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Abstract

One key advantage of having two ears is that it facilities localization. Besides
the acoustic information in the sound, the auditory system utilizes the time
and level differences between the two ears to associate the origin of a sound
source with a place in our surrounding space and perceptually place the sound
at this position. This process is called externalization. Unfortunately, it is very
challenging to construct hearing aids that enable hearing-impaired listeners
to externalize in the same way as normal-hearing listeners. This is especially
true in reverberant environments, where acoustic reflections interfere with the
process. The aim of this work is to understand which components of sound
are necessary for externalization. This understanding will help in the devel-
opment of future hearing aids with the capacity for externalization even in
environments with significant reverberation. Based on several experiments
with both normal-hearing and hearing-impaired listeners, an analysis of the
externalization process was performed. The experiments were conducted over
headphones to provide the test subjects with the same acoustic information
as if the sound source was physically placed in the reverberant environment.
The test subjects were asked to indicate the virtual position of the sound source.
Results show that the spectral details of the direct sound plays an important
role on externalization, whereas the spectral details in the reverberant sound
has little influence on externalization. In addition, we investigated the effect of
several hearing-aid compression strategies on externalization. It was found that
compression schemes where the acoustic information is shared between the
hearing instruments across ears provided the listeners with a spatially distorted
sound scene even though the intrinsic level differences were preserved. The
analyses suggest that the problem comes from enhanced reverberant energy
and modifications of the relation between the direct and the reverberant sound
should be avoided. Based on this suggestion, we devised a signal-processing
scheme that is driven by the direct sound activity. Implementation and ex-
perimental tests of this method demonstrated that the natural sound scene
perception is preserved.
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Resumé

Fra naturens side er mennesket udstyret med to ører. Det er ikke kun fordi som
man måske kunne tro, at to ører hører bedre end et, men fordi to ører hører helt
anderledes end et. Ved hjælp af to ører kan man retningsbestemme og lokalisere
lydkilder i rummet omkring os. Dette kan lade sig gøre da man placerer natur-
ligt forkommende lydkilder uden for hovedet. Dette kaldes eksternalisering.
Desværre viser det sig, at der er store udfordringer forbundet med at konstruere
høreapparater, som sætter den hørehæmmede i stand til problemløst at lokali-
sere lydkilder på samme måde som normalthørende. Retningsbestemmelsen
er især en udfordring i omgivelser med kraftige refleksioner, som naturligt nok
kan forvirre lokaliseringen. Formålet med dette arbejde har været at bidrage til
forståelsen af hvilke egenskaber i lyder der benyttes til at eksternalisere lydkilder
korrekt. Denne forståelse vil kunne bidrage til udviklingen af høreapparater
som netop kan hjælpe den hørehæmmede med at lokalisere lydkilder selv i
rum med en kraftig efterklang. Der er gennemført en analyse af evnen til ek-
sternalisere lydkilder på basis af eksperimenter med både normalthørende og
hørehæmmede personer. I eksperimenterne udsættes forsøgspersonerne for
lydsignaler afspillet over høretelefoner for at kunne skabe samme eksternalisere-
de lydbillede som hvis lyden var placeret i rummet. I eksperimenterne udsættes
forsøgspersonerne for lydsignaler hvor der er brugt forskellige strategier til at
forstærke lydsignalerne. Forsøgspersonerne bedes om at udpege den virtuelle
placering af lydkilderne. Eksperimenterne peger på, at en del af problemet med
at eksternalisere lydkliderne korrekt er resultatet af forstærkning af energien i
den del af lydsignalet som hidrører fra de rumlige refleksioner. Det fører til den
hypotese, at evnen til at lokalisere lydkilder kan bevares hvis forholdet mellem
energien i den direkte lyd og den reflekterede lyd ikke ændres af forstærkningen.
På basis af denne hypotese konstrueres en metode til udelukkende forstær-
ke den direkte den af lyden for derved at kunne bibeholde lydens rummelige
egenskaber.
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1
General introduction

Even in situations with multiple sound sources around us in a noisy and rever-

berant acoustic environment we are able to almost effortlessly segregate the

incoming sound mix into individual auditory objects. We can perceive most of

the sound sources as being compact in space and can correctly localize them

even if no visual information was available. Segregating auditory objects into

individual streams is also crucial for following a conversation with a single per-

son in the presence of various interfering sources. The ability to form auditory

objects has been shown to be supported by listening through both ears, such

that binaural hearing can provide a listening advantage over monaural listening

particularly in those acoustic conditions where sound localization matters (e.g.,

Cherry, 1953).

As a sound arrives at a listener’s two ears the sound interacts with the lis-

tener’s head, torso and pinna that lead to diffraction and scattering of the sound.

This diffraction and scattering changes the frequency content of the sound such

that when a sound arrives at the two ears it contains differences in level and

time. The changes in the frequency content of the ear signals are commonly

referred to as the monaural spectral cues whereas the differences across the

ears are referred to as interaural level differences (ILDs) and interaural time

differences (ITDs). These binaural cues typically vary as a function of frequency

such that each position in space will produce a unique set of auditory cues,

often referred to as the head-related transfer function (HRTF).

1



2 1. Introduction

In everyday listening environments, the sound does not only reach the lis-

tener’s ears directly from the position of the sound source but also from different

directions via reflections from surrounding surfaces (e.g., walls and objects) in

the reverberant space. The time-course of the reverberation can be divided into

three distinct parts each having its own characteristics. The first part represents

the direct sound, followed by the “early reflections” containing the first distin-

guishable reflections and the reverberant part where the reflections become

denser and decay exponentially with time (e.g., Kuttruff, 2009).

In reverberant environments, the auditory system has been demonstrated to

be able to identify the direct sound while “suppressing” the early reflections from

the other spatial directions. This remarkable phenomenon has been described

as the “precedence effect” or “law of the first wave front” (e.g., Wallach et al.,

1949; Haas, 1951) and enables the listener to robustly identify the direction of a

sound source despite the complex input from various directions, even though

this process has its limitations since reverberation for certain sound sources

can indeed degrade the listener’s accuracy of identifying their direction (e.g.,

Hartmann, 1983). In addition, the relation between the direct sound and the

reflections has been shown to facilitate distance perception in a reverberant

environment (e.g., Mershon and King, 1975; Nielsen, 1993). While the direct

sound energy decreases by 6 dB per doubling of the distance to the source, the

reverberant energy remains fairly constant. This implies that the energy ratio

of the direct sound and the reverberant sound (DRR) decreases for increasing

distances to the sound source.

When people listen to sounds over headphones, the source of the sound

is generally perceived to be located inside the listener’s head, i.e. it is inter-

nalized. However, when the headphone reproduction contains the individual

auditory cues provided by the HRTF and the interaction with the reverberant
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environment, the same convincing externalized perception can be achieved as

if the sound originated from the same location in the space. The headphone

reproduction should also account for the head movements of the listener as it

has been shown that head movements also provide additional dynamic cues

that contribute to externalization perception (Brimijoin et al., 2013).

Noble and Gatehouse (2006) found in their questionnaire-based field study

that many hearing-aid users experience difficulties with localization of sounds.

In the worst case, sounds were found to be perceived as internalized instead

of externalized in the space. This indicated that the hearing-aid processing

distorted the auditory cues provided by HRTF and the interaction with the re-

verberant environment. Those findings motivated the present work. The goal

was to obtain a detailed understanding of the effects of signal modifications (e.g.

via hearing-aid signal processing) on the spatial cues involved in externaliza-

tion. Such understanding should have major impact for the development and

evaluation of new signal processing strategies, e.g. in hearing instruments and

other devices were robust sound externalization is required. Ideally, the work

could help design compensation strategies for hearing-impaired listeners such

that their spatial perception is not compromised by the applied amplification.

1.1 Overview of the thesis

Specifically, this thesis is focused on both static and dynamic hearing-aid re-

lated modifications and their impact on externalization perception both in

normal-hearing and hearing-impaired listeners. All experimental listening tests

conducted in this thesis use stimuli virtualized over headphones to simulate

externalized sound sources.

Chapter 2 investigates the effect of manipulating the spectral details in the
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binaural transfer function on perceived externalization in a reverberant room,

to understand the implications of e.g., the position of the microphones in hear-

ing aids. The spectral details are reduced in either the direct or reverberant part

of the BRIRs by smoothing the magnitude responses with band-pass filters. Lis-

tening tests are performed using broadband noise convolved with unmodified

BRIRs and modified BRIRs. It is investigated how the reduction spectral details

in the BRIR affects the externalization of the broadband noise. In an attempt to

characterize the auditory processes involved in externalization perception, a

computational model is presented and evaluated.

Chapter 3 investigates the effects of fast-acting hearing-aid compression on

spatial perception in an everyday reverberant environment. It has been shown

that temporal modifications on reverberant ear signals have been shown to

degrade the externalization perception (Catic et al., 2013). Three compression

schemes are considered: independent compression at each ear, linked com-

pression between the two ears, and “spatially ideal” compression operating

solely on the dry source signal. Linear amplification processing is used as the

reference condition. The listener’s task is to indicate the location and extent of

their perceived sound images on the horizontal plane graphically on a touch

screen. The interaural coherence of the ear signals and direct-to-reverberant

energy ratio calculated from the ear signals are considered as objective outcome

measures and compared to the obtained experimental data.

Chapter 4 focuses on the importance of preserving the spatial perception of

listeners in a reverberant environment while applying fast-acting hearing-aid

compression. It is investigated whether this can be accomplished by linearizing

the hearing-aid when the signal is dominated by reverberation, while maintain-

ing the fast-acting compression when the signals are dominated by the direct

sound. The classification of the signal into direct sound and reverberation is
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either done with a priori knowledge of the BRIR, or estimated blindly from the

ear signals. Both linear processing and fast-acting hearing-aid compression

without linearization of the reverberant part of the signal will be used as ref-

erence conditions. The listeners’ task is to indicate their spatial perception

of virtualized speech graphically to capture all relevant spatial attributes with

respect to distance, azimuth localization, source width and the occurrence of

split images.

Finally, Chapter 5 summarizes the main findings of this thesis and discusses

the implications for models of auditory signal processing and perception, partic-

ularly in relation to sound localization and externalization, as well as for future

applications in hearing instruments.
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2
The role of spectral detail in the binaural

transfer function on perceived

externalization in a reverberant

environmenta

Abstract

Individual binaural room impulse responses (BRIRs) were recorded

at a distance of 1.5 m for azimuth angles of 0° and 50° in a rever-

berant room. Spectral details were reduced in either the direct or

the reverberant part of the BRIRs by averaging the magnitude re-

sponses with band-pass filters. For various filter bandwidths, the

modified BRIRs were convolved with broadband noise and listeners

judged the perceived position of the noise when virtualized over

headphones. Only reductions in spectral details of the direct part

obtained with filter bandwidths broader than one equivalent rect-

angular bandwidth affected externalization. Reductions in spectral

details of the reverberant part had only little influence on external-

ization. In both conditions, externalization was not as pronounced

at 0° as at 50°. To characterize the auditory processes that may be

involved in the perception of externalization, a quantitative model

a This chapter is based on Hassager, H. G., Gran, F., Dau, T. (2016), The Journal of the Acoustical

Society of America.

7



8 2. Spectral detail in the binaural transfer function

is proposed. The model includes an echo-suppression mechanism,

a filterbank describing the frequency selectivity in the cochlea and

a binaural stage that measures the deviations of the interaural level

differences between the considered input and the unmodified input.

These deviations, integrated across frequency, are then mapped to

a value that corresponds to the perceived externalization.

2.1 Introduction

One fascinating aspect of the human hearing sense is its ability to capture the

surrounding auditory space from the often complex acoustic input to the two

ears. Even in reverberant environments and in the presence of multiple sound

sources, the auditory system is able to extract the relevant acoustic information

provided by the binaural room impulse responses (BRIRs), such that sound

sources are perceived as externalized and as arising from the reverberant envi-

ronment. The BRIRs represent the impulse responses from the sound source

positions to the listener's left and right ears. The impulse responses consist

of the filtering by the head, torso, and pinna, as described by the head-related

transfer functions (HRTFs), and the acoustic interaction with the reflective en-

vironment in which the listener is present (Hartmann and Wittenberg, 1996;

Begault et al., 2001). According to Hartmann and Wittenberg (1996), external-

ized sound images are perceived by the listener to be compact and correctly

located in space. Convincingly externalized sound images can be obtained

via headphones, if the headphone reproduction includes the filtering by the

BRIRs (Begault et al., 2001). However, when sounds presented via headphones

or other listening devices, such as hearing aids, lack the filtering by the BRIRs,

the externalization breaks down and the sound images are most likely perceived
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inside of the listener's head, i.e., internalized. In studies on distance perception,

the ratio of the acoustic energy in the direct sound versus the reverberant part

of the sound, i.e., the direct-to-reverberant ratio (DRR), has been demonstrated

to relate to the perceived sound source distance (e.g., Zahorik et al., 2005; Kopčo

and Shinn-Cunningham, 2011). However, several studies on sound externaliza-

tion suggested that the spectra of the left-ear and the right-ear stimuli affect

the amount of perceived externalization (e.g., Hartmann and Wittenberg, 1996;

Boyd et al., 2012).

Some studies investigated the effect of modifications of the (spectral) shape

of the HRTF on the spatial perception of the sound. Specifically, Kulkarni and

Colburn (1998) examined how a reduction of the spectral details of individ-

ual HRTFs affects sound localization in anechoic conditions whereby no head

movements were allowed but visual cues were present (Kulkarni and Colburn,

1998). In their study, a smoothing of the spectral details of the HRTF was ob-

tained by truncating the Fourier series of the HRTF spectra. The influence of

the reduced spectral details was studied for azimuth angles of a single sound

source at 0°,45°, 135°, and 180°, using sounds externalized over tube phones. By

comparing virtual and real loudspeaker stimuli, Kulkarni and Colburn (1998)

found that the number of coefficients in the Fourier series could be reduced

from 512 to 16 without affecting the perceived sound localization, i.e., all listen-

ers reported fully externalized virtual sounds even in the conditions with the

strongest spectral smoothing.

Breebaart and Kohlrausch (2001) investigated to what extent reductions

in the spectral details of HRTFs were detectable. They smoothed the magni-

tude and phase spectra of nonindividual HRTFs with a gammatone filterbank

(Patterson et al., 1988) with different filter orders to achieve different degrees

of smoothing. The fourth-order gammatone filterbank had individual filter
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bandwidths corresponding to the equivalent rectangular bandwidth (ERB) scale

according to Glasberg and Moore (1990) which roughly reflects the frequency-

selective processing in normal-hearing listeners. Listeners compared sounds

that were convolved with the smoothed vs original HRTFs and were asked to rate

the perceived audible difference on a three-step scale. Azimuth angles of 0°,30°,

and 120° were considered in their study and it was found that a smoothing with

filter orders above one did not produce any audible effect whereas smoothing

with filter orders below one was detectable.

The above studies were either carried out only in an anechoic environment

(Kulkarni and Colburn, 1998), i.e., in the absence of any reverberation, or were

focused on pure detectability of the spectral modifications of the HRTFs (Bree-

baart and Kohlrausch, 2001). However, it has been demonstrated that reverber-

ation contributes to externalization perception (e.g., Begault et al., 2001; Catic

et al., 2013) via the binaural cues provided by the interaural level differences

(ILDs) and interaural time differences (ITDs) in a given environment. Related

to the DRR, Catic et al. (2015) found that BRIR modifications, by either BRIR

truncations or making the reverberation identical in both ears, altering the

binaural cues in terms of the interaural coherence (IC) are important for sound

source externalization. Thus the binaural interaction of the direct part as well as

early reflections and the late reverberation of the BRIR have been found to affect

externalization. However, a detailed understanding of the role of the different

parts of the BRIR on externalization is still missing.

The present study investigated the influence of spectral smoothing of the

BRIR on externalization in a reverberant environment. Two experiments were

conducted to study the effects of early reflections and late reverberation on

externalization as a function of the spectral fidelity of the processing. In the

first experiment, the direct part of the BRIR was spectrally smoothed, similar as
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in the study of Breebaart and Kohlrausch (2001), but combined with the rever-

berant part of the BRIR which was left unchanged. In the second experiment,

the corresponding effect of spectral smoothing of the reverberant part of the

BRIR (containing the early reflections and late reverberation) was investigated

whereby the direct part was left unchanged. By applying spectral smoothing

only on the direct part of the BRIR, the effects of the acoustical properties of

the (modified) sound source on externalization (e.g., due to spectral coloration

of individual ears) were studied. When applying spectral smoothing on the

reverberant part of the BRIR, the effects of the acoustical properties of delayed

versions of the sound source on externalization were studied. The experiments

were carried out not allowing the listeners to move their heads, since head

movements have been demonstrated to affect externalization (Brimijoin et al.,

2013).

Furthermore, in an attempt to characterize the auditory processes that may

be involved in externalization perception, a simple quantitative model was

developed. The model consisted of several stages of monaural and binaural

auditory preprocessing of the input stimuli, including an echo-suppression

mechanism (where the direct sound was assumed to partly suppress the lagging

reverberant sound components) and a mapping between the respective internal

representation of the stimuli and their corresponding externalization percept.

The model was applied to the conditions of the two experiments considered in

the present study.
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2.2 Methods

2.2.1 Externalization measurements

Listeners

Seven listeners, six males and one female, with audiometric pure-tone thresh-

olds below 20 dB hearing level between 125 and 8000 Hz, aged between 33

and 40 years, participated in the experiment. All listeners were familiar with

psychoacoustic localization and externalization experiments. Prior to all exper-

iments, training was conducted to make the listeners familiar with the different

degrees of externalization they would encounter in the experiments.

BRIR measurements

Individual BRIRs were recorded with a source-to-listener distance of 1.5 m and

for azimuth angles of 0° and 50°. The recordings were carried out in a reverber-

ant listening room designed in accordance with the IEC 268-13 (1985) standard.

Figure 2.1 shows an illustration of the experimental setup. The BRIRs were

recorded with the Tucker-Davis Technologies RX8 system at 48,828 Hz, with

two Etymothic Research ER-7C probe microphones placed in the ear canals of

the listeners. The tip of each probe microphone was placed in an open dome

used for behind-the-ear hearing aid. A maximum-length-sequence (MLS) of

order 13, with 32 repetitions played from a Genelec 6010a loudspeaker, was

used to obtain the speaker-to-ear impulse responses, x (t )b r i r . The speaker-to-

ear impulse responses are considered to be the BRIRs. The headphone-to-ear

impulse responses, x (t )hp i r , from the HD650 Sennheiser headphones (placed

on the listeners) to the probe microphones, were obtained with the same MLS

immediately after the recordings of the headphone-to-ear impulse responses.

To compensate for the headphones, the inverse headphone-to-ear impulse
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response, x (t )hp i r,i n v , was calculated in the time domain using the Moore-

Penrose pseudoinverse. The speaker-to-ear-canal impulse responses,x (t )b r i r ,

were convolved with the inverse headphone-to-ear-canal impulse responses,

x (t )hp i r,i n v , to create filters for virtual external sound source generation. Due to

inaccuracies in the placement of the probe microphones in the current record-

ing setup, the BRIRs cannot be considered to be accurate at frequencies above

6000Hz.

30,0° 

50,0° 

150 cm 

215 cm 225 cm 

335 cm 

270 cm 

Listener 

View
direction 

Figure 2.1: The geometry of the listening room with the placement of the listener and the loud-
speakers at 0° and 50°. The 0° angle is indicated by the view direction.

BRIR modifications

To study the effect of spectral detail in the BRIRs on externalization, modifica-

tions of the direct part and the reverberant part of the BRIR were undertaken.

When the listeners were seated in front of the loudspeakers, the first reflection
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from the floor occurred after 3.8 ms. The direct part of the BRIRs was therefore

defined as the first 3.8 ms, starting at the sample of most energy. The reverberant

part of the BRIR after 3.8 ms comprised early reflections and late reverberation.

A 5 ms half raised-cosine window was used to ensure a smooth transition of

the BRIRs between the direct part and the reverberant part. Figure 2.2 shows

the transition of the BRIR between the direct part and the reverberant part for

one of the measured BRIRs. In the time domain, the sum of the direct and the
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Figure 2.2: The black solid and dashed functions indicate the transition windows applied on the
BRIRs (in grey) to divide the BRIRs into the direct part and the reverberant part.

reverberant part of the BRIRs is denoted as

x (t )b r i r = x (t )d i r + x (t )r e v e r b . (2.1)

The magnitude spectrum of either the direct part or the reverberant part of

the BRIRs was smoothed with a gammatone filterbank. The method described

in the following is similar to the procedure used by Breebaart and Kohlrausch

(2001). However, in contrast to Breebaart and Kohlrausch, the different degrees

of smoothing were achieved here for different bandwidths, b , of the gammatone
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filters rather than different orders, n . The smoothed magnitude spectrum,
�

�Y ( f )
�

�, can be found by calculating the smoothed frequency bins for each center

frequency, fc , given by

�

�Y ( fc )
�

�=

√

√

√

√

∫∞
0

�

�X ( f )
�

�

2 �
�H ( f , fc )

�

�

2
d f

∫∞
0

�

�H ( f , fc )
�

�

2
d f

(2.2)

with
�

�X ( f )
�

� representing the original magnitude spectrum of either the direct

part or reverberant part of the BRIR, x (t )d i r or x (t )r e v e r b , and
�

�H ( f , fc )
�

� denot-

ing the magnitude spectrum of the gammatone filter at the center frequency,

fc . The approximation of the transfer function of a fourth-order gammatone

filter is given as
�

�H ( f , fc )
�

�=
�

1

1+ j ( f − fc )/b ( fc )

�4

. (2.3)

To achieve magnitude smoothing of different degrees, the bandwidth b ( fc ) of

the gammatone filters was represented as

b ( fc ) = B ×1.149×24.7
�

4.37× fc

1000
+1

�

(2.4)

with B denoting the bandwidth factor relative to a value of one, representing

the original ERB values according to Glasberg and Moore (1990).

Since it has been shown that a minimum-phase version of the HRTF is a

perceptually valid description (Kulkarni et al., 1995) for the HRTF, the magnitude

smoothing of the direct part of the BRIRs was applied to minimum-phase ver-

sions of the direct parts of the BRIRs. The direct part of the BRIRs was therefore

decomposed into a minimum-phase filter and an all-pass filter

X ( f )d i r =
�

�X ( f )
�

�

d i r
e j ϕ( f )d i r,mp e j ϕ( f )d i r,a p , (2.5)
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whereϕ( f )d i r,mp andϕ( f )d i r,a p indicate the phases of the minimum-phase and

the all-pass filters, respectively. The all-pass filters can be considered as pure

delays. The magnitude spectra of the minimum-phase filters,
�

�X ( f )
�

�

d i r
, were

smoothed according to Eq. (2.2). The phase of magnitude-smoothed filters were

turned into minimum-phase to ensure that the phase modifications were kept

small. The magnitude smoothed minimum-phase filters were then convolved

with the corresponding all-pass filters to generate the modified direct parts

Y ( f )d i r =
�

�Y ( f )
�

�

d i r
e j ψ( f )d i r,mp e j ϕ( f )d i r,a p , (2.6)

whereψ( f )d i r,mp denotes the phase for the magnitude smoothed minimum-

phase filter. The corresponding unmodified reverberant part was then added to

generate the BRIRs with the modified direct part to form BRIRs with magnitude

smoothed direct parts

y (t )b r i r,d i r = y (t )d i r + x (t )r e v e r b . (2.7)

The magnitude smoothing of the reverberant part of the BRIRs was applied

on the magnitude response of the short-time Fourier transformation, similar to

the smoothing done by Baer and Moore (1993). A short-time Fourier transfor-

mation of the reverberation part of the BRIRs was applied with an 8192-samples

long Hanning window, corresponding to 160 ms, and a step size of one sample.

For each window, frequency spectra were obtained,

X ( f )r e v e r b =
�

�X ( f )
�

�

r e v e r b
e j ϕ( f )r e v e r b . (2.8)

The magnitude spectra were smoothed, according to Eq. (2.2), while keeping
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the phase spectra unmodified

Y ( f )r e v e r b =
�

�Y ( f )
�

�

r e v e r b
e j ϕ( f )r e v e r b , (2.9)

where
�

�X ( f )
�

�

r e v e r b
indicates the original magnitude spectrum,

�

�Y ( f )
�

�

r e v e r b

indicates the smoothed magnitude spectrum, and ϕ( f )r e v e r b represents the

phase. The smoothed reverberant part of the BRIRs was generated via the cor-

responding inverse short-time Fourier transformation. The unmodified direct

parts were then added to generate the BRIRs with the modified reverberant

parts

y (t )b r i r,r e v e r b = x (t )d i r + y (t )r e v e r b . (2.10)

Figure 2.3 shows the original spectra and the smoothed spectra, for one of the

listeners, for both the direct part (top panels) and the reverberant part (bottom

panels) of the BRIR for the 50° conditions. The left panels show the results for

the left-ear stimuli and the right panels show the corresponding results for the

right-ear stimuli. The smoothed spectra were created using the same degree

of smoothing as in the experiment. For better visibility, the smoothed spectra

were separated by 10 dB for each degree of smoothing.

Experimental conditions

The stimuli used for the experiments were band-pass filtered noises (50-6000Hz)

with a duration of 4 s and a sound pressure level (SPL) of 75 dB. The long duration

of the stimuli was chosen to ensure that the listeners could provide a reliable

response associated with their percept. BRIRs with either the modified direct

part or the modified reverberant part were created with bandwidth factors, B ,

of 0.316, 0.570, 1.03, 1.85, 3.33, 6.0, 10.8, 19.5 35.0, and 63.1. The noise was

convolved with either the original or the modified BRIRs and then convolved
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Figure 2.3: Examples of original (bottom-most curves) and smoothed spectra (separated by 10 dB
for each degree of smoothing for better visibility) for both the direct part (top panels) and the
reverberant part (bottom panels) of the BRIR for the 50° conditions for one of the listeners. The
results for the left-ear stimuli are shown in the left panels and the corresponding results for the
right-ear signals are shown in the right panels.

with the inverse headphone-to-ear filters to create signals providing different

degrees of perceived externalization of the noise. These signals were presented

over the same headphones as used in the BRIR measurements. The listeners

were seated in front of the loudspeakers, which were placed at the measurement

positions, as illustrated in Fig. 2.1. The listeners were asked to remain still and

judge the perceived position of the sound source between the loudspeaker and

their head. Similar to Hartmann and Wittenberg (1996), a linear scale was used

to indicate the distance from the listener's head to the loudspeaker. A scale

from 1 to 5 was used where 1 corresponded to a percept in the head and 5

corresponded to a percept coming from the loudspeaker. The listeners were

instructed to ignore other perceptual attributes, such as frequency coloration
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or apparent source width, and to only focus on the degree of perceived position

of the sound source. The modified signals and the original signal were each

repeated 10 times with different realizations of the noise. No response feedback

was provided to the listeners. The signals were presented in random order.

The experiment was first carried out at the azimuth angle of 0° and then at

the azimuth angle of 50°. Prior to the actual experiment, a training session

was carried out, where each of the signals was played once to get the listeners

familiar with the perceptual sensation. Some listeners reported changes in

coloration. However, all listeners reported the source width of the stimuli to be

unchanged. Results of the experiment will be presented later in Sec.2.3.

2.2.2 Externalization model

The proposed model maps a given acoustical input signal onto a value that

corresponds to the perceived externalization of the signal. The model includes

several preprocessing stages, including an echo-suppression mechanism, a

middle-ear filter, a gammatone filterbank describing the frequency selectivity in

the cochlea, and a binaural stage that utilizes the ILD deviations of the consid-

ered stimuli from the reference ILDs of the unmodified stimuli. The deviations

from the reference are then mapped to the perceived externalization. The mea-

sured BRIRs were used to calculate the reference ILDs that provide the correct

externalization for the azimuth angles of 0° and 50°. It was assumed that the

listener has learned the properties of the reference BRIRs, e.g., the natural ILDs

given by the listener's HRTF and the statistical properties of the reverberation.

Figure 2.4 illustrates the individual processing steps of the model. First, a

simple temporal weighting of the BRIRs was applied to both the left-ear and

the right-ear impulse responses to simulate echo suppression, inspired by the

processing proposed in Catic et al. (2015). According to Braasch et al. (2003), the
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interval of the BRIR between 4.5 and 80 ms represents the summing location

window for broadband sounds. The weighting function was thus assumed to

take a value of one for the portion of the BRIR up to the first reflection (3.8 ms),

followed by a transition to a value of 0.01 reflecting suppression, followed by a

transition from 0.01 back to one using a half raised-cosine window from 10 to

160 ms. Figure 2.5 i shows the echo suppression window, represented on a dB

scale, together with one of the measured BRIRs.

weighted!
comparison!

spectral 
integration!

interaural!
level!

differences!
excitation!
patterns!

interaural!
level!

differences!
excitation!
patterns!

mapping!
to!
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Figure 2.4: Structure of the computational sound externalization model considered in the present
study. The input to the model is the noise stimulus convolved with the unmodified BRIR (lower
path) and the modified BRIR (upper path). This signal is processed through several stages,
including an echo-suppression mechanism, a gammatone filterbank to calculate the excitation
pattern at the level of the cochlea and a binaural stage that calculates the ILDs. The deviations
between the modified and unmodified ILDs are calculated at each center frequency, weighted
and integrated across frequency. The deviations from the reference are then mapped to the
perceived externalization.

The middle-ear filtering was simulated using a 512 tap finite impulse re-

sponse filter as described by Goode et al. (1994) and Lopez-Poveda and Meddis

(2001). The frequency selectivity in both ears was calculated via the excitation

pattern as a function of the filter center frequency on an ERB scale, following

Glasberg and Moore (1990). Next, the ILDs (in dB) at the output of the exci-

tation patterns were calculated for center frequencies with audible content

(50-6000Hz) both for the unmodified BRIRs (upper path in Fig. 2.4) and the

modified BRIRs (lower path in Fig. 2.4). The deviation between the signal ILDs
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Figure 2.5: The echo suppression window used in the model is indicated by the black solid
function (represented on a dB scale). The grey pattern represents one of the measured BRIRs.

and the reference ILDs was calculated at each center frequency,

∆I LD =
�

�I LDs i g na l − I LDr e f e r e n c e

�

� . (2.11)

ILD discrimination thresholds have been shown to be roughly constant at about

0.5-2 dB across frequency for a reference ILD of 0 dB (e.g., Yost and Dye, 1988).

In the proposed model, deviations below 1.5 dB were therefore considered to

be below threshold and set to zero,

∆I LDt r un =







∆I LD , ∆I LD ≥ J N D

0, ∆I LD < J N D .
(2.12)

The ratio of the ILD deviations (from the reference ILDs) to the reference ILDs

was calculated at each center frequency. This implies that deviations from

small reference ILDs are weighted more strongly than deviations from large

references ILDs. This is consistent with results from measurements of the

minimum audible angle (e.g., Mills, 1958). An integration across the center
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frequencies containing audible content was undertaken to compute the overall

normalized ILD deviation∆I LD ,

∆I LD =
1

NC F

NC F
∑

iC F =1

∆I LDt r un
�

�∆I LDr e f e r e n c e

�

�

, (2.13)

whereby it was assumed that ILDs contribute equally across frequency, as pro-

posed by Hartmann and Wittenberg (1996). Finally, the overall normalized ILD

deviation was mapped to a value corresponding to the perceived externalization

of the incoming sound. The mapping is represented by a decay- ing exponential

function

Pe x t = c1e −z1 ∆I LD + c2 , (2.14)

where c1 = 3.78, c2 = 1 and z1 = 0.99 represent the mapping parameters. c1 and

z1 were derived from a least-squares fit and c2 was defined such that stimuli

providing large ILD deviations correspond to an internalized percept (Pe x t → 1

for∆I LD →∞). The parameters were fit only to the data obtained in the 0° az-

imuth condition where the spectral smoothing was applied to the direct sound

(corresponding to a quarter of the overall data set) and were kept constant

throughout the remaining conditions considered in the present study. The fit-

ting could alternatively have been based on another subset of the experimental

data without major affect on the derived parameter values.

2.3 Results

Figure 2.6 shows the mean externalization ratings (open symbols), averaged

across listeners, as a function of the smoothing bandwidth factor. Simulated ex-

ternalization values obtained with the proposed model are indicated by the filled

symbols. The left panel shows the results obtained with the stimuli presented
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from the 0° direction whereas the corresponding results for the 50° azimuth are

shown in the right panel.
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Figure 2.6: The mean of the seven listeners perceived sound source location (open symbols) as a
function of the bandwidth factor and the corresponding model predictions (filled symbols). The
model predictions have been shifted slightly to the right for a better visual interpretation. The
error bars are one standard error of the mean.

Regarding the 0° direction (left panel), the open circles represent the data

for the condition where the direct part of the BRIRs was modified while the

reverberant part was kept untouched, indicated as "0° dir." It can be seen that

spectral smoothing of the direct part obtained with band-width factors below

about 1 ERB did not, or only marginally, affect the perceptual externalization

of the virtual sound source. In contrast, spectral smoothing with a band-width

factor above 1 ERB led to decreasing externalization ratings with increasing

smoothing factor such that, for the largest bandwidth factors, the sound was

perceived to be close to the head or almost fully internalized. In contrast, when

the reverberant part of the BRIR was spectrally smoothed whereas the direct

part was kept untouched, as indicated by the open squares and referred to as 0°

reverb in the figure, essentially no effect of the amount of the spectral smoothing

on externalization was observed, i.e., the sound was always perceived as being

externalized closely to the loudspeaker.
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For the 50° direction (right panel), the overall pattern of the results was

similar as in the 0° conditions: The externalization ratings decreased monotoni-

cally with increasing bandwidth factor above 1 ERB when the direct part was

modified and the reverberant part was left unchanged, as indicated by the open

triangles and referred to as the "50° dir" condition. In the "50° reverb" condition

(open diamonds), where the reverberant part of the BRIR was modified but

not the direct part, the externalization was hardly affected by the amount of

spectral smoothing. However, there are also differences in the results obtained

for the two source directions. In particular, for bandwidth factors above 2, the

ratings obtained in the condition "50° dir" were above those obtained in the

condition 0° dir, i.e., the decay of externalization with increasing bandwidth

factor was more gradual for the 50° than for the 0° condition and did not reach

the same low values of externalization even for the largest bandwidth factors. In

all considered experimental conditions, i.e., the conditions 0° dir, 0° reverb, "50°

dir," and "50° reverb," the listeners reported consistently to perceive compact

(non-diffuse) sound sources.

The simulations (filled symbols in Fig. 2.6) agree reasonably well with the

measured data. The model describes the main effects of spectral smoothing of

the BRIR on externalization both regarding the effects of modifications of the

direct vs the reverberant part as well as regarding the sound source location.

The simulations obtained in the (non-fitted) conditions show some deviations

from the data for the intermediate bandwidth factors. However, the deviations

never exceed half an externalization category.

Figure 2.7 shows the relationship between the measured externalization

ratings (replotted from Fig. 2.6)and the model output after the preprocessing

stages [Eq. (2.13)] and before the final mapping to perceived externalization [Eq.

(2.14)]. Thus, the measured externalization ratings obtained in all conditions
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are now represented as a function of the overall normalized ILD deviation from

the reference ILD (as defined in Sec. 2.2.2) for the respective stimulus conditions

0° dir (circles), 0° reverb (squares), 50° dir (triangles), and 50° reverb (diamonds).

It can be seen that stimuli from different experimental conditions that produced

a similar externalization percept in the measurements exhibit similar values

of the integrated ILD deviation. The solid function in Fig. 2.7 shows the least

squares fit of the externalization ratings to the corresponding overall normalized

ILD deviation and represents the mapping function [Eq. (2.14)] used in the final

model step.
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Figure 2.7: The perceived sound source location as function of the overall normalized ILD
deviation together with the exponential fit representing the mapping function. The overall
normalized ILD deviation (x axis) is show on a logarithm scale to display the data point linearly.
The error bars are one standard error of the mean.

2.4 Discussion

The results from the present study showed that, when visual cues are provided

and no head movements are allowed, the spectral details of the direct part of

the BRIR contribute to sound externalization in a reverberant environment.
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These observations seem not consistent with the informal observations in the

anechoic condition by Kulkarni and Colburn (1998), where all listeners reported

fully externalized virtual sounds. However, the finding that spectral alterations

affect the perceived externalization is in agreement with the results obtained

in Hartmann and Wittenberg (1996) and Boyd et al. (2012). In the presence

of early reflections and late reverberation, spectral modifications in the direct

part of the BRIR (corresponding to the HRTF in an anechoic environment) are

important for sound externalization in reverberant listening environments.

In studies on distance perception in reverberant environments, it has been

demonstrated that the DRR of the stimuli represents an informative indica-

tor, such that the distance of a sound source is perceived to be further away

with decreasing amount of DRR (e.g., Zahorik et al., 2005; Kopčo and Shinn-

Cunningham, 2011). In order to test whether this metric also successfully ac-

counts for the externalization data obtained in the present study, DRRs were

calculated by convolving the direct and reverberant parts of the individual BRIRs

with the noise stimuli and by computing the total power contained in the two

parts, similar to Kopčo and Shinn-Cunningham (2011). Figure 2.8 shows the

mean DRR for the modified BRIRsa. The mean DRRs are shown for the listen-

ers' left-ear stimuli for the two frontal conditions, 0° dir and 0° reverb. Similar

characteristics would be observed in the 50° conditions (not shown). In the

condition 0° reverb (squares), the DRR increases with increasing amount of

smoothing, suggesting a decrease of the perceived distance. This would be

qualitatively consistent with the (slightly) decreasing amount of externalization

in the data (open squares in Fig. 2.6). In the condition 0° dir (circles), the DRR

a According to Eq. (2.2), the smoothing process ensures a constant power across frequency.
Since the frequency range of the stimulus (50 to 6000 Hz) and that of the smoothing process
(0 to 24 414 Hz) are different, the DRRs changed as a function of the bandwidth factor used in
the smoothing process.
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decreases with increasing amount of smoothing, suggesting an increase of the

perceived distance according to Kopčo and Shinn-Cunningham (2011). In this

condition, however, the data from the present study (open circle in Fig. 2.6)

indeed demonstrated a less externalized sound image with increasing amount

of smoothing. Thus, the DRR metric does not seem to account for the condi-

tions where the smoothing was applied to the direct part of the BRIR. Spectral

modifications of the HRTF (i.e., the direct part of the BRIR) introduce deviations

of the natural ILDs. The model proposed in the present study showed that

the deviations of the natural ILDs could account for the internalization of the

sound stimuli, suggesting that binaural cues are crucial for correct sound exter-

nalization. However, binaural cues may not be important for robust distance

perception, which may be mainly driven by monaural cues, as represented in

the DRR.
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Figure 2.8: The mean DRR of the left ear of the listeners for frontal conditions plotted as a function
of the bandwidth factor. The error bars are one standard error of the mean.

To illustrate the effect of some of the processing stages of the model on simu-

lated externalization, Fig. 2.9 shows the results obtained with two modifications
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Figure 2.9: The perceived sound source location as function of the overall normalized ILD
deviation for the two model modifications. In the left panel the absolute deviations from the
reference ILDs were considered and in the right panel shows the situation when echo suppression
was omitted. The overall normalized ILD deviation (x axis) is show on a logarithm scale to display
the data point linearly. The error bars are one standard error of the mean.

in the model. The left panel shows simulations where the absolute deviations

from the reference ILDs were considered, instead of the relative deviations as

defined in Eq. (2.13). For the stimulus conditions 0° dir (circles) and 0° reverb

(squares), the model no longer produces simulated externalization values along

a single function (as in Fig. 2.7 obtained with the original model). Particularly for

the spectral smoothing conditions that led to medium and small externalization

ratings in the data, the simulated values for the 0° dir and the 50° dir conditions

deviated strongly from each other, in contrast to the findings in the data and

the original model. Thus, with this modified model version, the reduced exter-

nalization for the conditions at 0°, compared to the conditions at 50°, cannot be

accounted for. The right panel of Fig. 2.9 illustrates simulations when no echo

suppression was considered in the model. Also for this modification, the model

fails to account for the data. The simulations for the different conditions no

longer follow a single function. Without echo suppression, the spectral details

in the early reflections and late reverberation are given too much weight and,
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thus, the model underestimates the amount of externalization in the conditions

0° reverb and 50° reverb, i.e., predicts more internalized values than observed

in the data (and in the original model).

The presented model can only be considered as a first step towards a com-

putational model of perceptual externalization. The assumptions in the model

regarding echo suppression are qualitative and conceptual and also the pro-

cesses describing frequency selectivity, excitation pattern calculation, ILD com-

parison, and integration across frequency have been pragmatic choices. While

the individual steps have been inspired by existing auditory modeling work and

psychoacoustic data, alternative implementations might be more powerful. The

concept of matching the BRIR to existing templates was used to estimate the

amount of externalization (vs internalization). However, the template- match-

ing method only considered ILDs and, thus, did neither take effects of ITDs nor

stimulus coloration into account, which have been argued to also contribute

to externalization perception (e.g., Hartmann and Wittenberg, 1996). Further-

more, dynamic changes of the convolution of BRIRs and stimuli, e.g., resulting

from hearing-aid compression, are not accounted for in the model. Neverthe-

less, despite its simplicity, the proposed model might provide a valuable basis

for further investigations of the auditory processes underlying externalization

perception. Such investigations could include experimental conditions with

stimuli different from those considered here, presented from different source

positions and in various acoustic environments.

Changes of the BRIRs, e.g., resulting from static hearing-aid processing,

will affect the pattern of ILDs (and ITDs) and might thus have an effect on the

listeners' ability to externalize sound sources. Spectral modifications applied

on the direct part of the BRIR will mainly affect static ILDs. For example, the

position of the microphones in a hearing aid has an effect on the spectral details
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of the HRTF and thereby influences the static ILDs (e.g., in the case of behind-

the-ear hearing aids). Thus, if the modified static ILDs due to a change of the

micro- phone positions are not compensated for, this should affect the perceived

externalization of the sounds. Less critical should be situations were fluctuating

ILDs are affected, e.g., due to spectral modifications applied on the reverberant

part of the BRIR (but not the direct part).

2.5 Summary and conclusion

In the present study, the effect of manipulating the spectral details in the bin-

aural transfer function on perceived externalization in a reverberant room was

investigated. The spectral details were reduced in either the direct or reverber-

ant part of the BRIRs by smoothing the magnitude responses with band-pass

filters. For various filter bandwidths, the modified BRIRs were convolved with

broadband noise and listeners were asked, while keeping their head still, to

judge the perceived position of the noise when virtualized over headphones.

The data showed that reductions of the spectral details in the direct part of the

BRIR in most experimental conditions had an effect on externalization. This

is different from the findings obtained with corresponding spectral manipu-

lations in an anechoic environment where no effect of spectral smearing on

externalization was found. Reductions in the spectral details of the reverber-

ant part of the BRIR did hardly affect externalization. A simple computational

model was presented in an attempt to account for the data from the present

study, obtained for the two source positions (0° and 50° azimuth) and for all

tested modifications of the BRIR. The simulations suggested that perceived

externalization can be estimated based on the deviations of the ILDs for the

given modified signal from those for the (unmodified) reference signal, after
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some stages of auditory preprocessing (including an echo-suppression mech-

anism). The results from the present study might be valuable for the further

investigation of the auditory processes involved in externalization perception

in complex acoustic environments.
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3
Effects of hearing-aid dynamic range

compression on spatial perception in an

everyday reverberant environmenta

Abstract This study investigated the effects of fast-acting hearing-

aid compression on normal-hearing and hearing-impaired listeners’

spatial perception in a reverberant environment. Three compres-

sion schemes - independent compression at each ear, linked com-

pression between the two ears, and “spatially ideal” compression

operating solely on the dry source signal - were considered using

virtualized speech and noise bursts. Listeners indicated the loca-

tion and extent of their perceived sound images on the horizontal

plane graphically on a touch screen. A linear amplification scheme

was considered as the reference condition. The results showed

that both independent and linked compression resulted in more

diffuse and broader sound images as well as internalization and

image splits, whereby more image splits were reported for the noise

bursts than for speech. Only the spatially ideal compression pro-

vided the listeners with a spatial percept similar to that obtained

with linear processing. The same general pattern was observed for

a This chapter represents a manuscript submitted to The Journal of the Acoustical Society of

America.
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both listener groups. An analysis of the interaural coherence and

direct-to-reverberant ratio suggested that the spatial distortions

associated with independent and linked compression resulted from

enhanced reverberant energy. Thus, modifications of the relation

between the direct and the reverberant sound should be avoided in

amplification strategies that attempt to preserve the natural sound

scene while restoring loudness cues.

3.1 Introduction

Loudness recruitment is a typical consequence of sensorineural hearing loss

(Fowler, 1936; Moore, 2004; Steinberg and Gardner, 1937). To compensate for

recruitment and thereby restore the normal dynamic range of audibility, multi-

band fast-acting dynamic range compression (DRC) algorithms for hearing aids

have been developed (Allen, 1996; Villchur, 1973). DRC algorithms amplify

soft sounds and provide progressively less amplification to sounds whose level

exceeds a defined compression threshold. In anechoic acoustic conditions, it

has been shown that DRC systems that operate independently in the left and

the right ear can lead to a distorted spatial perception of sounds, as reflected by

an impaired lateralization performance, an increased sensation of diffuseness

as well as the perception of split sound images (Wiggins and Seeber, 2011;

Wiggins and Seeber, 2012). However, other studies conducted in anechoic

acoustic conditions found only a minor effect of independent compression

on sound localization (Keidser et al., 2006; Musa-Shufani et al., 2006). In the

case of independent compression of the two ear signals, less amplification is

typically provided to the ear that is closer to the sound source than to the ear

that is farther away from the sound source, such that the intrinsic interaural
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level differences (ILDs) given by the acoustic shadow of the listener’s head are

reduced. Wiggins and Seeber (2011) and Wiggins and Seeber (2012) ascribed the

detrimental effects of independent compression on spatial perception to the

mismatch between the reduced intrinsic ILDs and the unprocessed interaural

time differences (ITDs) coming from a given sound source Brown et al. (see also

2016)(see also Brown et al., 2016).

With the aim of preserving the naturally occurring ILDs, state-of-the-art

bilaterally fitted hearing aids share the measured sound intensity information

in one hearing aid with that in the other hearing aid via a wireless link. The ear

signal with the higher sound intensity in a given acoustic sound source scenario

is typically chosen as the one providing the input to the level-dependent gain

function in both (left-ear and right-ear) DRC systems (Korhonen et al., 2015).

For hearing-impaired listeners with a symmetrical hearing loss, this shared

processing, often referred to as “synchronization” or “link”, implies that the

amplification provided by the two DRC systems is the same such that the intrin-

sic ILDs are preserved. For hearing-impaired listeners with an asymmetrical

hearing loss with different prescribed DRC gain settings (i.e., gain levels in the

linear region, compression thresholds and compression ratios) for the left and

right ear, the synchronization of the provided input level to the gain functions

does not necessarily lead to a preservation of the intrinsic ILDs.

It has been demonstrated that linked fast-acting DRC systems, as compared

to independent DRC systems, can improve speech intelligibility in the pres-

ence of a spatially separated stationary noise interferer for normal-hearing

listeners in anechoic conditions (Wiggins and Seeber, 2013). In reverberant

conditions, linked fast-acting DRC systems have been shown to improve the

ability of normal-hearing listeners to attend to a desired target in an auditory

scene with spatially separated maskers as compared to independent compres-
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sion (Schwartz and Shinn-Cunningham, 2013). However, the effects of both

independent and linked compression on more fundamental measures of spatial

perception (such as distance, localization and source width) in reverberant

conditions have only received little attention. In particular, the effects of com-

pression on the direct part of a sound as well as its early reflections and late

reverberation in a given environment have not yet been examined.

Catic et al. (2013) demonstrated that modifications of the interaural cues

provided by the reverberation inside an enclosed space degrade the listeners’

ability to perceive natural sounds as “externalized”, i.e. as compact and properly

localized both in direction and distance (Hartmann and Wittenberg, 1996). In

a given reverberant environment, correct localization of an acoustic source is,

among other factors, based on the interaural coherence between the listeners’

ear signals (Catic et al., 2015), which is determined by the interaction between

the direct sound and the reverberant part of the sound.

The hypothesis of the present study was that both independent as well as

linked compression schemes affect the interaural cues provided by the rever-

beration, e.g., the interaural coherence and, thus, impair the spatial perception

of the sound scene in a reverberant environment. In contrast, a compression

scheme where the DRC operates on the “dry” source before its interaction with

the reverberant environment, i.e. a “spatially ideal” DRC, should preserve the

relation between the direct sound and the interaural cues provided by the re-

verberation and thus lead to robust spatial perception. To test this hypothesis,

the effects of (fast-acting) independent, linked and spatially ideal compression

schemes on the spatial auditory perception in a reverberant environment were

examined in a group of normal-hearing listeners and a group of sensorineural

hearing-impaired listeners with a symmetrical hearing loss. Linear processing,

i.e. level-independent amplification, was considered as a reference condition.
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The sounds in the different conditions were virtualized over headphones in

a standard listening room using individual binaural room impulse responses

(BRIRs). Listeners indicated their spatial perception graphically to capture all

relevant spatial attributes with respect to distance, azimuth localization, source

width and the occurrence of split images. The deviations of the listeners’ ratings

in the different compression conditions from those in the reference condition

were considered to reflect the amount of spatial distortion. Transient sounds as

well as speech were used as test stimuli to investigate the effects of the compres-

sion schemes on both the direct sound and the reverberant part of the sound.

To quantify the distortion of the spatial cues in the different conditions, the

interaural coherence (IC) and the direct-to-reverberant energy ratio (DRR) of

the ear signals were considered as objective metrics.

3.2 Methods

3.2.1 Listeners

Two groups of listeners participated in the present study. The normal-hearing

group consisted of twelve listeners (eight males and four females) aged be-

tween 25 and 58 years. All had audiometric pure-tone thresholds below 20 dB

hearing level at frequencies between 125 Hz and 8 kHz. The hearing-impaired

group consisted of fourteen listeners (eleven males and three females), aged

between 62 and 80 years. All had symmetrical sloping mild-to-moderately-

severe high-frequency sensorineural hearing loss, with a maximum difference

of 15 dB between their left and right ear. Figure 3.1 shows the average pure-

tone thresholds for the hearing-impaired listeners. Only three of the fourteen

hearing-impaired listeners used hearing-aids on a regular, daily basis. Two of

the hearing-impaired listeners were excluded from further analysis since they
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perceived sounds that were presented diotically via headphones to be exter-

nalized, i.e. the sound was perceived as originating from outside of the head.

Diotic signals are known to be internalized, i.e. perceived to be inside the head,

by normal-hearing listeners (e.g., Boyd et al., 2012; Catic et al., 2013). It was

considered important in the present study, in terms of the reliability of the spa-

tial perception data, that the recruited listeners consistently could differentiate

between internalized and externalized sound images. All listeners signed an

informed consent document and were reimbursed for their efforts.
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Figure 3.1: Audiometric pure-tone threshold averages for the right and left ear of the hearing-
impaired listeners. The error bars represent one standard deviation of the thresholds.

3.2.2 Experimental setup and procedure

The experiments took place in a reverberant listening room designed in accor-

dance with the IEC 268-13 (1985) standard. The room had a reverberation time

T30 of approximately 500 ms, corresponding to a typical living room environ-

ment. Figure 3.2 shows the top view of the listening room and the experimental

setup as placed in the room. The dimensions of the room were 752 cm× 474 cm
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× 276 cm (L ×W × H). Twelve Dynaudio BM6 loudspeakers were placed in a

circular arrangement with a radius of 150 cm, distributed with equal spacing of

30 degrees on the circle. A chair with a headrest and a Dell s2240t touch screen

in front of it were placed in the center of the loudspeaker ring. The listeners

were seated on the chair with view direction on the loudspeaker placed at the

azimuth angle of 0 degree. The chair was positioned at a distance of 400 cm

from the wall on the left and 230 cm from the wall behind.

244 cm

230 cm

400 cm 352 cm

150 cm

Figure 3.2: The top view of the experimental setup. The loudspeaker positions are indicated by
the black squares. The grey circle in the center indicates the position of the chair, where the
listener was seated. The listeners had a view direction on the loudspeaker placed at the 0° degree
azimuth. The graphical representation was also shown on the touch screen, without the room
dimensions shown in the figure.

The graphical representation of the room and the setup, as illustrated in

Fig. 3.2 were also shown on the touch screen, without the information regarding

the room dimensions. Besides the loudspeakers, a Fireface UCX sound card

operating at a sampling frequency of 48000 Hz, two DPA high sensitivity mi-

crophones and a pair of HD850 Sennheiser headphones were used to record

the individual BRIRs for the listeners (see 3.2.3). The BRIRs were measured
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from the loudspeakers placed at the azimuth angles of 0, 30, 150 180, 240 and

300 degrees. The listeners were instructed to support the back of their head on

the headrest while remaining still and to fixate on a marking located straight

ahead (0°) both during the BRIR measurements and during the sound presen-

tations. On the touch screen, the listeners were asked to place circles on the

graphical representation as an indication of the perceived position and width

of the sound image in the horizontal plane. By placing a finger on the touch

screen, a small circle appeared on the screen with its center at the position of

the finger. When moving the finger while still touching the screen, the circum-

ference of the circle would follow the finger. When the desired size of the circle

was reached, the finger was released from the screen. By touching the center

of the circle and moving the finger while touching the screen, the position of

the circle would follow along. By touching the circumference of the circle and

moving the finger closer to or farther away from the center of the circle while

touching the screen, the circle would decrease or increase in size, respectively.

A double tap on the center of the circle would delete the circle. If the listeners

perceived a split of any parts of the sound image, they were asked to place mul-

tiple circles reflecting the positions and widths of the split images. The listeners

were instructed to ignore other perceptual attributes, such as sound coloration

and loudness. Each stimulus was presented three times from each of the six

loudspeaker positions. This was done for each of the test conditions: Linear

processing, independent compression, linked compression and spatially ideal

compression. No response feedback was provided to the listeners. The test

conditions and active loudspeaker position were presented in random order

within each run.
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3.2.3 Spatialization

Individual BRIRs were measured to simulate the different conditions virtu-

ally over headphones. Individual BRIRs were used since it has been shown

that the use of individual head-related transfer functions (HRTFs), the Fourier

transformed head-related impulse responses, improve sound localization per-

formance compared to non-individual HRTFs (e.g., Majdak et al., 2014), as a

result of substantial cross-frequency differences between the individual listen-

ers’ HRTFs (Middlebrooks, 1999). Individual BRIRs were measured from the

loudspeakers placed at the azimuth angles of 0, 30, 150 180, 240 and 300 degrees.

The BRIR measurements were performed as described in Hassager et al. (2016).

The microphones were placed at the ear-canal entrances and were securely

attached with strips of medical tape. A maximum-length-sequence (MLS) of

order 13, with 32 repetitions played individually from each of the loudspeakers,

was used to obtain the impulse response, hb r i r , representing the BRIR for the

given loudspeaker. The headphones were placed on the listeners and corre-

sponding headphone impulse responses, hhp i r , were obtained by playing the

same MLS from the headphones. To compensate for the headphone coloration,

the inverse impulse response, h i n v
hp i r , was calculated in the time domain using

the Moore-Penrose pseudoinverse. By convolving the room impulse responses,

hb r i r , with the inverse headphone impulse responses, h i n v
hp i r , virtualization fil-

ters with the impulse responses, hv i r t , were created. Stimuli convolved with

hv i r t and presented over the headphones produced the same auditory sensa-

tion in the ear-canal entrance as the stimuli presented by the loudspeaker from

which the filter, hb r i r , had been recorded. Hence, a compressor operating on

an acoustic signal convolved with hb r i r behaves as if it was implemented in a

completely-in-canal hearing aid.

To validate the BRIRs, the stimuli were played in random order first from the
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loudspeakers and then via the headphones filtered by the virtual filters hv i r t .

In this way, it could be tested if the same percept was obtained when using

loudspeakers or headphones. By visual inspection, the graphical responses

obtained with the headphone presentations were compared to the graphical

responses obtained with the corresponding loudspeaker presentations. Apart

from several front-back confusions (representing cone-of-confusion errors) in

some of the listeners in the case of the headphone presentations, the graphical

responses confirmed that all listeners had a very similar spatial perception in

the two conditions. Generally, the response variability was found to be higher in

the validation than in the actual experiment, especially for the elderly hearing-

impaired listeners, which most likely is caused by the validation also served as

training in evaluating the auditory perception on the graphical user interface.

3.2.4 Experimental conditions

Two types of stimuli were considered to investigate the effect of the different

compression schemes on spatial perception. A 1.6-s long clean speech sentence

from the Danish hearing in noise test corpus (Danish HINT; Nielsen and Dau,

2011), and 4 s of 20 noise bursts (transients), whereby each of the transients had

a duration of 50 ms. Four conditions were tested: Independent compression,

linked compression, spatially ideal compression as well as linear processing

that served as a reference. The technical details of the DRC system will be de-

scribed in 3.2.5. Figure 3.3 shows the block diagrams of the different conditions

illustrating how the DRC systems were combined with the binaural impulse

response that is represented by its left part, hb r i r,l , and its right part, hb r i r,r . In

the independent compression scheme (top panel), the input signal, si n , was

first convolved with hb r i r,l and hb r i r,r and then passed through two DRC sys-

tems operating independently in each ear. In the linked compression scheme
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(middle panel), after convolving with hb r i r,l and hb r i r,r as in the condition with

the independent DRC systems, the signals were passed through a synchronized

pair of DRC systems that, on a sample-by-sample basis in each of the seven fre-

quency channels (Sect. II.E.), applied the lowest gain of the two level-dependent

gain functions to both ears. In the spatially ideal compression scheme (bot-

tom panel), the input signal, si n , was first passed through a single DRC system

and the output was then convolved with hb r i r,l and hb r i r,r . The spatially ideal

compression scheme thus consisted of a compression of the dry signal before

the interaction with the room (i.e. the convolution with hb r i r,l and hb r i r,r ). In

practice, since the dry signal is typically not available, such a system would

require a deconvolution of hb r i r,l and hb r i r,r before compression, followed by a

convolution with hb r i r,l and hb r i r,r to provide the listener with the spatial cues.

To create the signals for the condition with linear processing, the stimuli

were convolved with hb r i r,l and hb r i r,r . To compensate for the effect of the

headphones, the outputs so u t ,l and so u t ,r in all conditions were convolved with

h i n v
hp i r,l and h i

hp i r,r n v , respectively, i.e. the left and right parts of h i n v
hp i r . For the

normal-hearing listeners, the sound pressure level (SPL) at the ear closest to the

sound source was 65 dB in all conditions. For the hearing-impaired listeners, the

headphone outputs were amplified with the NAL-R(P) linear gain prescription

(Byrne et al., 1990) according to the listener’s individual audiometric pure-tone

thresholds to ensure audible high-frequency content.

3.2.5 Dynamic range compression

To represent a modern multi-band hearing aid compressor, an octave-spaced

seven-band DRC system was implemented. The incoming signal was windowed

in time using a 512-sample long Hanning window (corresponding to a 10.7 ms

time window at the sampling frequency of 48000 Hz) with a frame-to-frame step
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hb r i r,l DRC

hb r i r,r DRC

Independent compression

si n

so u t ,l
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Figure 3.3: Block diagrams of the three compression conditions: Independent compression (top),
linked compression (middle) and spatially ideal compression (bottom). For the independent
and linked compression schemes, the dry signal, si n , is convolved with the left and right BRIR,
hb r i r,l and hb r i r,r , respectively, and then processed by the DRC system. In the case of linked
compression, the arrow between the two DRC systems indicates that the DRC gain is synchronized
between the left and the right ear. In the case of spatially ideal compression, the dry signal is
processed by DRC and then convolved with the left and right BRIR. The output in the left-ear
and right-ear channels in the different schemes are denoted as, so u t ,l and so u t ,r , respectively.

size of 128 samples. Each of the windowed segments was padded with 256 zeros

in the beginning and with 256 zeros at the end and transformed to the spectral

domain using a 1024-sample fast Fourier transform (FFT). The power values of

the resulting frequency bins were combined to seven octave-wide frequency

bands with center frequencies ranging from 125 Hz to 8 kHz. The power in
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each band was smoothed using a peak detector (Eq. 8.1 in Kates (2008)). The

attack and release time constants, measured according to IEC 60118-2 (1983),

were 10 ms and 60 ms, respectively. The smoothed envelopes were converted

to dB sound pressure level (SPL). A broken-stick gain function (with a linear

gain below the compression threshold and a constant compression ratio above

the threshold) was applied to the processed power envelopes. The resulting

band-wise gains were then smoothed in the frequency domain using a piecewise

cubic interpolation to avoid aliasing artifacts. The frequency smoothed gains

were applied to the bins of the short-time Fourier transformed input stimulus,

and an inverse FFT was applied to produce time segments of the compressed

stimuli. These time segments were subsequently windowed with a tapered

cosine window to avoid aliasing artifacts, and combined using an overlap-add

method to provide the processed temporal waveform. The compression thresh-

olds and compression ratios were calculated from NAL-NL2 prescription targets

(Keidser et al., 2011) for audiometric pure-tone thresholds corresponding to the

average audiometric pure-tone thresholds of the hearing-impaired listeners.

The compression thresholds (CT) and compression ratios (CR), as derived from

the NAL-NL2 prescription, are summarized in Table3.1 for the seven respective

frequency bands. The simulated input level to the compressor operating closest

to the sound source was 75 dB SPL.

Frequency 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 8 kHz

CT (dB SPL) 31 36 40 32 34 31 9
CR 2.2:1 2.2:1 1.8:1 1.9:1 2.2:1 2.9:1 2.6:1

Table 3.1: The compression thresholds (CT) and compression ratios (CR) in the seven octave
frequency bands.
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3.2.6 Statistical analysis

The graphical responses provided a representation of the perceived sound im-

age in the different conditions. To quantify deviations in the localization from

the loudspeaker position across the different conditions, the root-mean-square

(RMS) error of the Euclidean distance from the center of the circles to the loud-

speakers was calculated. To reduce the confounding influence of front-back

confusions as a result of the virtualization method, the responses placed in the

opposite hemisphere (front versus rear) of the virtually playing loudspeaker

were reflected across the interaural axis to the mirror symmetric position.

An analysis of variance (ANOVA) was run on four-factor mixed-effect models

to assess the effects of hearing impairment, compression condition, stimulus

and loudspeaker position on both the RMS error and the radius of the placed

circles. The hearing status (normal hearing versus impaired hearing) was treated

as a between-listener factor, and the compression condition, stimulus type

(speech versus transients) and loudspeaker position were treated as within-

listener factors. The radius data were square-root transformed to correct for

heterogeneity of variance. Tukey’s HSD corrected post hoc tests were conducted

to test for main effects and interactions. A confidence level of 1 % was considered

to be statistically significant.

3.2.7 Analysis of spatial cues

In order to quantify the effect of the different compression schemes on the spa-

tial cues, ICs and DRRs were calculated. To visualize the effect of compression

on the relation between the direct and reverberant energy, “temporal energy

patterns” were calculated, i.e. the energy of the processed signal as a function

of time.
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Interaural coherence

The interaural coherence (IC) can be defined as the absolute maximum value

of the normalized cross-correlation between the left and right ear output sig-

nals so u t ,l and so u t ,r occurring over an interval of |τ| ≤ 1 ms (e.g., Blauert and

Lindemann, 1986; Hartmann et al., 2005):
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For each individual listener, the left- and right-ear output signals were filtered

with an auditory inspired “peripheral” filterbank consisting of complex fourth-

order gammatone filters with equivalent rectangular bandwidth spacing (Glas-

berg and Moore, 1990). The ICs were subsequently computed from the filtered

output signals. The just-noticeable difference (JND) in IC is about 0.04 for an IC

equal to 1 and increases to 0.4 for an IC equal to 0 (Gabriel and Colburn, 1981;

Pollack and Trittipoe, 1959). The IC distribution was estimated by applying a

Gaussian kernel-smoothing window with a width of 0.02 (half of the smallest

JND) on the IC histograms.

Temporal energy patterns

Temporal energy patterns were obtained from the bandpass filtered output

signals. The temporal envelope was calculated by convolving the absolute value

of the complex outputs with a 20 ms rectangular window. The power of the

windowed segments was calculated for the left- and right-ear segments and

converted to dB SPL.
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Direct-to-reverberant energy ratio

The direct part of the BRIRs, hb r i r ;d i r , was defined as the first 2.5 ms of the

impulse response, and the reverberant part, hb r i r ;r e v e r b , was defined as the

remaining subsequent samples of the BRIRs. The 2.5 ms transition point was

chosen since the first reflection occurred immediately after this point in time.

The reverberant part contained both the early reflections and the late reverbera-

tion. The gain values provided by the DRC systems in the processing of the left-

and right-ear stimuli were extracted for each of the compression conditions.

The impulse responses hb r i r,l and hb r i r,r (in Fig. 3.3) were replaced by their

direct parts hb r i r ;d i r,l and hb r i r ;d i r,r and the extracted gain values were applied

such that the outputs so u t ;d i r,l and so u t ;d i r,r only contained the effect of the

compression on the direct part of the signal. Correspondingly, the outputs

so u t ;r e v e r b ,l and so u t ;r e v e r b ,r , representing the outputs that contained the ef-

fect of the compression on the reverberant part of the signal, were obtained by

replacing the impulse responses hb r i r,l and hb r i r,r with their reverberant parts

hb r i r ;r e v e r b ,l and hb r i r ;r e v e r b ,r . Besides the effect of the compression on the

direct and reverberant part of the signal, the extracted gain values were applied

on the time aligned dry signal such that the outputs so u t ;d r y ,l and so u t ;d r y ,r

only contained the effect of the compression on the dry signal.

To estimate the effect of the different compression schemes on the rever-

berant content of the processed stimuli, the direct-to-reverberant energy ratio

(DRR) was calculated for the left- and right-ear signals for the four conditions.

For the compression conditions, the DRR was calculated in the frequency do-

main:

D R Rk = 10 · log10
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where So u t ;d i r,k ( f ), So u t ;r e v e r b ,k ( f ), and So u t ;d r y ,k ( f ) indicate the frequency-

domain versions of the time signals so u t ;d i r,k , so u t ;r e v e r b ,k , and so u t ;d r y ,k with

respect to frequency f for k ∈ [l ; r ] (left- and right-ear signal). For the lin-

ear processing condition, the DRR was calculated directly from the direct part

(hb r i r ;d i r,l and hb r i r ;d i r,r ) and the reverberant part (hb r i r ;r e v e r b ,l and hb r i r ;r e v e r b ,r )

of the BRIR, respectively. DRRs were calculated for the frequency range from

100 Hz to 10 kHz.

3.3 Results

Experimental data

Figure 3.4 shows a graphical representation of all normal-hearing listeners’

responses, including repetitions, obtained for speech virtualized from the loud-

speaker positioned at 300° azimuth. The upper left panel represents the re-

sponses for the linear processing (the reference condition), whereas the re-

sponses obtained with independent compression, linked compression and

spatially ideal compression are shown in the upper right, lower left and lower

right panels, respectively. The responses of each individual listener in a given

condition are indicated as transparent filled (colored and gray) circles with a

center and size corresponding to the associated perceived sound image in the

top-view perspective of the listening room (including the loudspeaker ring and

the listening position in the center of the loudspeakers). Overlapping areas

of circles obtained from different listeners are reflected by the increased cu-

mulative intensity of the respective color code. To illustrate when a listener

experienced a split in the sound image and, therefore, indicated more than

one circle on the touch screen, only the circle the listener placed nearest to

the loudspeaker (including positions obtained by front-back confusions) was
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indicated in color whereas the remaining locations were indicated in gray.

In the reference condition (upper left panel in Fig. 3.4), apart from some

front-back confusions (i.e. errors on the cone of confusion), the sound was

perceived as coming from the loudspeaker position at 300° azimuth. In contrast,

in the independent compression condition (upper right panel), the sound was

generally perceived as being wider and, in some cases, as occurring closer to

the listener than the loudspeaker or between the loudspeakers at 240° and 300°

azimuth. One of the listeners even internalized the speech stimulus. In some of

the listeners, the independent compression also led to split images as indicated

by the gray circles. In the linked compression condition (lower left panel), the

sound images were reported to be scattered around and located between the

loudspeakers at 240° and 300° azimuth, similar as in the condition with indepen-

dent compression. Likewise, the sound images were indicated to be of larger

width and were commonly perceived to be closer to the listener and not at the

position of the loudspeaker. As in the condition with independent compression,

the linked compression led to image splits and internalization in some of the

listeners. Most of the listeners reported verbally that the sound image was more

diffuse in the conditions with independent and linked compression than in the

reference condition. Furthermore, in the independent and linked compression

conditions, some of the listeners reported that they perceived part of the re-

verberation as enhanced and being located at a different place than the “main

sound” leading to split images. In the spatially ideal compression condition

(lower right panel), the listeners perceived the sound image as being compact

and located mainly at the loudspeakers at 240° and 300° azimuth. None of the

listeners experienced image splits in this condition.

In summary, in the normal-hearing listeners, independent and linked com-

pression provided similar results. In both conditions, the results differed sub-
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stantially from the results obtained in the condition with linear processing. In

contrast, in the condition with the spatially ideal compression, similar results

were observed as in the condition with linear processing.

Figure 3.4: Graphical representations of the normal-hearing listeners’ responses obtained with
the speech stimulus virtually presented from the 300 degrees position in the listening room.
The upper left panel shows the results for linear processing (reference condition). The results
for independent, linked and ideal spatial compression are shown in the upper right, lower left,
and lower right panels, respectively. The response of each individual listener is indicated as a
transparent filled circle with a center and width corresponding to the associated perceived sound
image. The main sound images are indicated by the different colors in the different conditions
whereas split images are indicated in gray.

Figure 3.5 shows the corresponding results for the hearing-impaired lis-

teners. The general pattern of results across conditions was similar to that

found for the normal-hearing listeners (from Fig. 3.4). However, the hearing-

impaired listeners typically perceived the sound images to be less compact than

the normal-hearing listeners and the responses were characterized by a larger

variability across listeners. For example, in the reference condition (upper left

panel), the hearing-impaired listeners perceived the sound to be positioned

at and around the loudspeakers at 240°, 270° and 300° azimuth. Some of the
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listeners perceived the sound to occur between themselves and the loudspeak-

ers while other listeners perceived the sound to be coming from beyond the

loudspeakers. Both independent and linked compression (upper right and

lower left panels of Fig. 3.5) caused wider and more spatially distributed sound

images than in the reference condition whereas, in the case of ideally spatial

compression (lower right panel), the sound was perceived to be more compact

and similar to the sound presented in the reference condition. As observed for

the normal-hearing listeners, some of the hearing-impaired listener also experi-

enced split images in the independent and linked compression conditions.

Thus, overall, the hearing-impaired listeners typically showed a degraded

spatial sensation relative to the normal-hearing listeners, i.e. they experienced

more diffuse and spatially distributed sound images. However, the hearing-

impaired listeners showed similar effects of independent, linked and spatially

ideal compression on spatial perception as in the normal-hearing listeners.

Figure 3.5: Same as Fig. 3.4, but for the hearing-impaired listeners.

The results obtained with the transients are shown in Fig. 3.6 for the normal-
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hearing listeners and Fig. 3.7 for the hearing-impaired listeners. The general

pattern of results across conditions was similar to that observed for the speech

stimulus, i.e. (i) the listeners’ spatial perception was largely affected by both

independent and linked compression whereas spatially ideal compression pro-

vided similar results as in the reference conditions, and (ii) the hearing-impaired

listeners indicated wider and more spatially distributed sound images than the

normal-hearing listeners. However, in both listeners groups, the transients were

generally perceived as more compact than speech, as indicated by the smaller

circles in Fig. 3.6 and 3.7 compared to those in Figs. 3.4 and 3.5. Furthermore,

more image splits were documented for the transients than for speech in the

independent and linked compression conditions.

Figure 3.6: Same as Fig. 3.4, but for the normal-hearing listeners and transients.

The overall pattern of results obtained in the other five loudspeaker posi-

tions (0°, 30°, 150°, 180° and 240° azimuth) was similar to that observed for the

loudspeaker positioned at 300° azimuth (Figs. 3.4-3.7). For the radius of the

placed circles, indicating the perceived width of the sound image, the ANOVA
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Figure 3.7: Same as Fig. 3.4, but for the hearing-impaired listeners and transients.

revealed an effect of compression condition [F(3,66) = 61.54, p� 0.001] and

stimulus [F(1,22) = 13.48, p = 0.001] and loudspeaker position [F(5,110) = 3.97,

p� 0.001]. Post-hoc comparisons confirmed that the listeners reported wider

sound widths in the independent and the linked compression conditions than in

the linear processing and spatially ideal compression conditions [p� 0.001]. No

differences between the independent and the linked compression conditions

[p = 0.88], and between the linear processing and spatially ideal compression

conditions [p = 0.11]were found. Furthermore, post-hoc comparisons revealed

that the indicated perceived sound width was similar for all combinations of

loudspeaker positions, except between the loudspeakers positioned at 180° az-

imuth and 300° azimuth [p = 0.004]. The post-hoc estimated radius was higher

for the speech than for the transients. For the RMS error, the ANOVA showed an

effect of hearing status [F(1,22) =7.07, p = 0.01], compression condition [F(3,69)

= 7.52, p� 0.001] and loudspeaker position [F(5,115) = 3.92, p = 0.003]. Post-

hoc comparisons confirmed that the RMS error was higher in the independent
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compression and linked compression conditions than in the linear process-

ing and spatially ideal compression conditions [p � 0.001]. No differences

between the independent and the linked compression conditions [p = 0.86],

and between the linear processing and spatially ideal compression conditions

[p = 0.99] were found. The post-hoc estimated RMS error was higher for the

hearing-impaired listeners than for the normal-hearing listeners. Furthermore,

post-hoc comparisons revealed that the estimated RMS error was higher for the

lateral loudspeaker positions than for the loudspeaker positioned at 0° azimuth.

For the reported image splits, no differences between the independent and the

linked compression conditions [p = 0.91]was found in a mixed-effects logistic

regression analysis. However, the regression analysis confirmed that there was

a higher proportion of reported image splits in the trials with the transients

than in the trials with the speech [p = 0.001]. A significantly lower proportion

of front-back confusions was obtained in the linear processing and spatially

ideal compression conditions than in the independent and linked compression

conditions [p < 0.05] according to a mixed-effects logistic regression analysis.

The proportion of front-back confusions in the different conditions was 23.6 %

in the case of linear processing, 23.9 % for the spatially ideal compression, 30.3 %

for independent compression and 28.6 % for linked compression, respectively.

3.3.1 Analysis of spatial cues

Figure 3.8 shows the IC distributions for linear processing and the three com-

pression conditions for the speech (upper panel) and the transients (lower

panel) virtualized from the frontal loudspeaker. For simplicity, only the results

at the output of the gammatone filter tuned to 2000 Hz are shown, but many

other frequency channels show similar characteristics. The red, green, light

blue and dark blue curves represent the IC distributions for linear processing,
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independent compression, linked compression and spatially ideal compression,

respectively. For both stimuli, the IC distributions for linear processing and

spatially ideal compression are similar to each other, and the distributions for

independent and linked compression are similar to each other. The distribu-

tions obtained with linear processing and spatially ideal compression show their

maxima at interaural correlations of about 0.92, both for the speech and the

transients. In contrast, the maxima of the distributions for the independent and

linked compression conditions are shifted towards lower values of about 0.87

in the case of speech stimulation and between 0.66 and 0.77 for the transients.

The computation of the IC based on the temporal envelope instead of the tem-

poral waveform revealed the same pattern of results across the four processing

conditions. Thus, in the conditions with independent and linked compression,

the interaural correlation of the stimuli was substantially decreased due to the

compression-induced changes to the temporal envelope on each ear.

Figure 3.9 shows temporal energy patterns for the linear processing and

the three compression conditions for the speech stimulus (upper panel) and

the transient stimulus (lower panel) virtualized from the frontal loudspeaker.

The energy patterns were computed from the stimulus presented to the right

ear of one of the listeners. Again, for illustration, only the output of the gam-

matone filter tuned to 2000 Hz is shown. The red, green, light blue and dark

blue functions represent the results for linear processing, independent com-

pression, linked compression and spatially ideal compression, respectively. For

dry stimuli, the effect of compression is reflected by the difference between

the patterns obtained with spatially ideal compression versus linear process-

ing. For the transient stimulus (bottom panel), the effect of compression is

small due to the short duration of the transients relative to the time constants

of the DRC system, while for the speech stimulus (upper panel) the effect of
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Figure 3.8: IC distributions of the ears signals, pooled across all listeners, at the output of the
gammatone filter tuned to 2000 Hz. Results are shown for the speech (upper panel) and the
transients (lower panel) virtualized from the frontal loudspeaker position. The red, green, light
blue and dark blue functions represent the IC distribution for linear processing, independent
compression, linked compression and spatially ideal compression, respectively.

compression is more prominent as revealed by the reduced modulation depth

in the temporal pattern. For reverberant stimuli, the effect of compression is

reflected by the difference between the patterns obtained with independent

and linked compression versus the pattern obtained with linear processing.

For the transients (bottom panel), the reverberant decay rate is clearly reduced

in the independent and linked compression conditions relative to the linear

processing condition. The same can be observed for the speech (upper panel)

at time instances where reverberation is dominating, e.g. at 0.38 s, 0.55 s and

1.7 s. This indicates that these compression schemes increase the amount of

reverberant energy relative to the direct sound energy. This is also reflected in

the direct-to-reverberant ratios which amounts to 6.1 dB in the case of linear

processing as well as spatially ideal compression (for this loudspeaker position).
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In contrast, the direct-to-reverberant ratio reduces to 4.2 dB for the speech

stimulus and 0.2 dB for the transients both in the condition with independent

and linked compression. This behavior is consistent with the different amounts

of IC reduction observed in Fig. 3.8 for the two stimulus types. The reduced

decay rate in the case of independent/linked compression is more prominent

for the transients than for the speech stimulus since the effect of reverberation

is partly “masked” by the ongoing speech stimulus.

Thus, both objective metrics (IC distributions and temporal energy patterns)

show similar results for independent and linked compression. Furthermore,

both metrics also show similar results for linear processing and ideal spatial

compression. These patterns are consistent with the main observations in the

behavioral data from Figs. 3.4-3.7.

3.4 Discussion

The spatial cue analysis showed that both independent and linked compres-

sion increased the energy of the reverberant sound relative to the direct sound.

The reason for this is that the segments of the stimuli that are dominated by

reverberation often exhibit a lower signal level and are therefore amplified more

strongly than the stimulus segments that are dominated by the direct sound.

Compared to the speech stimulus, the transients contained more segments

that were dominated by reverberation. The enhanced reverberant energy was

reflected by a similar decrease of the DRR as well as a similar change of the IC

statistics for independent and linked compression relative to linear processing,

particularly for the transient stimulus. Thus, in the reverberant environment

considered in the present study, compression modifies the relation between the

direct and reverberant sound energy which, in turn, affects the IC that underlie
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Figure 3.9: Temporal energy patterns of the speech stimulus (upper panel) and the transient
stimulus (lower panel) virtualized from the frontal loudspeaker position. Only the output of the
signals processed by the gammatone filter at 2000 Hz is shown. The different colors represent
the different processing conditions (red: linear processing; green: independent compression;
light blue: linked compression; dark blue: spatially ideal compression. For better visualization
of the trends, the functions have been displaced by 3 dB (spatially ideal compression), 6 dB
(independent compression) and 9 dB (linked compression).

spatial perception. The decreased IC of the processed stimuli in the case of

independent/linked compression was consistent with the higher proportion

of image splits reported for the transients than for the speech stimulus and

the perception of broader, more diffuse sound images as compared to linear

processing. It has been demonstrated that listeners localize sound sources in

reverberant environments by responding to the spatial cues carried by the direct

sound and suppressing the spatial cues carried by the early reflections. This

perceptual phenomena is termed “the precedence effect” (see Brown et al., 2015,

, for a review). In the present study, the early reflections were most likely not

enhanced sufficiently by the independent and linked compression to overcome

the precedence effect and thereby affect the listeners’ perceived localization
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of the stimuli, i.e., cause the image splits. Instead, the perceived split images

might result from the enhancement of the late reverberation carrying spatial

cues unrelated to the sound source. Thus, the results suggest that the energy ra-

tio between the direct and the reverberation sound should ideally be preserved

to provide the listener with undistorted cues for spatial perception.

The results are consistent with Blauert and Lindemann (1986) who demon-

strated that a reduction in the IC results in both image splitting as well as a

broadening of the sound image for normal-hearing listeners. However, in con-

trast to the findings of the present study, earlier studies (Whitmer et al., 2012;

Whitmer et al., 2014) found that hearing-impaired listeners were relatively insen-

sitive to changes in IC, as measured by perceived width when using stationary

noise stimuli. The different results might have been caused by the differences

in the stimuli used in the present study and the ones of Whitmer et al. (2012)

and Whitmer et al. (2014). In the present study, the reduction of the IC by com-

pression was caused by changes to the binaural temporal envelope whereas in

Whitmer et al. (2012) and Whitmer et al. (2014) the change in IC was driven by

changes in the binaural temporal fine structure, which is also the reason why the

reported insensitivity was correlated with the ability to detect interaural phase

differences (Whitmer et al., 2014). It has previously been shown that, in contrast

to temporal fine structure sensitivity, the sensitivity to temporal envelope cues is

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

and Glasberg, 2001).

The increased amount of front-back confusions in the independent and

linked compression conditions suggests that these compression schemes dis-

torted the monaural spectral cues (e.g., Middlebrooks and Green, 1991) that

listeners in combination with head movement cues (Brimijoin et al., 2013) nor-

mally use to resolve forward from rearward sources. Thus, both independent
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and linked compression seem to make it more difficult for the listeners to dis-

tinguish between frontal and rearward sources.

In contrast to independent compression, linked compression is expected to

restore the listener’s natural spatial perception in anechoic environments due to

the preservation of ILDs (Wiggins and Seeber, 2011; Wiggins and Seeber, 2012).

However, no effect of preserving the intrinsic ILDs by linked compression, as

compared to independent compression, was found in the reverberant condition

considered in the present study. Thus, the beneficial effect of preserving the ILDs

is not apparent in reverberation, which most likely is a result of the dominating

effect of fast-acting compression reducing the rate of the reverberant decay

and, thereby, reducing the IC. Nonetheless, linked fast-acting compression has,

in reverberant conditions, been shown to partly restore the ability to attend

to a desired target in an auditory scene with spatially separated maskers, in

contrast to independent compression (Schwartz and Shinn-Cunningham, 2013).

However, the performance obtained with linked compression did not reach

the level obtained with linear processing, potentially as a result of the reduced

IC due to this compression scheme. It is possible that, based on the results of

the present study, spatially ideal compression would produce similar results as

linear processing since the spatial cues would be preserved.

It has been demonstrated that listeners can adapt to artificially produced

changes of the spatial cues responsible for correct sound source location (for a

review, see Mendonça, 2014). This plasticity in spatial hearing has been demon-

strated both in the horizontal and vertical plane for various manipulations of the

localization cues. For example, by modifying the direction-dependent spectral

shaping of the outer ear by inserting ear molds in both of the listener’s ears

(Hofman et al., 1998) or only in one of the ears (Van Wanrooij and Van Opstal,

2005), listeners can reacquire accurate sound localization performance within
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a few weeks. It might be argued that such “remapping” processes also occur

for other modifications of the acoustic cues, such as the ones considered in

the present study. However, the signal-driven changes of the binaural cues

considered here might be difficult to learn, since they affect the sound location,

sound width and give rise to image splits. Although the performance of sound

localization can be reacquired, the increased sound width and image splits

originating from the altered reverberation will most likely be difficult to remap

as these are signal dependent and dynamic due to the characteristics of the

fast-acting compression schemes. Consistent with this reasoning, it has been

shown that not all modifications can be remapped. An example of this is ear

swapping (Hofman et al., 2002; Young, 1928), where adaptation to switched

binaural stimuli was not found for periods as long as 30 weeks.

Only the spatially ideal compression scheme, operating on the dry signal,

provided the listeners with a similar spatial percept as the linear processing

scheme. The processing did not distort the listeners’ spatial perception in terms

of source localization, at least not in the conditions considered in the present

study. However, spatially ideal compression requires a priori knowledge of the

BRIRs which is not a feasible solution in realistic applications where the BRIR

is unknown. Instead, a feasible approach could be to estimate the amount of

reverberation in the stimulus, e.g. via an estimation of the DRR as a function

of time, such that compression is only applied in moments where the DRR is

above a certain criterion and otherwise switched off or reduced. Such a system

might be particularly useful for hearing-instrument amplification strategies

where the goal is to preserve the natural sound scene around the listener while

still providing sufficient dynamic range compression restoring proper loudness

cues.

In the present study, no ambient noise in the listening room was added to
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the input of any of the processing conditions. Typical everyday environments

are likely to include some level of background noise which could influence

the results since background noise will reduce the valleys of the temporal en-

velope of the sound. Thus, in such a condition, less amplification would be

provided by the compression in the segments of the stimuli that exhibit a lower

signal level than in the corresponding quite situation, such that the reverberant

portions of the stimulus would be enhanced less. Furthermore, the added back-

ground noise may perceptually mask some of the reverberation, decreasing the

detrimental impact of compression on spatial perception. Hence, in everyday

listening environments with ambient noise, the impact of compression on spa-

tial perception might be less prominent than the effects reported in the present

study.

3.5 Conclusions

This study investigated the effect of dynamic range compression in reverberant

environments on spatial perception in normal-hearing and hearing-impaired

listeners. The following was found:

(i) Both independent and linked fast-acting compression resulted in more

diffuse and broader sound images, internalization and image splits relative

to linear processing.

(ii) No differences in terms of the amount of spatial distortions were observed

between the linked and independent compression conditions.

(iii) Spatially ideal compression provided the listeners with a spatial percept

similar to that obtained with linear processing.

(iv) More image splits were reported for the noise bursts than for speech both



64 3. Effects of compression on spatial perception

for independent and linked compression.

(v) The spatial resolution of the hearing-impaired listeners was generally lower

than that of the normal-hearing listeners. However, the effects of the

compression schemes on the listeners’ spatial perception were similar for

both groups.

(vi) The stimulus-dependent distortion due to the linked and independent

compression was shown to be a result of a reduced interaural-cross corre-

lation of the ear signals as a result of enhanced reverberant energy.

Overall, the results suggest that preserving the ILDs by linking the left- and

right-ear compression is not sufficient to restore the listener’s natural spatial

perception in reverberant environments relative to linear processing. Since

spatial distortions were introduced via an enhancement of reverberant energy,

it would be beneficial to develop compressor schemes that minimize the distor-

tion of the energy ratio between the direct and the reverberant sound.
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4
Preserving spatial perception in rooms

using direct-sound driven dynamic

range compressiona

Abstract Fast-acting hearing-aid compression systems typically

distort the auditory cues involved in the spatial perception of sounds

in rooms by enhancing low-level reverberant energy portions of

the sound relative to the direct sound. The present study inves-

tigated the benefit of a direct-sound driven compression system

that adaptively selects appropriate time constants to preserve the

listener’s spatial impression. Specifically, fast-acting compression

was maintained for time-frequency units dominated by the direct

sound while the processing of the compressor was linearized for

time-frequency units dominated by reverberation. This compres-

sion scheme was evaluated with normal-hearing listeners who in-

dicated their perceived location and distribution of sound images

in the horizontal plane for virtualized speech. The experimental

results confirmed that both independent compression at each ear

and linked compression across ears resulted in broader, sometimes

internalized, sound images as well as image split. In contrast, the

a This chapter represents a manuscript submitted to The Journal of the Acoustical Society of

America.
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linked direct-sound driven compression system provided the lis-

teners with a spatial perception similar to that obtained with linear

processing that served as the reference condition. The independent

direct-sound driven compressor created a sense of movement of

the sound between the two ears, suggesting that preserving the in-

teraural level differences via linked compression is advantageous

with the proposed direct-sound driven compression scheme.

4.1 Introduction

In everyday acoustic environments, the sound that reaches a listener’s ears

contains the direct sound stemming from the different sound sources as well as

reflections from obstacles in the surroundings. Despite the mixture of direct

sound, early and late reflections that are typically present in rooms, normal-

hearing listeners commonly perceive sound sources as being compact and

correctly localized in the space. It has been shown that both monaural cues, such

as the sound pressure level at the ear drums and the direct-to-reverberant energy

ratio (DRR; Zahorik, 2002), as well as binaural cues, such as interaural time and

level differences (Catic et al., 2013; Hartmann and Wittenberg, 1996) contribute

to reliable sound source localization in reverberant environments. Specifically,

robust distance perception has been shown to be based on estimations of the

DRR (Zahorik et al., 2005) whereas the sensation of externalized sound images,

their azimuthal orientation in the space and their apparent source width, have

been argued to be driven by binaural cues (e.g., Whitmer et al., 2012; Catic et al.,

2015).

People with a sensorineural hearing impairment typically suffer from loud-

ness recruitment, such that low-level sounds are not detectable while high-level
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sounds produce a close-to-normal loudness perception (e.g., Fowler, 1936;

Steinberg and Gardner, 1937). To compensate for this reduced dynamic range

of levels in the hearing-impaired listeners, level-dependent amplification is

commonly applied in hearing aids, such that low-level sounds are amplified

more than higher-level sounds (Allen, 1996). This corresponds to a compressive

processing of the input level range to the smaller dynamic range of levels that

can be perceived by the listener. If such dynamic range compression in hearing

aids operates independently in the left-ear and right-ear channels, less ampli-

fication is typically provided to the ear signal that is closer to a given sound

source than to the ear signal that is farther away from the sound source, such

that the intrinsic interaural level differences (ILDs) in the sound are reduced.

To avoid this, state-of-the-art bilaterally fitted hearing aids share the measured

sound intensity information across both devices via a wireless link (Korhonen

et al., 2015). This shared processing is commonly referred to as “linked” com-

pression, such that in the case of a symmetrical hearing loss the amplification

provided by the two compressors is the same in both ears and, as a consequence,

the intrinsic ILDs are preserved. This has been shown to improve the ability

of normal-hearing listeners to attend to a desired target in an auditory scene

with spatially separated maskers as compared to independent compression in

reverberant conditions (Schwartz and Shinn-Cunningham, 2013).

However, as demonstrated in Hassager et al. (2017), both independent and

linked fast-acting compression can strongly distort the spatial perception of

sounds in reverberant acoustic environments. Both compression strategies can

lead to an increased diffusiveness of the perceived sound and broader, some-

times internalized (“in the head”), sound images as well as sound image splits.

Such spatial distortions were observed both in normal-hearing and hearing-

impaired listeners when either linked or independent compression was applied
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to the signals. It was demonstrated that the observed spatial distortions mainly

resulted from the applied compression enhancing the level of the reflected

sound relative to the level of the direct sound. It was concluded that compres-

sive hearing-aid processing needs to maintain the energy ratio of the direct

sound to the reflected sound in order to preserve the natural spatial cues in the

acoustic scene.

Ideally, a dereverberation of the binaural room impulse responses (BRIRs)

for each of the sound sources would be required to apply compression to the

individual “dry” sound sources, followed by a convolution of the individual

sound sources with the respective BRIRs to reintroduce and preserve the spatial

characteristics of a given scene. It was shown by Hassager et al. (2017) that this

approach provided the listener with an undistorted spatial perception. However,

such idealized processing requires a priori knowledge of the dry source signals

and the respective BRIRs. In addition, blind dereverberation strategies will

inevitably introduce artifacts and distortions, which may limit the applicability

in hearing-aid applications.

An alternative approach of preserving the natural spatial properties of a

sound scene would be to effectively “linearize” the compressive processing by

using time constants that are longer than the reverberation time. However, such

processing would compromize the restoration of loudness perception obtain-

able by fast-acting compression (Strelcyk et al., 2012). In the present study, it

was investigated whether fast-acting compression that preserves the listener’s

spatial impression could be achieved by adaptively adjusting the time constant

of the compressor depending on a binary decision reflecting direct-sound ac-

tivity. The idea was to maintain fast-acting compression in time-frequeny (T-F)

units dominated by the direct sound while linearizing the processing via longer

time constants of the compressor in T-F units dominated by reverberation.
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If BRIR information was avaliable, the short-term estimate of the signal-

to-reverberant energy ratio (SRR) could be used to identify T-F units that are

dominated by the direct sound. Specificially, the BRIR could be split into its

direct and reverberant parts (Zahorik, 2002). Then, the energy ratio of the

direct sound (the source signal convolved with the direct part of the BRIR) to

the reverberant sound (the source signal convolved with the reverberant part

of the BRIR) could be used as a decision metric. For a given criterion (e.g.,

SRR > 0 dB), an a priori classification could be performed to identify those

T-F units that are dominated by the direct sound. However, this technique is

not feasible in practical applications since the BRIRs are typically not available.

Therefore, several “blind” algorithms have been developed to estimate the

presence of reverberation in signals without a priori knowledge of the BRIRs.

For example, the interaural coherence (IC) can be used to estimate the amount of

reverberation in a signal since reverberation reduces the IC (e.g., Thiergart et al.,

2012; Westermann et al., 2013; Zheng et al., 2015). Hazrati et al. (2013) developed

an algorithm operating on monaural signals to identify direct-sound dominated

T-F units by extracting a variance-based feature from the reverberant signal and

comparing it to an adaptive threshold. The algorithm generates a binary T-F

classification which was applied on the signal to suppress reverberation. The

authors reported significant speech intelligibility improvements in cochlear

implant users.

The present study focused on the spatial perception of speech presented

in an everyday reverberant environment. The speech signals were processed

by fast-acting hearing-aid compression with and without a binary classifica-

tion stage to linearize the compressive processing of T-F units dominated by

reverberation. Besides the classification using the short-term SRR based on a

priori knowledge of the BRIRs, the blind classification method by Hazrati et al.
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(2013) was tested both in independent and linked compression settings of the

simulated hearing aid. The compression without the binary classification stage

corresponded to conventional compression schemes described in the literature

(e.g., Kates, 2008), whereas the compression with the binary classification stage

represented the proposed direct-sound driven compression system. Linear pro-

cessing, i.e. level-independent amplification, was considered as the reference

condition. Only normal-hearing listeners were used in the present study. The

main goal was to evaluate the feasibility of the approach motivated by the results

from Hassager et al. (2017). To quantify the distortion of the spatial cues in the

different conditions, the IC of the ear signals was considered as an objective

metric.

4.2 Compression system

4.2.1 Algorithm overview

Figure 4.1 shows the block diagram of the algorithm. Both the independent

and linked hearing-aid compression systems were based on short-time Fourier

transformations (STFTs) and operated in seven octave-spaced frequency chan-

nels. In the STFT block, the left- and right-ear signals, sampled at a rate of 48000

Hz, were divided into overlapping frames of 10.7 ms duration (512 samples)

with a shift of 2.6 ms (128 samples). Each frame was Hanning-windowed and

zero padded to a length of 1024 samples and transformed into the frequency

domain by applying a 1024-point discrete Fourier transform (DFT). In the left

and right filterbank (FB), the power of the DFT bins was integrated into seven

octave-wide frequency bands with center frequencies ranging from 128 Hz to 8

kHz. Similarly, the direct-sound classification stages (see Sect. 4.2.2) consisted

of seven octave-wide frequency bands. The power and the corresponding binary
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classification of the seven frequency bands were used to estimate the gain level

(see Sec. 4.2.3). The estimated levels for the individual T-F units were converted

to sound pressure level (SPL) in dB, and a broken-stick gain function (with a

linear gain below the compression threshold and a constant compression ratio

above the threshold) was applied. The compression thresholds and compres-

sion ratios were calculated from NAL-NL2 prescription targets (Keidser et al.,

2011) for the N3 audiogram corresponding to a flat and moderately sloping

hearing-loss as defined in Bisgaard et al. (2010). The compression thresholds

(CT) and compression ratios (CR) for the seven respective frequency bands are

summarized in Table 4.1.

Frequency 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 8 kHz

CT (dB SPL) 45 50 49 40 48 44 32
CR 3.4:1 3.2:1 2.3:1 2.7:1 3.6:1 3.8:1 4.0:1

Table 4.1: The compression thresholds (CT) and compression ratios (CR) in the seven octave
frequency bands.

The simulated input level to the compressor operating closest to the sound

source was 75 dB SPL. In the case of independent processing, the gain values for

the individual T-F units were kept untouched. In the case of linked processing,

the minima of the left and right gain values were taken as the gain values in both

ears. In the inverse filterbank (IFB), the resulting gains were then interpolated

in the frequency domain using a piecewise cubic interpolation to avoid aliasing

artifacts and applied to the STFT bins of the input stimulus. Finally, an inverse

DFT of the STFT coefficients was computed to produce time segments of the

compressed stimuli. These time segments were subsequently windowed with

a tapered cosine window to avoid aliasing artifacts, and combined using an

overlap-add method to provide the processed temporal waveform presented to

the left and right ear.
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Figure 4.1: Block diagram of the proposed direct-sound driven compressor. First the left- and
right-ear signals are windowed in time segments and transformed into the frequency domain by
a short-time Fourier transforms (STFT). The frequency bins in each time window are combined
into seven octave spaced frequency bands by the filterbank (FB), thereby creating T-F units.
In the direct sound classification block a binary classification is performed whether T-F units
are dominated by the direct sound. In the level estimation and gain blocks, the T-F units are
smoothed across time with time constants determined by the classification and the gain values
for T-F units are found. In the link block, the gain values are either kept untouched or the minima
of the left and right gain values are used as the gain values in both ears. In the inverse filterbank
(IFB), the gains were then interpolated in the frequency domain and applied to the STFT bins of
the input stimulus. Finally, an inverse STFT (ISTFT) was computed and the resulting temporal
waveform was presented to the left and right ear.

Figure 4.2 illustrates the different processing stages of the proposed system

in relation to a conventional compression system. Panel (a) shows anechoic

speech at the output of an octave-wide bandpass filter tuned to 1000 Hz. Panel

(b) shows the corresponding output for reverberant speech, illustrating the

impact of reverberation on the dry source signal. The blind classification of

direct-sound signal components (blue) is shown in panel (c) together with a con-

ventional compressor (light green) using a fixed compression mode with short

time constants (fast-acting). The gain functions of the proposed direct-sound

driven compressor (blue) and the conventional compressor (light green) are

shown in panel (d). Panel (e) shows the waveform of the compressed reverber-
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ant speech using the proposed direct-sound driven compressor, and panel (f)

shows the waveform of the compressed reverberant speech processed with the

conventional compressor. It is apparent that the conventional compressor am-

plifies the low-level portions of the sound and thereby enhances the reverberant

components. In contrast, the proposed direct-sound driven compressor only

acts on the direct signal components and applies a linear gain to the reverberant

sound components.

4.2.2 Classification

The proposed direct-sound driven compressor requires a binary classification of

individual T-F units into direct-sound and reverberant signal components. This

classification was either based on the short-term SSR using a priori knowledge

of the BRIRs or on the blind classification method described by Hazrati et al.

(2013). The details of the two approaches are described below.

Signal-to-reverberant ratio classification

Assuming a priori knowledge about the BRIR, the short-term SRR was used as

a decision metric to identify T-F units that are dominated by the direct sound.

Specifically, the BRIRs were split into their direct and reverberant parts (Zahorik,

2002). The direct part was defined as the first 2.5 ms of the impulse response

and the reverberant part was defined as the remaining subsequent samples of

the BRIRs. The 2.5 ms transition point was chosen here since the first reflection

occurred immediately after this point in time. The reverberant part contained

both the early reflections and the late reverberation. The direct signal and the

reverberant signal were obtained by convolving the dry speech (source signal)

with the direct part and the reverberant part of the BRIR, respectively. The direct

signal, D , and the reverberant signal, R , were segmented into overlapping
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Figure 4.2: Example illustrating a bandpass filtered HINT sentence extracted at the center fre-
quency of 1000 Hz. (a) Anechoic sentence, (b) reverberant sentence, (c) the blind binary classifi-
cation (blue) where a value of one indicates direct-sound activity, (d) the corresponding gain
function for conventional compression (light green) and the direct-sound driven compression
(blue), (e) the reverberant sentence processed by the proposed direct-sound driven compression,
and (f) the reverberant sentence processed by conventional compression.

frames and decomposed into seven octave-wide frequency channels using the

same parameters as the compressor. The power was thereafter smoothed in
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time (t) by recursive averaging as follows:

Ds (t , f ) =λ ·Ds (t −1, f ) + (1−λ) · |D (t , f )|2 (4.1)

and

Rs (t , f ) =λ ·Rs (t −1, f ) + (1−λ) · |R (t , f )|2 , (4.2)

where Ds and Rs represent the smoothed versions, and ? represents the smooth-

ing constant which was determined by λ= e x p (−Ts t e p/τ) for a time constant,

τ, of 10 ms and a step time Ts t e p of 2.6 ms. The SRR was calculated, as:

SRR (t , f ) = 10 · log10

�

Ds (t , f )
Rs (t , f )

�

(4.3)

The classification of T-F units was performed by applying a local criterion to

the short-term SSR, such that units greater than 0 dB were assigned a value of

one and zero otherwise, creating a binary SRR classification:

C SRR(t , f ) =







1 , SRR (t , f )> 0 ,

0 , otherwise.
(4.4)

Blind classification

The blind detection of direct-sound components without prior knowledge was

performed using the method described by Hazrati et al. (2013). The reverber-

ant signal was band-pass filtered by seven octave-spaced filters to match the

frequency resolution of the compressor. The band-pass filtered signals were

then segmented into overlapping frames denoted by S , and a variance-based

feature labeled as F was calculated. Specifically, the variance of the signal raised

to a power, α, was divided by the variance of the absolute value of the signal
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converted to dB:

F (t , f ) = 10 · log10

�

σ2(|S (t , f )|α)
σ2(|S (t , f )|)

�

(4.5)

where the exponent,α, was set to 1.75. This variance-based feature was smoothed

across time using a 3-point median filter. To obtain the binary classification,

C Blind, the variance-based feature, F , were compared to an adaptive threshold

T (Otsu, 1979), producing a binary blind classification:

C Blind(t , f ) =







1 , F (t , f )> T (t , f ) ,

0 , otherwise.
(4.6)

The adaptive threshold was based on a temporal context of 80 ms and was calcu-

lated for each frequency channel separately. The parameters used in the blind

classification method were experimentally optimized to achieve the highest

performance using the short-term SRR classification described in Section 4.2.2

as a reference condition.

Classification parameters

To quantify the performance of the blind classification, the hit rate minus the

false-alarm rate (H-FA) was computed by comparing the detection of direct-

sound components to the short-term SRR classification in the seven frequency

channels. Clean speech sentences from the Danish hearing in noise test corpus

(Danish HINT; Nielsen and Dau, 2011) and BRIRs corresponding to room A and B

of the Surrey database (Hummersone et al., 2010) were used in the analysis. The

results are shown in Table 4.2. The hit rate (H) was defined as the percentage of

correctly classified direct-sound dominant T-F units, while the false-alarm rate

(FA) was defined as the percentage of wrongly classified T-F units dominated

by reverberation. The parameters of the blind classification were adjusted to
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account for an SRR threshold criterion of 0 dB, as opposed to a local criterion of

-8 dB which was used in the study by Hazrati et al. (2013). Apart from the lowest

frequency band (at 125 Hz), where the FA is higher than at all other frequencies,

the blind classification produces reasonably high performance values in terms

of the H-FA metric.

Frequency 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 8 kHz

H 94.0 % 94.2 % 96.0 % 93.0 % 79.6 % 86.2 % 79.2 %
FA 54.9% 28.6% 33.1% 12.7% 14.7% 24.3% 26.3%

H-FA 39.2 % 65.6% 62.9% 80.3% 64.9% 61.9% 52.9%

Table 4.2: The blind classification performance in terms of the H, HA, and H-FA for the seven
octave frequency channels.

4.2.3 Level estimation

The levels of the T-F units were estimated by smoothing the power of the T-F

units across time using recursive averaging:

X s (t , f ) = c ·X s (t −1, f ) + (1− c ) · |X (t , f )|2 , (4.7)

where |X |2 represents the power of the individual T-F units, X s the smoothed

power and c the smoothing constant. The smoothing constant, c , was updated

according to the following criteria:

c =































c fast
attack when |X (t , f )|2 ≥ X s (t −1, f ) and C (t , f ) = 1

c fast
release when |X (t , f )|2 < X s (t −1, f ) and C (t , f ) = 1

c slow
attack when |X (t , f )|2 ≥ X s (t −1, f ) and C (t , f ) = 0

c slow
release when |X (t , f )|2 < X s (t −1, f ) and C (t , f ) = 0

(4.8)

with C being either C SRR or C Blind and the smoothing constants, c fast
attack, c fast

release,

c slow
attack, and c slow

release, found according to IEC 60118-2 (1983), to be 10 ms, 60 ms,
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2000 ms and 2000 ms, respectively. When C is being one the compression mode

is fast-acting and when C is zero the compression mode is slow-acting.

4.3 Methods

4.3.1 Listeners

Eighteen normal-hearing listeners (10 males and 8 females), aged between 19

and 35 years, participated in the experiment. All had audiometric pure-tone

thresholds below 20 dB hearing level at frequencies between 125 Hz and 8 kHz.

All listeners signed an informed consent document and were reimbursed for

their efforts.

4.3.2 Experimental setup and procedure

The experimental setup and procedure were similar to the ones described in

Hassager et al. (2017). The experiments took place in a reverberant listening

room designed in accordance with the IEC 268-13 (1985) standard. The room

had a reverberation time T30 of approximately 500 ms, corresponding to a typ-

ical living room environment. Figure 4.3 shows the top view of the listening

room and the experimental setup as placed in the room. The dimensions of

the room were 752 cm × 474 cm × 276 cm (L ×W ×H). Twelve Dynaudio BM6

loudspeakers were placed in a circular arrangement with a radius of 150 cm,

distributed with equal spacing of 30 degrees on the circle. A chair with a head-

rest and a Dell s2240t touch screen in front of it were placed in the center of the

loudspeaker ring. The listeners were seated on the chair with view direction

to the loudspeaker placed at 0 degree azimuth. The chair was positioned at a

distance of 400 cm from the wall on the left and 230 cm from the wall behind.

The graphical representation of the room and the setup, as illustrated in Fig. 4.3
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Figure 4.3: The top view of the experimental setup. The loudspeaker positions are indicated by
the black squares. The grey circle in the center indicates the position of the chair, where the
listener was seated. The listeners had a view direction on the loudspeaker placed at the 0°degree
azimuth. The graphical representation was also shown on the touch screen, without the room
dimensions shown in the figure.

were also shown on the touch screen, without the information regarding the

room dimensions. Besides the loudspeakers, a Fireface UCX sound card operat-

ing at a sampling frequency of 48000 Hz, two DPA high sensitivity microphones

and a pair of HD850 Sennheiser headphones were used to record the individual

BRIRs for the listeners (see Section 4.3.3). The BRIRs were measured from the

loudspeakers placed at the azimuth angles of 0 and 300 degrees. The listeners

were instructed to support the back of their head on the headrest while remain-

ing still and to fixate on a marking located straight ahead (0° ) both during the

BRIR measurements and during the sound presentations. On the touch screen,

the listeners were asked to place circles on the graphical representation as an

indication of the perceived position and width of the sound image in the hori-

zontal plane. By placing a finger on the touch screen, a small circle appeared on

the screen with its center at the position of the finger. When moving the finger
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while still touching the screen, the circumference of the circle would follow the

finger. When the desired size of the circle was reached, the finger was released

from the screen. By touching the center of the circle and moving the finger while

touching the screen, the position of the circle would follow along. By touching

the circumference of the circle and moving the finger closer to or farther away

from the center of the circle while touching the screen, the circle would decrease

or increase in size, respectively. A double tap on the center of the circle would

delete the circle. If the listeners perceived a split of any parts of the sound image,

they were asked to place multiple circles reflecting the positions and widths

of the split images. The listeners were instructed to ignore other perceptual

attributes, such as sound coloration and loudness. Each stimulus was presented

three times from each of the two loudspeaker positions. No response feedback

was provided to the listeners. The test conditions, stimuli and loudspeaker

position were presented in random order within each run.

4.3.3 Spatialization

Individual BRIRs were measured to simulate the different conditions virtu-

ally over headphones. Individual BRIRs were used since it has been shown

that the use of individual head-related transfer functions (HRTFs), the Fourier

transformed head-related impulse responses, improve sound localization per-

formance compared to non-individual HRTFs (e.g., Majdak et al., 2014), as

a result of substantial cross-frequency differences between the individual lis-

teners’ HRTFs (Middlebrooks, 1999). Individual BRIRs were measured from

the loudspeakers placed at the azimuth angles of 0 and 300 degrees. The BRIR

measurements were performed as described in Hassager et al. (2017). The mi-

crophones were placed at the ear-canal entrances and were securely attached

with strips of medical tape. A maximum-length-sequence (MLS) of order 13,
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with 32 repetitions played individually from each of the loudspeakers, was

used to obtain the impulse response, hb r i r , representing the BRIR for the given

loudspeaker. The headphones were placed on the listeners and correspond-

ing headphone impulse responses, hhp i r , were obtained by playing the same

MLS from the headphones. To compensate for the headphone coloration, the

inverse impulse response, h i n v
hp i r , was calculated in the time domain using the

Moore-Penrose pseudoinverse. By convolving the room impulse responses,

hb r i r , with the inverse headphone impulse responses, h i n v
hp i r , virtualization fil-

ters with the impulse responses, hv i r t , were created. Stimuli convolved with

hv i r t and presented over the headphones produced the same auditory sensa-

tion in the ear-canal entrance as the stimuli presented by the loudspeaker from

which the filter, hb r i r , had been recorded. Hence, a compressor operating on

an acoustic signal convolved with hb r i r behaves as if it was implemented in a

completely-in-canal hearing aid.

To validate the BRIRs, the stimuli were played first from the loudspeakers

and then via the headphones filtered by the virtual filters hv i r t . In this way, it

could be tested if the same percept was obtained when using loudspeakers or

headphones. By visual inspection, the graphical responses obtained with the

headphone presentations were compared to the graphical responses obtained

with the corresponding loudspeaker presentations. This comparison confirmed

that all listeners had a very similar spatial perception in the two conditions (see

also Hassager et al., 2017).

4.3.4 Stimuli and processing conditions

Speech sentences from the Danish hearing in noise test corpus (Danish HINT;

Nielsen and Dau, 2011) were used as stimuli. The clean speech signals were

convolved with the listener’s BRIRs, hb r i r , and then processed by the fast-acting
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compression conditions. As listed in Table 4.3, a set of six different compressor

systems were tested: 1) Conventional independent compression that processed

the binaural signals independently, 2) conventional linked compression that

synchronizes the processing of the binaural signals, 3) independent compres-

sion with an SSR classification stage, 4) independent compression with a blind

classification stage, 5) linked compression with an SSR classification stage, 6)

linked compression with a blind classification stage. Linear processing was

used as a reference condition. To compensate for the effect of the headphones,

the left- and right-ear signals were afterwards convolved with the left and right

parts of h i n v
hp i r , respectively. The SPL of the stimulus at the ear closest to the

sound source was 65 dB in all conditions.

method binaural link compression mode estimator

independent off conventional -
linked on conventional -
independent SRR off direct-sound driven short-term SRR
independent blind off direct-sound driven blind
linked SRR on direct-sound driven short-term SRR
linked blind on direct-sound driven blind

Table 4.3: Overview of the different processing conditions involving compression.

4.3.5 Statistical analysis

The graphical responses provided a representation of the perceived sound im-

age in the different conditions. To quantify deviations in the localization from

the loudspeaker position across the different conditions, the root-mean-square

(RMS) error of the Euclidean distance from the center of the circles to the loud-

speakers was calculated. To reduce the confounding influence of front-back

confusions as a result of the virtualization method, the responses placed in the

opposite hemisphere (front versus rear) of the virtually playing loudspeaker
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were reflected across the interaural axis to the mirror symmetric position.

An analysis of variance (ANOVA) was conducted on two mixed-effect models

to evaluate whether the processing condition and loudspeaker position had an

effect on the dependent variable, which was either the RMS error or the radius of

the placed circles. In the mixed-effect models, listeners were treated as a random

block effect nested within the repeated within-listener measures of repetition,

processing condition and loudspeaker position. Repetitions were treated as a

random effect, while the processing condition and loudspeaker position were

treated as fixed effects. The radius data were square-root transformed and

the RMS error was log transformed to correct for heterogeneity of variance.

Tukey’s HSD corrected post hoc tests were conducted to test for main effects

and interactions. A confidence level of 5 % was considered to be statistically

significant.

4.3.6 Analysis of spatial cues

In order to quantify the effect of the different compression schemes on the

spatial cues, interaural coherences (ICs) were calculated. The IC can be defined

as the absolute maximum value of the normalized cross-correlation between

the left and right ear output signals so u t ,l and so u t ,r occurring over an interval

of |τ| ≤ 1 ms (e.g., Blauert and Lindemann, 1986; Hartmann et al., 2005):

IC=max
τ
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For each individual listener, the left- and right-ear output signals were filtered

with an auditory inspired “peripheral” filterbank consisting of complex fourth-

order gammatone filters with equivalent rectangular bandwidth spacing (Glas-

berg and Moore, 1990). The ICs were subsequently computed from the filtered
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output signals. The just-noticeable difference (JND) in IC is about 0.04 for an IC

equal to 1 and increases to 0.4 for an IC equal to 0 (Gabriel and Colburn, 1981;

Pollack and Trittipoe, 1959). The IC distribution was estimated by applying a

Gaussian kernel-smoothing window with a width of 0.02 (half of the smallest

JND) to the IC histograms.

4.4 Results

4.4.1 Experimental data

Figures 4.4 and 4.5 show graphical representations of the listeners’ responses, in-

cluding repetitions, virtualized from the loudspeaker positioned at 300°azimuth.

The pattern of results obtained at the loudspeaker positioned at 0°azimuth was

similar to that observed for the loudspeaker positioned at 300°, and are there-

fore not shown. In Fig. 4.4, the upper left panel represents the responses for

the linear processing (reference) condition, whereas the responses obtained

with conventional linked compression, direct-sound driven linked compres-

sion based on SRR classification and direct-sound driven linked compression

based on blind classification are shown in the upper right, lower left and lower

right panel, respectively. The responses of each individual listener in a given

condition are indicated as transparent filled (colored and gray) circles with a

center and size corresponding to the associated perceived sound image in the

top-view perspective of the listening room (including the loudspeaker ring and

the listening position in the center of the loudspeakers). Overlapping areas

of circles obtained from different listeners are reflected by the increased cu-

mulative intensity of the respective color code. To illustrate when a listener

experienced a split in the sound image and, therefore, indicated more than

one circle on the touch screen, only the circle the listener placed nearest to
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the loudspeaker (including positions obtained by front-back confusions) was

indicated in color whereas the remaining locations were indicated in gray.

In the reference condition (upper left panel in Fig. 4.4), the sound was per-

ceived as coming from the loudspeaker position at 300°azimuth. In contrast, in

the conventional linked compression condition (upper right panel), the sound

was generally perceived as being wider and, in some cases, as occurring closer

to the listener than the loudspeaker or between the loudspeakers at 240°and

300°azimuth. For some of the listeners, the conventional linked compression

also led to split images as indicated by the gray circles. These results are consis-

tent with the results obtained in Hassager et al. (2017). In the direct-sound driven

linked compression conditions based on SRR classification (lower left panel)

and blind classification (lower right panel), the listeners perceived the sound

image as being compact and located mainly at the loudspeaker at 300°azimuth.

None of the listeners experienced image splits with the direct-sound driven

compression based on the SRR classification, while some image splits were

experienced with the direct-sound driven compression using the blind classifi-

cation. Nonetheless, in contrast to the conventional linked compression the

experienced image splits were, concentrated mainly in the region around the

loudspeaker that the sound was virtualized from.

Figure 4.5 shows the corresponding results for independent compression.

The general pattern of results was similar to that found for linked compression

(from Fig. 4.4). However, the responses for direct-sound driven independent

compression based on the SRR classification (lower left panel) and the blind

classification (lower right panel) contained considerably more image splits

than the corresponding responses for conventional linked compression (upper

right panel of Fig. 4.4). The reported image splits were in both direct-sound

driven compression conditions placed around the position of the head. The
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Figure 4.4: Graphical representations of the listeners’ responses obtained with the speech virtu-
ally presented from the 300 degrees position in the listening room. The upper left panel shows
the results for linear processing (reference condition). The results for conventional linked com-
pression, direct-sound driven linked compression based on SRR classification and direct-sound
driven linked compression based on blind classification are shown in the upper right, lower left,
and lower right panel, respectively. The response of each individual listener is indicated as a
transparent filled circle with a center and width corresponding to the associated perceived sound
image. The main sound images are indicated by the different colors in the different conditions
whereas split images are indicated in gray.

listeners who indicated image splits reported verbally that they perceived a sense

of movement of the sound between the two ears. Nonetheless, the listeners

generally perceived the main sound as being compact and located mainly at

the loudspeaker at 300°azimuth in the two classification conditions.

For the radius of the placed circles, indicating the perceived width of the

sound image, the ANOVA revealed an effect of processing condition [F(6,42)

= 65.62, p� 0.001]. Post-hoc comparisons revealed that the listeners placed

significantly [p� 0.001] larger radii in the two conventional compression con-

ditions than in the linear processing and the direct-sound driven compression

conditions. The radii in the conventional compression conditions were 34.6

cm and 37.0 cm for the linked and the independent compression condition,
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Figure 4.5: Same as Fig. 4.4, but for the independent compression conditions.

respectively, while the radii in the other conditions were between 3.3 cm and 9.1

cm. For the RMS error, the ANOVA showed an effect of the loudspeaker position

[F(1,17) = 6.82, p = 0.02]. Post-hoc comparisons showed that the RMS error

was slightly higher at the 300°azimuth loudspeaker position than at the frontal

loudspeaker position. This is consistent with previous studies (e.g., Mills, 1958)

demonstrating a higher localization acuity for frontal than for lateral positioned

sound sources.

4.4.2 Analysis of spatial cues

Figure 4.6 shows the IC distributions for linear processing and the linked com-

pression conditions (conventional, direct-sound driven with either SRR or blind

classification) for the speech virtualized from the frontal loudspeaker. For sim-

plicity, only the results at the output of the gammatone filter tuned to 1000 Hz

are shown. The solid red, dashed light green, dashed light blue and dashed blue

curves represent the IC distributions for linear processing, conventional linked
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compression, direct-sound driven linked compression using SRR classification

and direct-sound driven linked compression with blind classification, respec-

tively. The IC distributions for the linear processing and the direct-sound driven

linked compression with either short-term SRR or blind classification are similar

to each other whereas the distribution for the conventional linked compression

has its maximum at a much lower value. The distribution obtained with the

linear processing shows a maximum at an IC of about 0.85. In contrast, the

maxima of the distributions for the conventional linked compression condition

are shifted towards a lower value of about 0.79. The same trends were observed

for the independent compression conditions (not shown explicitly).
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Figure 4.6: IC distributions of the ears signals, pooled across all listeners, at the output of the
gammatone filter tuned to 1000 Hz. Results are shown for the speech virtualized from the frontal
loudspeaker position. The solid red, dashed light green, dashed light blue and dashed blue
curves represent the IC distributions for linear processing, conventional linked compression,
direct-sound driven linked compression with SRR classification and direct-sound driven linked
compression with blind classification, respectively.
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4.5 Discussion

The present study compared conventional independent and linked fast-acting

compression with direct-sound driven independent and linked compression.

The classification stage in the direct-sound driven compressor was either based

on the short-term SRR using a priori knowledge of the BRIRs or on the blind

classification method by Hazrati et al. (2013). A spatial cue analysis showed that,

in an everyday reverberant environment, conventional compression markedly

reduced the IC of the stimulus between the ears relative to linear processing.

The reason for this is that the segments of the stimuli dominated by reverber-

ation often exhibit a lower signal level and are therefore amplified stronger

by the compression scheme than the stimulus segments that are dominated

by the direct sound (see also Hassager et al. (2017)). In contrast, the IC was

largely maintained in the case of the direct-sound driven compression schemes

relative to linear processing, implying that the energy ratio of the direct-sound

to reverberation was preserved by linearizing the processing of the T-F units

that are dominated by reverberation.

Consistent with the IC analysis, the direct-sound driven linked compression

provided the listeners with a similar spatial percept as the linear processing

scheme, while the conventional linked compression resulted in more diffuse

and broader sound images as well as image splits. In the independent com-

pression conditions, the general pattern of results was similar to that found

for linked compression, except that the direct-sound driven compressor in

the independent configuration led to the perception of a sound image that is

moving between the two ears. Previous studies have demonstrated that, in ane-

choic conditions, independent compression can lead to such perceived lateral

movements of the sound image (Wiggins and Seeber, 2011; Wiggins and Seeber,

2012), probably due to slow ILDs changes over time. Interestingly, according
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to the verbal reports of most of the listeners in the present study, the sense of

movement was not experienced in the case of the conventional independent

compression condition, potentially because in this condition the increased

amount of reverberation masks the occurrence of the ILD distortions stemming

from the direct sound. Further investigation is needed to fully understand this

phenomenon.

Instead of reconstructing the anechoic source signal, which would allow

for the application of a “spatially ideal” compressor (Hassager et al., 2017), the

proposed compression scheme utilizes short-term estimates of direct-sound

components as a control signal to adaptively select the appropriate time con-

stants, thus avoiding artifacts and signal distortions inevitably introduced by

dereverberation. The results indicated that the proposed processing scheme

does not introduce artifacts other than the enhanced reverberation due to miss

classification of the reverberation. The performance analysis of the blind classi-

fication revealed that fast-acting compression, in fact, is applied to T-F units

dominated by the direct sound, as reflected in the observed large hit rates,

whereas the T-F units dominated by reverberation are classified less accurately

as reverberation, as represented by the false alarm rates (see Table 4.2). Nev-

ertheless, the behavioral results did not show significant spatial distortions in

the two linked direct-sound driven compression schemes, indicating that the

binary classification performance was reasonably high.

The experiments were conducted on normal-hearing listeners who have nor-

mal loudness perception and thus do not need level-dependent amplification,

i.e., hearing-aid compression. Normal-hearing listeners were considered here

since Hassager et al. (2017) demonstrated that hearing-aid compression affected

hearing-impaired and normal-hearing listeners to a similar degree. While the

hearing-impaired listeners showed generally less accurate localization ratings
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than the normal-hearing listeners, the distortions resulting from conventional

compression dominated the results and were similar in both listener groups.

However, it will of course be crucial to perform corresponding experiments with

the proposed direct-sound driven compression system with hearing-impaired

listeners to further evaluate its significance and effectiveness. Furthermore, in

the experiments considered in the present study, only a single sound source

was used. In fact, localization accuracy plays an even greater role when dealing

with multiple competing sources. With several sound sources, the impact of

distorted spatial cues by conventional compression may limit the benefit that

users are able to gain from current hearing aids. Thus, studying the influence of

the direct-sound driven compression in multi-source scenario will be highly

relevant. The blind estimation might be able to provide a robust estimation

of direct-sound activity in multi-source scenarios because it does not require

knowledge about the number or the spatial distribution of the sound sources.

There are certainly various ways to improve the detection of direct-sound

components, e.g. by combining the monaural cues employed by Hazrati’s

method with binaural cues, such as the interaural coherence. Moreover, the

adaptive threshold could be replaced by supervised learning approaches which

were shown to enable accurate sound source localization in multi-source en-

vironments (May et al., 2011; May et al., 2015). The present study was not

focused on providing an optimized “solution” and parameter set of a compres-

sion system. Instead, the main goal was to demonstrate the principal effect

of a compression system that is controlled via the surrounding reverberation

statistics, such that the spatial perception of the acoustic scene becomes less

distorted by the effects of compression on the reverberant portions of the ears’

input signals.
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4.6 Conclusion

This study presented a direct-sound driven compression scheme that applied

fast-acting compression in T-F units dominated by the direct sound while lin-

earizing the processing via longer time constants in T-F units dominated by

reverberation. It was demonstrated that such a direct-sound driven compres-

sion scheme can strongly reduce spatial distortions that are introduced by

conventional compressors due to the enhancement of reverberant energy. It

was found that linked direct-sound driven compression provided the listeners

with a spatial percept similar to that obtained with linear processing. This was

confirmed by the interaural coherence of the ear signals that was similar to that

in the case of linear processing. A blind classification method was shown to

provide accurate classification of direct-sound dominated T-F units. Its perfor-

mance was similar to that obtained with a classification based on the short-term

SRR using a priori knowledge of the BRIRs. In general, such a classification

stage was found to be necessary and ensured that fast-acting compression was

only applied to the speech signal. The T-F units dominated by reverberation

were classified less accurately which, however, did not produce a detrimental

effect on the spatial percetion ratings. In addtion, it was found that, in the condi-

tions with independent direct-sound driven compression, a sense of movement

of the sound between the two ears was observed. Thus, linking the left- and

right-ear compression in combination with the proposed direct-sound driven

compression scheme might be a successful strategy to provide a natural spatial

perception while restoring normal loudness.
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5
Overall summary

In this thesis, psycho-acoustic measurements were conducted over headphones

to characterize normal-hearing and hearing-impaired listener’s externalization

perception.

Chapter 2 investigated the effect of reducing the spectral details in the bin-

aural transfer function on perceived externalization in an everyday reverberant

listening room. The magnitude responses of either the direct or reverberant

part of the BRIR were smoothed with band-pass filters. Broadband noise was

convolved with the modified BRIRs for various filter bandwidths. Listeners with

normal hearing indicated the perceived position of the noise virtualized over

headphones while keeping their head still. The results showed that reductions

of spectral details in the direct part of the BRIR had an effect on the perceived

externalization, whereas reductions in the spectral details of the reverberant

part of the BRIR did hardly affect externalization. In contrast, no effect of reduc-

tions of spectral details on externalization found in corresponding experiments

carried out in anechoic conditions. A simple model based on the deviations

of the ILDs for the modified stimulus from those for the (unmodified) refer-

ence stimulus, was able to account for the experimental data. Apart from some

stages of auditory preprocessing, the model consisted of a conceptual echo-

suppression mechanism that was found to be necessary in order to account for

the experimental data.

Chapter 3 focused on the effect of dynamic range compression in a similar

95
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everyday reverberant environment. These experiments were carried on both

normal-hearing and hearing-impaired listeners. Linked and independent fast-

acting compression were investigated and compared. It was found that both

the linked and independent compression results in more diffuse and broad

images in comparison with linear processing. These conventional compres-

sion schemes gave rise to both internalization and image splits. There was not

observed any difference in the amount of spatial distortion and image splits

resulting from the two compression schemes. As a further result it was demon-

strated that compression on the dry source signal before the convolution of

the binaural room impulse response provides the listeners with a spatial per-

cept similar to that obtained with linear processing. It was found the spatial

distortions were introduced via an enhancement of reverbernt energy, which

indicated that preserving the ILDs by linking the left- and right-ear compression

is not sufficient to provide the listener with a natural spatial perception in rever-

berant environments similar to the perception created by linear processing.

These findings from chapter 3 therefore lead naturally to the study presented

in Chapter 4. Here a direct-sound driven compression scheme was proposed.

The direct-sound driven compression scheme only applied fast-acting com-

pression on components of the stimulus dominated by the direct sound while

linearizing the processing via longer time constants for components dominated

by reverberation. Effectively this scheme preserves the energy ratio of the direct

sound to the reverberant sound. Both a classification method using a priori

knowledge of the binaural room impulse response and a blind classification

method by Hazrati et al. (2013) were used to determine the component that were

dominated by direct sound and those dominated by reverberation. It was shown

that the proposed direct-sound driven compression scheme could avoid spatial

distortion introduced via enhancement of reverberant energy by conventional
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compression while providing the listener with a compressed stimulus. It was

found that the direct-sound driven compression in a linked configuration where

the compression in the two ears were synchronized provided the listeners with

a spatial perception similar to that obtained with linear processing. Whereas,

the direct-sound driven compression in a independent configuration where

the compression in the two ear operated independently of each other created a

sense of movement of the sound between the two ears. This indicates that pre-

serving the ILDs by linking the left- and right-ear compression is still required

even though the direct-sound driven compression scheme is preserving the

energy ratio of the direct sound to the reverberant sound.

The work presented in chapter 4 has concentrated on the influence of the

direct sound driven compression on spatial perception. As Schwartz and Shinn-

Cunningham (2013) have demonstrated linked fast-acting compression im-

proves the ability of normal-hearing listeners to attend to a desired target with

spatially separated maskers in reverberant environment as compared to inde-

pendent compression. Therefore in future studies it would be interesting to

investigate if the proposed direct-sound driven compression scheme in a linked

configuration will improve speech intelligibility in the presence of a spatially

separated noise masker compared to the conventional linked compression.
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The end.



To be continued. . .



Externalization refers to the percept of an auditory object as appearing at the same

location and with the same apparent size as the actual acoustic source within the

surrounding space. This ability relies on the listener using two ears rather than

just a single ear. For listeners lacking this ability sounds sources are internal-

ized, i.e. perceived inside the listener’s head. Many hearing-aid users experience

sound sources to be internalized even with state-of-the-art hearing aids. This has

consequences for the hearing-impaired listener’s spatial abilities and most likely

contributes to difficulties when following a conversation in a noisy listening environ-

ment. In this thesis the influence of hearing-aid signal processing on the auditory

cues responsible for externalization is investigated. It is expected that the results

will stimulate and guide the development of new signal processing algorithms that

can provide hearing-aid users with normal externalization perception.
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