biggest group with
hearing difficulties without being hearing-aid wearers. Nevertheless, due to the
design of this experiment, is possible to assume that differences could be related
to auditory processing alterations since the task was not related with cognition
processing and all elderly subjects were tested to be normal in the DemTect
test.

9.3.4 Effect of age in radial conditions

In the anechoic condition, a significant age effect was found for young subjects
with (1) stationary radial masker, M = 10.81 dB, SD = 0.84 dB, and (2) radial
moving masker, M = 12.15 dB, SD = 1.36 dB, and for elderly subjects with (1)
stationary radial masker, M = 6.56 dB, SD = 1.32 dB, and (2) radial moving
masker, M = 7.54 dB, SD = 1.52 dB. The elderly subjects have a lower SRM
than the young subjects, with a difference of around 4.5 dB for both masker
conditions. The difference between subjects could be due to the reduction that
the elderly subjects have in using the monaural and interaural difference cues,
especially the differences in SNR at the better ear.

For the treated condition, it was expected a reduction in the SRM for both age
groups, but again it was not clear if the reduction in SRM would be similar for
both age groups under the radial conditions. Unlike the circular conditions,
there was a reduction in SRM, but the significant difference between age groups
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remained. It was previously suggested that there is an improvement of the SRM
benefit due to the radial movement of the masker, thus, even in this reverberant
condition, young subjects could have benefited to a greater extent of the shadow
effect than elderly subjects.

In the untreated condition, there were no significant differences between young
and elderly subjects. Therefore, is possible to assume that this high reverberant
condition does not enlarge the detrimental effect that has the hearing-impairment
of elderly subjects in reducing their ability to use ILDs. Consequently, a more
thorough investigation is required to know if reverberation has a similar detri-
mental effect as the hearing-impairments of the elderly subjects over the SRM
in radial conditions.

9.3.5 Conclusion

The main purpose of the present experiment was to establish the effect of a
moving masker, either circular or radial, in an SRM task between young and
elderly subjects across different reverberant conditions.

For circular conditions, a slight tendency in the anechoic condition was found,
with the SRM of circular moving masker being lower than the SRM of the
stationary circular masker. Conversely, and as was expected, in the untreated
condition the elderly subjects got a lower SRM in the circular moving masker
than the stationary circular masker, which suggests that the circular movement
of the masker is a more challenging listening situation than stationary conditions.
For radial conditions, the SRM of the radial moving masker in the anechoic
condition was higher than the stationary radial masker, showing that the radial
movement of the masker produces larger differences in SNR at the better ear. In
the untreated condition, a significant difference in elderly subjects was found,
where the SRM of the radial moving masker was lower than the stationary radial
masker. This shows that, for the elderly subjects, even in the situation of an
increasing SNR during the radial moving masker condition (which expects higher
SRM), the fact that the situation was dynamic also lead to a more challenging
listening situation than stationary conditions.

Consistent with previous research, young subjects demonstrated higher SRM
than elderly subjects, especially for conditions with a high level of interaural
coherence of target and masker, for example in the anechoic condition. The effect
due to age, however, was inconclusive. Typical auditory processing alterations of
the elderly subjects were considered as the possible explanation for the findings;
however, different experimental designs are required to answer this question with
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certainty.

In general, the results of the presented experiment show that elderly subjects
have more difficulties to handle moving maskers than stationary maskers in poor
reverberant conditions.
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Conclusion and Outlook

It is known that listeners with hearing impairments have difficulties understanding
speech in the presence of background noise. Despite the high technology pre-
sented by the new hearing aids, listeners with hearing impairments still complain
about their capacity to understand speech under complex noise environments.
The hypothesis of this thesis was that the current listening tests, performed to
assess speech-in-noise perception, are not representative of real-life situations.
Most research has concentrated on the listener’s ability to understand speech in
the presence of maskers such as noise or speech, but they have largely focused
only on stationary sound sources. Nevertheless, as we know, in real-life listening
situations we are confronted with multiple stationary and moving sound sources
that disturb our speech perception.

This thesis provides insights into the listener’s speech perception capacity in cases
with moving maskers. Furthermore, comparing moving and stationary maskers,
this thesis provides information on whether the hearing system processes these
two situations differently. In other words, the objective was to know whether
the evaluation of a moving masker reports differents speech reception thresholds
(SRTs) and spatial release from masking (SRM) than stationary maskers.

In chapter 6 a virtual acoustic environment was simulated to assess SRM of
moving maskers in an anechoic condition. Maskers moving away and toward
the target position were compared, but nevertheless, no differences between
the two trajectories were found. Besides, different degrees of movements were
evaluated between 15° and 90°, where a clear pattern was reflected with masker
moving 15° achieving the lowest SRM and masker moving 90° the highest SRM.
However, it is known that many different factors can affect the speech-in-noise
perception such as the measurement paradigm, head movements, room acoustic
conditions, the use of individual HRTFs, the type of the masker and its spatial
distribution, among others [34]. Therefore, in this thesis, several factors to assess
speech-in-noise perception in different moving masker conditions were taken into
account.

Due to the relevance of the SRM on speech perception, several models have
been created to predict SRM for diverse spatial positions of the masker and for
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different types of maskers. However, so far, none of the models has taken into
account maskers in movement. In chapter 7, a mathematical model to predict
SRM for maskers with movements in azimuth (only from —90° to +90°) was
presented. It was possible to observe different SRM between stationary and
moving maskers, especially for short movements.

While head movement has been shown to improve sound localization accuracy
[230], how it affects performance in SRM tasks remains unknown. In chapter 8, an
experiment comparing static and dynamic reproduction methods was presented.
The experiment investigated whether listeners used their head movements to
maximize their intelligibility during a listening test with a moving masker. Dif-
ferences only in the stationary masker cases were observed, showing higher SRTs
(worst intelligibility) in cases with head movements (dynamic reproduction) than
cases without head movements (static reproduction). In cases with a moving
masker, no differences were found; therefore, listeners could have used their
head movements more effectively to resolve the rapidly changing and ambiguous
binaural cues while the masker was moving. Besides, between masker moving
away and toward the target position, no differences were found when the dynamic
reproduction was implemented.

The comparison of stationary and moving maskers with the use of dynamic
reproduction was found to be significantly different. Nevertheless, it is known
that the use of mismatched HRTFs data-sets, such as HRTFs measured from an
artificial head, can result in unwanted artifacts in coloration and localization.
For that reason, the use of individual HRTFs and an artificial head HRTF was
evaluated. Results showed significant differences between individual HRTF and
artificial head HRTF, reflecting in general higher SRTs for artificial head HRTF
than individual HRTF, but no differences in SRM. Besides, no differences in
the use of head movements were found. In addition, the comparison between
stationary and moving masker showed a significant difference only for static
reproduction and individual HRTF.

Another relevant factor that affects SRM is room acoustics. For that reason, in
chapter g, an analysis comparing stationary maskers with two different moving
masker (circular and radial), among different reverberant conditions (anechoic,
treated and untreated) was presented. This analysis was carried out within two
groups of subjects: young and elderly subjects (no hearing aid users). For both
circular and radial conditions in the untreated room, a significant difference
between stationary and moving masker was found. This difference was observed
in the elderly subjects, who are one of the main groups in which this thesis is
oriented. These findings meaning that, in high reverberant conditions, elderly
subjects have more difficulties to understand speech with a moving masker than
stationary maskers.
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CHAPTER 10. Conclusion and Outlook

To summarize, moving versus stationary maskers under different conditions were
assessed in all the experiments evaluated in this thesis. Significant differences
in several cases and conditions were found, revealing that the auditory system
assesses differently the moving maskers than the stationary maskers. Therefore,
the inclusion of moving conditions in clinical listening tests is recommended,
in order to assess speech-in-noise perception in a more realistic environment.
Nevertheless, the role that visual cues play on head movements during a listening
test with moving maskers needs to be researched more thoroughly. Furthermore,
a more complete model of SRM to predict moving maskers with every movement
in 360° under different reverberant conditions could bring more insight into the
dynamic binaural mechanism. In addition, evaluating hearing aids wearers under
moving sound sources conditions may provide information related to a better
fitting of hearing aids.
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