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Abstract: The Institute for Hearing Technology and Acoustics of RWTH Aachen University owns a number
of acoustically optimised laboratories and specialised hardware, allowing the conduction of various acoustic
measurements and perceptual experiments. Some of these laboratories have been improved and adapted,
others were conceptualised and implemented completely from scratch, to develop the results presented in the
dissertation “Spatial audio reproduction for hearing aid research: System design, evaluation and application” [1].
The key specifications of the laboratory infrastructure and hardware used are presented in this report, including
compact acoustic evaluations and descriptions of the reproduction environments, spatial audio reproduction
systems, and systems to measure generic and individual receiver directivities.
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1 Introduction
Motivated by the research question of how to make vir-
tual acoustic environments accessible to HA users, a
novel concept to address combined binaural sound field
perception via HAs and residual hearing is introduced
in Pausch [1]. While aided reproduction relies on two
prototypes of research HAs, loudspeaker-based binau-
ral reproduction is used to simulate the external sound
field, requiring acoustically optimised reproduction en-
vironments.

This report contains compact descriptions of such
acoustically non-ideal and ideal environments. The
structures of a commercial and a custom-made hear-
ing booth, and key specifications of a virtual reality
(VR) laboratory are presented and evaluated in terms
of reverberation times (RTs), clarity values and ambient
noise levels (ANLs). Within the scope of the acoustic
optimisation of the VR laboratory, details on the design
and evaluation of the installed absorbers and their effect
on RTs are presented. The first part ends with descrip-
tions and possible application scenarios of an anechoic
and a hemi-anechoic chamber.

In the second part, various hardware and software
components for spatial measurements and audio re-
production with user interaction are described, includ-
ing an optical motion tracking system, artificial heads,

headphones with perceptually motivated equalisation
(EQ) filters, and the aforementioned research HAs. The
individual magnitude transfer functions of the HA mi-
crophones, measured in free-field conditions, are eval-
uated for a subset of spatial directions. The electro-
acoustic analysis extends to sound pressure level (SPL)
transfer functions of the HA receivers when attached to
an ear simulator using different ear pieces, and include
the respective passive damping properties when block-
ing the ear canal during combined perception. Subse-
quently, three variants of loudspeaker arrays with in-
creasing complexity, installed in the hearing booths,
the VR laboratory, and the anechoic chamber, are pre-
sented and evaluated based on various acoustic mea-
surements. The last sections of the report focus on two
flexible types of measurement systems for the acqui-
sition of generic and individual receiver directivities,
ending with conclusions.

2 Reproduction environments

2.1 Commercial hearing booth

A commercially available hearing booth (A:BOX, hear-
ing test booth, Desone Modulare Akustik, Berlin, Ger-
many) with the dimensions 2.3m × 2.3m × 1.98m
(length×width×height) and a room volume of ap-
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proximately 10.5m3 was installed at the institute [2,
Fig. 4.1]. A floor carpet, fine-pore acoustic foam sur-
face absorbers at the ceiling, six 100mm × 50mm ×
50mm (height×width×depth) broadband absorbers
with fabric covers and a decoupled room-in-room con-
struction enable to fulfil the specifications of audiom-
etry standards [3–5], also rendering this experimental
environment optimal for headphone-based listening ex-
periments [2, 6, 7].

2.1.1 Room acoustics

Loudspeaker-based binaural audio reproduction is sen-
sitive to detrimental reflections [8, 9], thus requiring re-
production environments with optimised room acous-
tics, typically correlating with low RTs T30 and high
speech clarity C50. To enable complementary analysis
in experiments using such reproduction methods, room
acoustic measurements were performed in the commer-
cial hearing booth at 22.5 ◦C air temperature and a
relative humidity of 37% by reference to ISO 3382-2
[10]. Due to the extensive lining with absorbers, the
sound field in the room cannot be classified as diffuse,
so that the measurement results have to be interpreted
correspondingly.

For the impulse response (IR) measurements, the
exponential sweeps with a length of 216 samples were
generated at a sampling rate of 48 kHz in MAT-
LAB� [11] and digital-to-analog (D/A)-converted
(RME Fireface UC, Audio AG, Haimhausen, Ger-
many). Following the crossover specifications of the om-
nidirectional loudspeaker [12], the measurement signal
was band-pass filtered and energetically band-matched
using a digital loudspeaker controller (HD2, Four Au-
dio, Herzogenrath, Germany), and conditioned for play-
back by a custom-made class B power amplifier. I used a
1/2′′ random incidence microphone (Type 4134, Brüel &
Kjær, Nærum, Denmark) with preamplifier (Type 2669,
Brüel & Kjær, Nærum, Denmark) in combination with
a charge amplifier (Type 2690-A, Nexus, Brüel & Kjær,
Nærum, Denmark) and the same audio interface (RME
Fireface UC, Audio AG, Haimhausen, Germany) to
capture the sweep responses.

Although particular care was paid to optimise the
two source and six receiver positions (precision level)
at a height of 1.2m above the floor, the standard re-
quirements for the minimum distance to walls could
not be met under the given space restrictions. The re-
sults for T30 and C50, arithmetically averaged across
source-receiver combinations per frequency band, are
shown in Figures 1a and 1b. The mean mid-frequency
RT [10] amounted to T30,mid = 0.12 s, with T30 values
ranging from 0.12 s to 0.43 s, which entails a Schroeder
frequency of about 282Hz [13]. Clarity index val-
ues for speech ranged from 7dB to 29 dB with an
intelligibility-weighted and summed composite value
C ′

50 of about 22 dB, favouring excellent speech intel-
ligibility [14].

2.1.2 Ambient noise levels

To further investigate to which extent normative spec-
ifications as per audiometry standards [3–5] are ful-
filled by this experimental environment, ANL measure-
ments were conducted at 21.8 ◦C air temperature and
a relative humidity of 51% with the four loudspeak-
ers switched on, see Section 3.5 and Table 1. I used
a 1/2′′ free-field low-noise microphone system (40HL,
G.R.A.S. Sound & Vibration A/S, Holte, Denmark)
together with a measuring amplifier (Type 2690-A,
Nexus, Brüel & Kjær, Nærum, Denmark) and an audio
interface (RME Madiface XT, Audio AG, Haimhausen,
Germany). Placing the microphone at five random po-
sitions at a height of 1.2m in the hearing booth, ANLs
were measured for 12 s each. The measurements were
evaluated for maximum time-weighted SPLs, LZ,S,max,
and equivalent continuous SPLs, LZ,eq, reporting re-
sults energetically averaged across measurement cycles
per frequency band. Figure 1c compares the obtained
ANLs to the MPANLs for pure-tone air-conduction and
bone-conduction audiometry according to ISO 8253-1
[3]. With values ranging from 0.1 dB to 35 dB, an over-
all ANL of 38 dB was measured. While the results per
third-octave band consistently lied below the curve for
MPANLs corrected for the use of normative circum-
aural headphones, the MPANLs for audiometries using
a bone-conduction transducer were slightly exceeded in
the third-octave bands with centre frequencies of 155Hz
and 4 kHz by 0.9 dB and less than 0.5 dB, respectively.
Bearing measurement uncertainties in mind, the ex-
perimental environment almost completely satisfies the
specifications for audiometry applications in terms of
ANLs, even with the installed loudspeakers switched
on.

2.2 Custom-made hearing booth

To reduce the organisational effort for supervisors and
participants of listening experiments, a low cost hear-
ing booth that can be transported to and installed at a
test location closer to the participants was designed in
SketchUp (Timble Inc., Sunnyvale, California, United
States) and constructed by the staff of the mechanical
workshop of the institute. This approach facilitates a
more efficient conduction of experiments involving par-
ticipants who are either young and need additional re-
sources for transport and supervision during waiting
hours, or elderly with mobility issues, preventing to
travel long distances. An alternative mobile laboratory
(MobiLab) with integrated hearing booth is presented
by Pausch and Fels [15].

2.2.1 Design and construction

In total, the construction of the custom-made hearing
booth had outer dimensions of 2.6m × 2.6m × 2.3m
(length×width×height) and consisted of eight wall el-
ements. Each wall element was assembled as a frame
built from 19mm thick wood, with outer dimensions be-
tween 2.14m×1.24m×0.24m (height×width× depth)
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(a) Reverberation times. (b) Clarity index values for speech.

(c) Ambient noise levels.

Figure 1: (a), (b) Room acoustic parameters in the commercial and custom-made hearing booths, measured and evaluated
in octave bands according to ISO 3382-2 [10], and (c) comparison of ANLs in the commercial hearing booth with maximum
permissible ambient noise levels (MPANLs) for air-conduction and bone-conduction pure-tone audiometries according to ISO
8253-1 [3].

Figure 2: Construction sketch showing the individ-
ual types of elements of the custom-made hearing
booth, installed in an example room.

and 2.14m× 1.36m× 0.24m (height×width×depth).
The four ceiling elements each measured 1.3m×1.3m×
0.24m (height×width×depth), see Figure 2. When
disassembled and stacked, the elements can be trans-
ported as a package with estimated outer dimensions
of 2.4m×2.65m×1.5m (height×width× depth). I de-
signed the wall elements in such a way that they could
be inserted into one another with the other elements

to create a room with internal dimensions of about
2.1m× 2.1m× 2m (length×width× height), resulting
in a room volume of approximately 9m3. On the outer
shell, these elements were closed with 6mm white ply-
wood panels. The interspaces towards the inner space
were filled with glass wool (Saint-Gobain ISOVER,
Ludwigshafen, Germany) and closed with 3mm perfo-
rated press clamping plates. On the inside, the plates
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were covered with 5mm polyether foam elements and
white cloths, see Figure 10. The floor was lined with a
carpet. For visual supervision, one of the wall elements
holds a 0.7m × 0.8m (width×height) double-glazed
perspex window, with a pane thickness of 5mm each
and the inner pane reinforced with glued bridges. To
deflect reflections to the ceiling, the inner window was
tilted upwards, and the edges of the window interspace
were filled with polyether foam elements. Another wall
element holds a 0.61m× 1.98m (width×height) door,
which can be firmly closed from the outside and inside
with two brackets, and is also covered with 140–150mm
thick polyether foam elements on the inside, containing
a 0.28m × 0.41m (width× height) window. An indus-
trial fan (Vortice S.p.A., Milan, Italy) enables to pro-
vide fresh air via a dedicated hole before the start of
the experiment or during intermediate breaks. Power
and signal cables permanently in use for the technical
equipment inside the booth were discreetly routed via
plastic pipes and white cable ducts. Additional plastic
pipes, which can be filled with foam when not needed,
were integrated to insert necessary cables for measure-
ment purposes and increased practicability [16, 17].

2.2.2 Room acoustics

The same equipment as for the room acoustic measure-
ments described in Section 2.1, except for a different mi-
crophone capsule (40AF, G.R.A.S. Sound & Vibration
A/S, Holte, Denmark), was utilised. During the conduc-
tion, I measured an air temperature of 18.5 ◦C and a rel-
ative humidity of 30% inside the booth. The excitation
signal had a length of 217 samples and was generated
at a sampling rate of 44.1 kHz. The room acoustic mea-
surements were performed and evaluated aiming at con-
formity with ISO 3382-2 [10] by optimising the place-
ment of the source and the receivers, applying noise de-
tection and compensation [18]. Meeting standard mea-
surement precision level, the two and three source and
receiver positions were measured, respectively, with two
averages per combination. Subject to the spatial re-
strictions and similar sound field characteristics as in
the commercial hearing booth, see Section 2.1, all room
acoustical results described below should be interpreted
equally cautious. The results for T30 and C50, both
arithmetically averaged across source-receiver combi-
nations per frequency band, are shown in Figures 1a
and 1b, respectively. The full-surface lining with ab-
sorbing material resulted in consistently lower RTs
compared to the ones measured in the commercial
hearing booth, amounting to values between less than
0.1 s and 0.2 s and a mean mid-frequency RT of less
than 0.1 s. Consequently, the speech clarity values were
also substantially higher and ranged from 30 dB to
71 dB, resulting in an excellent intelligibility-weighted
and summed composite value C ′

50 of about 58 dB [14].

2.3 Virtual reality laboratory

While anechoic rooms represent highly optimised acous-
tic laboratories, a non-ideal reproduction environment
was considered as a more commonly available option.
The VR laboratory of the institute, see Figure 12b
and [19, Fig. 4], with room dimensions of about 8m×
5.3m×2.8m (length×width× height) and a room vol-
ume of approximately 119m3, has a carpeted floor. The
acoustically optimised ceiling consists of 0.6m×0.6m×
0.02m (height×width×depth) mineral wool absorber
panels (Akustic SSP 2, Saint-Gobain ISOVER, Lud-
wigshafen, Germany) is suspended by 0.15m and cov-
ers an area of about 26.8m2. One of the long side walls
is equipped with six window doors, amounting to a
glass area of about 11m2. All walls are curtained by
molleton fabrics (500 g/m2, WOOLSERGE 500, Ger-
riets GmbH, Umkirch, Germany). The room has two
areas, the first of which is equipped with two work
places (two tables and cushioned desk chairs) with
computer monitors and racks holding the audio hard-
ware. To avoid additional background noise, the com-
puters are placed in the neighboring room and ac-
cessed remotely. The second area provides space for
spatial audio reproduction, approximately spanning a
floor area of about 5.57m × 5.3m (length×width). A
0.38m× 0.36m× 0.44m (length×width× height) pro-
jector box (outer dimensions) is installed at the ceiling
centre of the reproduction area, used for audio-video
experiments and multi-modal demonstrations of virtual
environments. For the measurements described in this
thesis, one part of the curtain was placed in a way to
separate the two room areas, while the three other walls
in the reproduction area also remained covered with
fabric.

2.3.1 Acoustic optimisation measures

To approach the requirements of ITU-R BS.1116-3 [20]
in terms of RTs, I designed four plate and Helmholtz
resonators [21, 22], see Figure 3, aiming to reduce the
RTs below 200Hz. Implemented as cuboid boxes with
volumes of 247 ℓ and 86.5 ℓ, the plate resonators relied
on a multi-layer design, consisting of 4mm (2.6 kg/m2

mass) and 6mm (3.9 kg/m2 mass) medium density fibre
front plates which were inserted into custom-fit grooves.
Behind the plates, air gaps of 10mm and 80mm, and
60mm and 120mm thick stone wool absorber elements
(≥40 kPa s/m2 flow resistivity, SP 120, Saint-Gobain
ISOVER, Ludwigshafen, Germany), respectively, filled
the remaining space. This parametrisation led to the-
oretical resonance frequencies and according damping
coefficients of about 66Hz and 123Hz and 1.56 and
1.61, respectively. The Helmholtz resonators were de-
signed as three-sided air-filled prisms with volumes of
100 ℓ and 50 ℓ. Wood panel thicknesses of 25mm and
36 holes of 7.5mm and 11mm diameter with a spacing
of 100mm resulted in resonance frequencies of about
64Hz and 124Hz, respectively.
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Figure 3: Top and
front views of the plate
resonators (left) and
Helmholtz resonators
(centre and right), in-
stalled in the corners of
the VR laboratory. All
dimensions are specified
in mm.
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The acoustic design verification measurements were
performed in the reverberation chamber of the insti-
tute [23] according to ISO 354:2003 [24] at 19.5 ◦C air
temperature and a relative humidity of 65%. Pairs of
the same resonator types were placed in two oppo-
site room corners to measure their effects by compar-
ing the resulting RTs. IRs were measured via expo-
nential sweeps with a length of 220 samples and com-
pared to the ones obtained in the empty reverberation
chamber. Figure 4 shows the determined equivalent ab-
sorption coefficients αS and the equivalent absorption
area AT in third-octave bands with centre frequencies
between 63Hz and 5 kHz per resonance absorber, meet-
ing the design specifications. While the two Helmholtz
resonators only show distinct absorption peaks at their
designed resonant frequencies, the plate resonators ad-
ditionally develop a second peak at the second harmonic
and thus support their respective absorber counterpart.
In the VR laboratory, the two 66-Hz plate resonators
were placed to fill the window cut-outs next to the room
corners with the two 123-Hz plate resonators on their
tops for maximum effect. Similarly, the four Helmholtz
resonators were placed in the two opposite room cor-
ners.

2.3.2 Room acoustics

For profiling purposes, room acoustic measurements
were conducted as per ISO 3382-2 [10] for two source
and five receiver positions (engineering measurement
level) and three repetitions each, at 22.2 ◦C air tem-
perature and a relative humidity of 52%. The same
equipment in the output hardware measurement chain
was applied as for the room acoustic measurements
in the hearing booths, except for the interface (RME
Madiface USB, Audio AG, Haimhausen, Germany)

(a) Equivalent absorption coefficient.

(b) Equivalent absorption area.

Figure 4: Acoustic characterisation of the resonance absorbers
installed in the VR laboratory in third-octave bands per pair
of the same resonant absorber type according to ISO 354:2003
[24]. The legend entries apply to both subfigures.

and the D/A converter (A-16 MK II, Ferrofish, Linz
am Rhein, Germany). The IRs were captured by a
set of six microphones (KE 4, Sennheiser, Wedemark,
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(a) Reverberation times before and after the optimisation mea-
sures.

(b) Clarity indices for speech and music after the optimisation
measures.

(c) Comparison of reverberation times after the optimisation
measures with the tolerance range recommended by ITU-T
P.57 [25].

(d) Comparison of ambient noise levels with maximum per-
missible noise rating curves as per ISO/R 1996:1971 [26] and
ITU-R BS.1116-3 [20].

Figure 5: (a), (b) Room acoustic parameters in the VR laboratory, measured and evaluated in octave bands according to ISO
3382-2 [10], with comparison to nominal (c) RTs and (d) ANLs as recommended by ITU-R BS.1116-3 [20]. The measurements
were carried out in the spatial audio reproduction area, with the room walls covered with molleton fabric and a curtain separating
the area from the second part of the room.

Germany) at a height of 1.2m, pre-amplified (Ultra-
gain Digital ADA8200, Behringer/Music Tribe Global
Brands, Metro Manila, Philippines) and analog-to-
digital (A/D)-converted (A-16 MKII, Ferrofish, Linz
am Rhein, Germany; RME Madiface USB, Audio AG,
Haimhausen, Germany).

All room acoustic parameters presented in Figure 5
were calculated per source-receiver combination [11,
27], applying noise detection and compensation [18],
and subsequently arithmetically averaged across com-
binations per frequency band. The optimisation mea-
sures effectively decreased the RT in the lowest evalu-
ated octave band by about 0.4 s. Although an accumula-
tion of room modes can be calculated in this frequency
range with the given room dimensions, only marginal
improvements of about 0.05 s were observed for the 125-
Hz band, see Figure 5a. After optimisation, a mean mid-
frequency RT of T30,mid = 0.15 s (range: 0.11 s–0.81 s)
was measured, resulting in a Schroeder frequency of
about 72Hz [13]. A comparison of average RTs with
the tolerance region specified by ITU-R BS.1116-3 [20]
using the dimensions of the empty room, see Figure 5c,

showed that the low-frequency RTs are still too high
and require insertion of further absorber units tuned
to the room modes emerging in the corresponding fre-
quency range. On the other hand, the octave bands
with centre frequencies between 250Hz–4 kHz seem to
be over-optimised, resulting in too low RTs, which, how-
ever, can likely be corrected by partially replacing the
ceiling panels with less absorbent ones. The results re-
garding the clarity for speech and music, C50 and C80,
ranged from 3dB to 36 dB and 8 dB to 51 dB for speech
and music, respectively. Both types of indices predict
excellent clarity, given an intelligibility-weighted and
summed composite value C ′

50 of about 27 dB for speech,
and an averaged composite value C ′

80 of 39 dB for mu-
sic [14].

2.3.3 Ambient noise levels

The same equipment and procedure was used and ap-
plied, respectively, as for the ANL measurements in the
commercial hearing booth, see Section 2.1. All measure-
ments were conducted at 22.1 ◦C air temperature and
a relative humidity of 51%. Figure 5d compares the
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measured ANLs to the noise rating curves [26], recom-
mended as maximum noise floor by ITU-R BS.1116-3
[20]. While LZ,S,max and LZ,eq exceeded the NR10 curve
in octave bands with centre frequencies above 250Hz
and 1 kHz, respectively, there was no exceedance of the
NR15 curve. With ANLs between 4 dB to 36 dB and
4 dB to 34 dB for LZ,S,max and LZ,eq, respectively, over-
all ANLs of 38 dB and 36 dB were measured.

2.4 Hemi-anechoic chamber

The hemi-anechoic chamber of the institute was built
into a cuboid exterior room with the dimensions
12.6m×7.57m×5.3m (length×width×height) and a
room volume of approximately 506m3. With almost
frequency-independent average absorption coefficients
smaller than 0.02 [28], the floor tiles can be considered
acoustically rigid. All remaining interior room surfaces
were covered with absorbent 0.8m long wedges, which
determine a lower frequency limit of about 100Hz [29],
representing a half-space free field. The acoustic pro-
visions reduced the effective room dimensions to 11m
×5.97m×4.5m (length×width×height).

This room type allows the conduction of various
acoustic measurements, ranging from the characterisa-
tion of electroacoustic transducers [30], over the mea-
surements of individual receiver characteristics [31–33],
evaluation of acoustic reference scenes [28] and trans-
fer path measurements for automotive applications [34,
35], to the determination of sound power levels of noise
sources [36], which can be indirectly exploited for the
calculation of sound insulation properties [15].

2.5 Anechoic chamber

The anechoic chamber of the institute was also inte-
grated into a cuboid exterior room with the dimensions
9.2m× 6.2m× 5m (length×width× height), resulting
in a room volume of about 285m3. All room surfaces
were covered with 0.7m long glass fibre wedges, entail-
ing a lower frequency limit of approximately 200Hz [29].
Due to the length of the wedges, the ceiling construc-
tion and a steal wire mesh, installed about 0.2m above
the floor wedges, the effectively usable room dimensions
decreased to 7.8m × 4.9m × 2.8m (length×width×
height). Due to the full-surface coverage with absorber
elements, the room represents a free-field environment.

Anechoic chambers can be used for similar applica-
tions as listed in Section 2.4, although the floor wedges
and the steal wire mesh require the installation of
additional support platforms to perform some of the
aforementioned measurements and perceptual investi-
gations [37]. Compared to the hemi-anechoic counter-
part, one of the main advantages of an anechoic cham-
ber that is almost empty except for the device under
test and necessary measurement equipment is that full
absorbent coverage basically eliminates the need to re-
move unwanted reflections in measured IRs, thus al-
lowing to preserve spectral information down to the
lower frequency limit of the room. Apart from measure-

ment applications, typically excellent shielding prop-
erties against exterior noise and stable environmental
conditions further classify anechoic chambers as ideal
reproduction environments for critical perceptual ex-
periments [see, e.g. 38–40].

3 Hardware

3.1 Motion tracking systems

Electromagnetic and optical motion tracking systems
can be applied to track the listener’s head pose for au-
ralisation updates in real-time [7, 41] and complemen-
tary movement analysis [2, 32].

The previous implementation of a spherical-cap
loudspeaker array [42] in the anechoic chamber, see
Section 2.5, was supplemented with an electromag-
netic motion tracking system (PATRIOT�, Polhemus,
Colchester, VT, USA) As per manufacturer specifica-
tions, this tracking system has a native frame rate of
60Hz and a system latency of 18.5ms. The system ex-
hibits a static accuracy of 1.52mm and 0.4 deg root
mean square for three-dimensional sensor position and
orientation data, respectively [43].

All experimental environments presented in Sec-
tion 2 were equipped with optical outside-in mo-
tion tracking systems (NaturalPoint, Inc. DBA Opti-
Track, Corvallis, OR, USA), featuring four (all hearing
booths, the hemi-anechoic and the anechoic chambers)
or six (VR laboratory) cameras (Flex 13, NaturalPoint,
Inc. DBA OptiTrack, Corvallis, OR, USA). These cam-
eras emit unobtrusive infrared light to capture a set of
reflective markers mounted on the listener’s head within
the tracked volume. The data stream is transmitted via
a tracking hub (OptiHub 2, NaturalPoint, Inc. DBA
OptiTrack, Corvallis, OR, USA). Equipped with im-
age sensors with a resolution of 1280 pixels×1024 pixels
(1.3MP, 56◦×46◦ field of view), tracking objects up to
9m away can be resolved in six degrees-of-freedom at
a three-dimensional accuracy of ±0.2mm. The system
can be operated at a maximum frame rate of 120Hz
and exhibits a specified latency of 8.3ms [44]. Prior
to all experiments described in this thesis, the systems
were calibrated to obtain highest possible tracking ac-
curacy (calibration level “Exceptional”) and negligible
mean three-dimensional and two-dimensional reprojec-
tion and triangulation errors.

I implemented specific MATLAB� routines [11] to
communicate with MOTIVE (NaturalPoint, Inc. DBA
OptiTrack, Corvallis, OR, USA) using the NatNet
software development kit (NaturalPoint, Inc. DBA
OptiTrack, Corvallis, OR, USA). These routines can
be used, for example, for synchronised data logging,
single-shot measurements, and individually translating
a head-mounted rigid body to the centre of the listener’s
interaural axis with the help of particularly designed
custom-made tracking hardware, as done for various
experiments and measurements [7, 37, 41, 45] and also
applied by Viveros Munoz [2] and Richter [32]. AMAT-
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LAB� interface to the real-time auralisation framework
Virtual Acoustics [46], allowing synchronised event
management, was developed by Stienen [47].

3.2 Artificial heads

Artificial heads represent a valuable tool to perform di-
rectional measurements that take into account the aver-
age anthropometric characteristics of adults or children,
altering the perception of a spatialised sound source [39,
48–50].

In the scope of this thesis, I used two different adult
artificial heads. The first one was designed and pro-
duced at the institute and features a simple torso but
detailed ear geometry [51, 52], see [37, Fig. 1]. It is
equipped with two microphones at the ear canal en-
trances (MK 2H, Schoeps GmbH, Karlsruhe, Germany)
and microphone preamplifiers (CMC 6, Schoeps GmbH,
Karlsruhe, Germany). This type of artificial head en-
ables to measure generic HRTFs [39] or the direc-
tional transfer functions from an attached pair of re-
search HAs [41, 53–55], see Section 3.4. It can also be
used for HRTF individualisation [16, 56], or as a refer-
ence for evaluation purposes [23, 32, 57].

The second artificial head (HMS III, HEAD acous-
tics, Herzogenrath, Germany) is commercially avail-
able. The right ear has a detailed ear geometry and is
additionally supplied with an ear simulator conforming
to ITU-T P.57 [25], see Figure 13. Such artificial heads
allow to account for adult ear canal characteristics to
evaluate attached devices or the perception of external
sound fields evaluated at artificial ear drum level [7, 41,
58].

3.3 Headphones

For experiments involving binaural reproduction via
headphones, two different sets of dynamic circum-
aural open-back headphones (HD 600 and HD 650,
Sennheiser, Wedemark, Germany) were used. Both de-
vices cover frequency ranges exceeding the upper and
lower limits of human hearing as per manufacturer spec-
ifications. Schlieper et al. [59] reported an occlusion in-
dex of 0.92 dB for type HD 650 headphones, indicating
that the acoustic impedance is close to the open-ear
acoustic impedance measured from an artficial ear (Ke-
mar KB0066, G.R.A.S. Sound & Vibration A/S, Holte,
Denmark).

For increased plausibility of headphone reproduc-
tion, the influence of the headphone transducer char-
acteristics need to be compensated for on the basis
of individual measurements. For this purpose, Masiero
and Fels [60] proposed a routine to obtain perceptu-
ally robust headphone EQ filters. As an example, Fig-
ure 6 presents individual headphone transfer functions
of type HD 650 headphones, measured from one indi-
vidual at the blocked meatus after repositioning the
headphones eight times. Additionally, the upper mag-
nitude variance, µ + 2σ, of the magnitude spectra and
the resulting headphone EQ filter are shown. The expo-
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Figure 6: Example intra-individual magnitudes of headphone
transfer functions with upper variance, all shifted by −20 dB
for increased readability, and resulting headphone EQ filter with
low-frequency extrapolation and spectral smoothing using fil-
ters with a constant relative bandwidth of 1/6-octave.

nential sweeps used for the measurement had a length
of 216 samples at a sampling rate of 44.1 kHz and were
reproduced using the setup described in [37]. To avoid
sharp peaks in the headphone EQ, owing to narrow-
band notches in the headphone transfer functions, spec-
tral smoothing of the upper magnitude variance with a
constant relative bandwidth of 1/6-th octave was ap-
plied before performing a regularised inversion between
200Hz and 18 kHz [61]. The filter was implemented as
minimum-phase filter with extrapolation of frequencies
below 200Hz towards the magnitude value measured
at 200Hz. In the last step, the filter magnitudes were
normalised to the RMS of the magnitude values below
4 kHz [60], exhibiting a largely flat curve progression in
this frequency range. At higher frequencies, the narrow-
band pinna-related notches are translated to less sharp
EQ filter equivalents.

3.4 Research hearing aids

The custom-made pair of behind-the-ear receiver-in-the
canal HAs (GN ReSound, Ballerup, Denmark), used
for the experiments in [1], do not feature a digital
signal processor but grant access to the raw micro-
phone and HA receiver signals for transparent mea-
surement and reproduction usage. Per device, two om-
nidirectional microelectro-mechanical systems micro-
phones (Knowles, Itasca, Illinois, United States) were
installed at a distance of 6.2mm apart and approx-
imately 1.6mm below the housing surface, see Fig-
ure 7. Two normal-power miniature magnetic receivers
(REC TUBE, NP REC, GN ReSound, Ballerup, Den-
mark) were used for playback, with a specified fitting
range up to 90 dB hearing threshold for frequencies be-
tween 250Hz and 1.5 kHz, and 100 dB for frequencies
above, as per manufacturer specifications. For signal
transmission under minimal restriction of user move-
ments in listening experiments, the devices were con-
nected via slim connection cables with a diameter of
1.4mm (Hi-Pro cable, Sonion, Roskilde, Denmark).
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(a) Technical drawing detail with the locations of the front
and rear HA microphones in blue. (Original drawing published
with kind permission of GN ReSound. Drawing taken from [33],
licensed under CC BY-SA 4.0, and adapted.)

(b) Photo showing the plugs for the connection cables (left
side), with open dome attached to the HA receiver. (Taken
from [17], licensed under CC BY 4.0, and adapted.)

Figure 7: Prototype of a behind-the-ear receiver-in-the
canal HA.

3.4.1 Passive damping of open-fit ear pieces

The passive damping properties of the used silicone
ear pieces need to be specified for a better under-
standing of the individual path contributions in com-
bined reproduction methods with external sound field,
see [1, Fig. 2.8]. For this purpose, I attached the open-
dome ear piece to the HA receiver and plugged it into
the right ear of the artificial head with simulator, see
Section 3.2. The artificial head was mounted on the
turntable as part of the measurement system in the
hemi-anechoic chamber, see Section 3.8. Subsequently,
the directional transfer functions between the measure-
ment loudspeaker and the right artificial ear (Type
2610, Brüel & Kjær, Nærum, Denmark; RME Ham-
merfall DSP Multiface II, Audio AG, Haimhausen, Ger-
many) with blocked ear canal (open dome, tulip dome
ear pieces) were measured. The IR measurements were
based on exponentially swept sines of 215 samples length
and covered directions in the horizontal and median
planes, at azimuth and zenith angles of φ ∈ [0◦, 355◦]
and θ ∈ [0◦, 120◦], respectively, in steps of 5 deg. All
measurements were performed at 22.5 ◦C and 42% rel-
ative humidity. The resulting head-related IRs were

(a) Open dome.

(b) Tulip dome.

(c) Spectral difference between open and tulip domes.

Figure 8: Mean passive damping properties of the used open
and tulip domes with standard deviations. The results cover
directions in the horizontal plane, φ ∈ [0◦, 355◦], and the me-
dian plane, θ ∈ [0◦, 120◦], measured in steps of 5 deg each.

time-windowed (Hann window, 2ms fade in after 0ms,
2ms fade out after 10ms) and cropped after 40ms.
Corresponding reference measurements were conducted
with unblocked artificial ear canal for the same set of
directions and identical post-processing. To obtain the
relative spectral attenuation, the complex-valued spec-
tra of the first and second measurements were subse-
quently divided.

Figure 8 displays the mean results per ear piece
with standard deviations and the deviation across ear
pieces. The influence of the open dome ear piece be-
comes gradually apparent for frequencies above about
500Hz, resulting in a slight increase up to approxi-
mately 3 dB at 1.7 kHz caused by resonances in the
blocked ear canal, before decreasing by −10 dB/octave
to −10 dB. Attenuation decreases to about −4 dB, fluc-
tuates again around the second ear canal resonance and

https://creativecommons.org/licenses/by-sa/4.0/deed.en
https://creativecommons.org/licenses/by/4.0
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remains roughly constant at −8.5 dB between 11.5 kHz
and 15.5 kHz with decreased damping for frequencies
above. In general, the direction-dependent variation in-
creases with increasing frequency.

In contrast, the tulip dome ear piece exhibits higher
passive damping, particularly towards higher frequen-
cies. For frequencies below 1 kHz, the decreased sound
leakage allows an increased pressure chamber effect [62],
which results in increased magnitude values, peak-
ing at 2.9 dB around 680Hz. For frequencies above
1.3 kHz, the damping becomes maximal and drops by
−17 dB/octave to a maximum attenuation of −16 dB at
3.2 kHz. Similar to the open dome ear piece, the damp-
ing decreases towards the second ear canal resonance
to −11 dB, strongly fluctuates due to additional reso-
nances between 10 kHz and 15 kHz, and increases again
to about −13 dB with large fluctuations.

Regarding the difference between tulip-dome and
open-dome ear piece, cf. Figure 8, differences of 2 dB
and−13 dB below 1 kHz and below 10 kHz, respectively,
can be observed. Also at very high frequencies above
about 15 kHz, the tulip dome shows much more effec-
tive damping. Collectively, the results predict more pro-
nounced occlusion and ampclusion effects [63] and sub-
stantially higher damping of the external sound field
when using the tulip dome ear piece.

3.4.2 Free-field hearing aid microphone
characteristics

To selectively analyse the direction-dependent free-field
HA microphone transfer functions for directions of in-
cidence in the horizontal plane at a spatial resolution
of 1 deg, the research HAs were mounted on a stand in
the centre of the measurement sphere of the measure-
ment arm, see Section 3.8. For the IR measurements,
exponentially swept sines with a length of 215 samples
at 44.1 kHz sampling rate were generated in a frequency
range between 20Hz and 20 kHz [11]. The research HA
microphone signals were amplified and A/D-converted
(RME Octamic XTC, Madiface XT, Audio AG, Haim-
hausen, Germany). For the conditioning of the loud-
speaker signal, I used a custom-made measurement
front-end and power amplifier (ITADDA16, Institute
of Technical Acoustics, RWTH Aachen, Germany) [64,
Fig. 1], the output signal of which was fed to the mea-
surement loudspeaker. To remove the influence of the
measurement loudspeaker, reference IR measurements
were performed using a free-field microphone (40 AF,
G.R.A.S. Sound & Vibration A/S, Holte, Denmark)
with microphone preamplifier (Type 2669, Brüel &
Kjær, Nærum, Denmark) and conditioning amplifier
(Type 2690-A, Nexus, Brüel & Kjær, Nærum, Den-
mark). Before conducting the spectral division with reg-
ularisation in a frequency range of 100Hz to 20 kHz [65],
all IRs were windowed in time domain (one-sided Hann
windows, 1ms fade-in after 0ms, 1ms fade-out after
9ms). The resulting median free-field transfer functions
with interquartile ranges of the research HA micro-

(a) Median free-field magnitude spectra with interquartile
ranges of the front and rear research HA microphone pairs,
evaluated for directions in the horizontal plane. Note that the
curves for the rear microphone pair was shifted by −20 dB for
increased readability.

(b) Median SPL transfer functions of the research HA re-
ceivers with interquartile ranges and different ear pieces at-
tached. (Figure taken from [41], licensed under CC BY 4.0,
and adapted.)

Figure 9: Acoustic characterisation of the research HA micro-
phones and receivers.

phones, grouped in front and rear microphone pairs, are
shown in Figure 9a. While the front microphone pair ex-
hibit a very similar frequency response with an approx-
imately constant offset of 1.5 dB below about 8 kHz, the
rear microphone pair show a more consistent behaviour
up to 6 kHz before stronger deviations occured for fre-
quencies above, including more pronounced direction-
dependent variations per device.

3.4.3 Hearing aid receiver characteristics

I measured the HA receiver transfer functions with
two typically used open-fit silicone ear pieces attached,
namely an open dome and a tulip dome. The research
HAs with different ear pieces were sequentially inserted
into the artificial head with ear simulator, see Sec-
tion 3.2. IR measurements were conducted in MAT-
LAB� [11] using exponentially swept sines in a fre-
quency range between 20Hz and 20 kHz with a length
of 218 samples at a sampling frequency of 44.1 kHz. The
calibrated hardware measurement chain consisted of an
audio interface (RME Fireface UC, Audio AG, Haim-
hausen, Germany) in combination with a charge ampli-
fier (Type 2690-A, Nexus, Brüel & Kjær, Nærum, Den-

https://creativecommons.org/licenses/by/4.0
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Table 1: Loudspeakers used for the spatial audio reproduction setups in the different experimental environments. The loudspeaker
numbers in the first column correspond to the sampling grid nodes of the 16-channel spherical-cap loudspeaker array in the
VR laboratory, see Figure 12a.

Experimental environment

Nr. Type
Commercial
hearing booth

Custom-
made
hearing
booth MobiLab

VR
laboratory

1 KH 120 AW × ×
2 O 110 ×
3 O 110 ×
4 O 110 ×
5 O 110 ×
6 O 110 D × ×
7 O 110 D ×
8 KH 120 AW × ×
9 KH 120 AW × ×
10 O 110 D ×
11 O 110 D × ×
12 KH 120 A × ×
13 KH 120 AW × ×
14 KH 120 A × ×
15 KH 120 A × ×
16 KH 120 A × ×

O 110 D ×
O 110 D ×

mark). To avoid excessive non-linearities, all measure-
ments were performed at an output voltage of−20 dBV.
Since some variation can be expected when inserting
the silicone ear pieces, the measurements were repeated
ten times, each time after re-inserting the respective ear
piece. The median measurement results with interquar-
tile ranges are plotted in Figure 9b. Typical energy
peaks around 3 kHz and 9 kHz, representing the first
and second resonance frequencies of the ear simulator,
respectively, can be observed. Both HA receivers ad-
ditionally show comparable SPL transfer functions per
device, independent from the ear piece used. Due to re-
duced leakage and a more pronounced pressure chamber
effect [62, 66], the tulip ear piece exhibit more energy
in the low frequency range.

3.5 4-channel loudspeaker arrays

The commercial hearing booth, see Section 2.1,
was equipped with four loudspeakers (O 110 D,
Klein+Hummel, Ostfildern/Kemnat, Germany),
cf. Table 1. The loudspeakers were installed at azimuth
angles of φ = {40◦, 140◦, 220◦, 320◦} and a distance
of approximately 1.2m, relative to the centre of
the listener’s interaural axis. A similar set of four
loudspeakers was mounted in the custom-made hearing
booth at azimuth angles of φ = {45◦, 135◦, 225◦, 315◦}
and a distance of about 1.1m, see Table 1 and Fig-
ure 10. The vertical rods and mounts allow adjustment
of the heights and yaw angles of the loudspeakers at
fixed azimuth angles. Additional tilt-able clamping
pieces can be used to adjust the pitch angles in a way

that the main axes intersect with the centre of the
listener’s interaural axis to meet a recommended instal-
lation at elevated positions for less pronounced notches
and azimuthal variations in the playback HRTFs using
acoustic crosstalk cancellation systems [67].

3.6 16-channel spherical-cap loudspeaker
array

Representing another option of an experimental envi-
ronment, a reproduction setup with commercially avail-
able hardware was implemented. The setup was tem-
porarily installed in the VR laboratory of the institute,
see Section 2.3, and consisted of NVR = 16 comparable
active 2-way loudspeakers with front bass-reflex ports,
see Table 1.

3.6.1 Loudspeaker transfer functions

To explore the effects of manufacturing tolerances and
differences in acoustic properties between the loud-
speaker models, installed in the different experimen-
tal environments, IR measurements were conducted in
the hemi-anechoic chamber, see Section 2.4. These mea-
surements were performed in two different sessions,
each time with the loudspeaker placed on the floor 2m
away from and with its main axis tilted towards the
measurement microphone (40 AF, G.R.A.S. Sound &
Vibration A/S, Holte, Denmark; Type 2669, Brüel &
Kjær, Nærum, Denmark), which was operated in com-
bination with a measuring amplifier (Type 2610 or
Type 2690-A, Nexus, Brüel & Kjær, Nærum, Denmark)
and an audio interface (RME Hammerfall DSP Multi-
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Figure 10: Custom-made hearing
booth. (Photo taken from [17],
licensed under CC BY 4.0, and
adapted.)

face II, Audio AG, Haimhausen, Germany). As exci-
tation signal, exponentially swept sines between 20Hz
and 20 kHz were generated in MATLAB�, exhibiting
a length of 218 samples at a sampling rate of 44.1 kHz.
The obtained IRs were time-windowed using two one-
sided Hann windows with a 3ms fade-in after 0ms and
a 15ms fade-out after 100ms. For ease of compari-
son, all magnitude transfer functions were normalised
to unity at 1 kHz, see Figure 11a. Due to the distinct
room modes around 54Hz and 75Hz, the magnitude
spectra below the lower frequency limit of 100Hz, see
Section 2.4, should be interpreted accordingly. Above
100Hz, the relative loudspeaker magnitude transfer
functions showed comparable curve progressions, fluc-
tuating around an average value of −1.7 dB with min-
imum and maximum values of −6.3 dB and 2.6 dB, re-
spectively. In view of the expected disproportionately
large influence of the room acoustics in the VR labora-
tory and the already very flat frequency responses, no
spectral EQ was applied.

3.6.2 Physical array implementation

The loudspeakers were subsequently arranged on an
equal-area sampling grid [68] of order NVR = 3 and
a nominal array radius of RVR = 1.7m, with re-
moved south pole, see Figures 12a and 12b. All loud-
speakers were positioned and oriented using two self-
levelling cross-line lasers (GLL 3-80, Bosch Profes-
sional, Gerlingen-Schillerhöhe, Germany) and an elec-
tronic spirit level. The optical tracking system, see
Section 3.1, was used to verify the loudspeaker posi-
tions. After calibrating the system with the wand (CW-
500, NaturalPoint, Inc. DBA OptiTrack, Corvallis, OR,
USA), the horizontal centre of the array, marked on
the floor, was defined as the origin of the global co-
ordinate system utilising the calibration square (CS-
100, NaturalPoint, Inc. DBA OptiTrack, Corvallis, OR,
USA). Subsequently, this centre was vertically trans-
lated to match the nominal array centre at a height
of 1.35m. I used a 70 cm long carbon fibre rod with
an attached tetrahedral rigid body, consisting of four
reflective markers, to measure the actual loudspeaker
positions. After translating the pivot point of the rigid

body to the tip of the rod, the actual loudspeaker posi-
tions, defined by the nominal centre of each loudspeaker
between the low-/mid-frequency driver and the tweeter
coinciding with the vertical loudspeaker axis, were mea-
sured through single-shot measurements [11]. The re-
sults of these measurements are shown in Figure 12a.
Figure 12c displays the corresponding deviations from
the ideal directions, divided into azimuth, zenith and
overall angular error components, εR, εφ, εθ and εγ ,
respectively.

The results regarding the radial error component
were obtained based on estimating the acoustic dis-
tance. For this purpose, I placed a measurement micro-
phone (Type 4190 and 2669, Brüel & Kjær, Nærum,
Denmark), operated with a microphone conditioning
amplifier (Type 2690-A, Nexus, Brüel & Kjær, Nærum,
Denmark) and an A/D converter (RME Octamic XTC
and Madiface XT, Audio AG, Haimhausen, Germany),
at the nominal array centre. The IR measurements
were conducted using exponential sweeps of length
217 samples. Figure 12c shows the actual radial er-
ror with respect to RVR without the north pole loud-
speaker, which was installed at a distance of 0.99m due
to spatial restrictions. After upsampling the IRs by a
factor of eight, the temporal start instances of the IRs
and the corresponding loudspeaker distances were esti-
mated and subtracted from the nominal start instances,
corresponding to the nominal array radius. The result-
ing time differences were subsequently used to shift the
measured IRs in time at their original sampling rate.
This resulted in average virtual radius deviations of ap-
proximately 0±2mm (µ±σ, range: −3mm to 3.5mm).
Note that the corresponding black error bars are not
shown in Figure 12c due to the small error magnitudes.

The reproduction levels were adjusted by calculat-
ing and matching the RMS energy of the measured
loudspeaker magnitude transfer functions to the one of
the frontal centre loudspeaker, that is, loudspeaker 11,
see Figure 12a. The spectral energy levels per individ-
ual loudspeaker were subsequently estimated by the
RMS energy per third-octave band and compared to
the mean RMS energy per third-octave band averaged
across all loudspeakers. Figure 11b shows the results

https://creativecommons.org/licenses/by/4.0
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(a) Ideal on-axis magnitude frequency responses based on mea-
surements conducted in the hemi-anechoic chamber. Results
are normalised to unity at 1 kHz. For increased readability, the
curves were shifted by 20 dB with respect to the previous one
and grouped per experimental environment.

(b) Comparison of the tolerance range for room response
curves, specified by ITU-R BS.1116-3 [20], with the RMS en-
ergy deviation per loudspeaker and third-octave band from the
mean RMS energy per third-octave band, averaged across all
loudspeakers included in the 16-channel loudspeaker array of
the VR laboratory, measured in situ at the nominal sweet spot.

Figure 11: Acoustic characterisation of the loudspeakers in-
stalled in the different experimental environments, see Table 1.

together with the tolerance range for room response
curves, specified in ITU-R BS.1116-3 [20]. Note that
I used exponentially swept sines instead of pink noise
as measurement signal and a modified level alignment
criterion. While deviations in third-octave bands with
centre frequencies above 400Hz are largely within the
recommended tolerance range, violations were mainly
observed in the frequency bands below, which can be
attributed to the placement of loudspeakers in the up-
per and lower rings very close to ceiling and floor, re-
spectively, as well as the combination of too high RTs,

see Figure 5a, and the influence of room modes. The
overruns and underruns ranged from 8dB to −15 dB,
respectively.

3.7 68-channel spherical-cap loudspeaker
array

A spherical-cap loudspeaker array with NAC = 68 loud-
speakers for spatial audio reproduction using various re-
production methods was installed in the anechoic cham-
ber, see Section 2.5. The array design and implementa-
tion are presented in depth by Pausch, Behler, and Fels
[37].

3.8 Measurement arm

Figure 13 shows a setup for measuring generic receiver
directivities of an example artificial head with ear sim-
ulator, see Section 3.2, in a step-wise measurement pro-
cedure. In this setup, installed in the hemi-anechoic
chamber, see Section 2.4, the artificial head is placed
on a remote-controlled turntable with stepping mo-
tor for an azimuthal rotation with a pre-defined step
size. A custom-made broadband loudspeaker with front
bass-reflex ports, equipped with a 2′′ driver (Omne-
sAudio BB2.01, Blue Planet Acoustic, Frankfurt, Ger-
many) and a frequency range of 200Hz–20 kHz [64], is
attached to a 3-point traverse that can be positioned
via another remote-controlled stepping motor to sam-
ple a line of longitude of the measurement sphere at a
pre-defined spatial resolution between zenith angles of
0◦ ≤ θ ≤ 120◦ and a radius of 1.86m. If directions be-
low the maximum zenith angle are also to be measured,
it is necessary to mount the artificial head upside down,
to subsequently merge the results from the upper and
lower hemispheres [41, 64]. This makes it possible to
obtain reference spatial transfer functions on arbitrary
spatial grids [11, 31, 32, 69].

3.9 Measurement arc

Also installed in the hemi-anechoic chamber, see Sec-
tion 2.4, and designed as a system to measure indi-
vidual receiver directivities [32], 64 1-inch full-range
loudspeakers (W1-2025SA, Tang Band, Taipei, Taiwan)
were built into identically designed closed 0.05 l arc
segments, resulting in an effective frequency range of
about 500Hz to 18 kHz. As shown in Figure 14, the
arc segments form an arc-shaped line array, represent-
ing a line of longitude of the measurement sphere, and
cover zenith angles of 1.25◦ ≤ θ ≤ 160◦, arranged in
increments of 2.52 deg. A measurement radius of 1.2m
allows to capture HRTF characteristics that are rele-
vant for auditory localisation in the distal region, that
is, beyond an egocentric distance of 1m [70]. Using a
remote-controlled stepping motor, the array can be ro-
tated around the vertical axis, ideally coinciding with
the longitudinal axis running through the centre of
the interaural axis, at a pre-defined speed for continu-
ous HRTF measurements [71, 72]. This concept allows
to measure directional transfer functions on an equian-
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(a) Ideal and actual sampling layouts, represented by grey and black dots, respectively, with loudspeaker channel numbers. The
solid and dashed horizontal lines in light grey show the loudspeaker rings and the horizontal plane at the listener’s nominal ear
height, respectively, with the black cross indicating the default viewing direction.

(b) Physical array implementation in the VR laboratory of the
institute. (Photo licensed under CC BY-SA 4.0.)

(c) Actual loudspeaker position errors. Histograms show the
radial error εR, without the north pole loudspeaker and delayed
loudspeaker signals (light grey), and azimuth, zenith and great
circle central angle errors, εφ, εθ and εγ , respectively. Values
in light grey and black correspond to µ and σ before and
after delaying the loudspeaker signals, respectively, the former
scenario also represented by the grey error bar, respectively.

Figure 12: 16-channel spherical-cap loudspeaker array.

gular spatial sampling with fixed and variable resolu-
tions in elevation and azimuth angles, respectively [50,
73]. For further details on the array, its implementation
and evaluation, the reader is referred to [32, 72, 74].

4 Conclusion
This report documented the experimental environ-
ments and hardware for spatial measurements and au-
dio reproduction used in the experiments presented

by Pausch [1], including measurement-based acous-
tic evaluations. It was shown how to construct a fi-
nancially favourable but acoustically effective hearing
booth whose room acoustic properties allow for suffi-
cient in-situ channel separation for loudspeaker-based
binaural reproduction [1, 31, 75]. The efforts under-
taken to optimise the room acoustics of the VR labora-
tory were not sufficient to meet the demands of ITU-R
BS.1116-3 [20] in terms of recommended relative RTs,
requiring further measures, particularly in the low fre-
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Figure 13: Measurement system for the acquisition of generic
receiver directivities on a pre-defined spatial measurement grid,
showing an artificial head equipped with an ear simulator as
per ITU-T P.57 [25] and attached to a turntable for azimuthal
rotation. The measurement loudspeaker is mounted on an arm
to sample a line of longitude of the measurement sphere.
(Photo licensed under CC BY-SA 4.0.)

Figure 14: Measurement system for the acquisition of individ-
ual receiver directivities, showing a participant equipped with
two in-ear microphones. The arc-shaped loudspeaker array is
rotated around the participant for continuous HRTF measure-
ments. (Photo licensed under CC BY 4.0.)

quency range. While there were distinct high-frequency
differences between the rear HA microphone magni-
tude transfer functions of the research HAs, the mea-
surement results of the front HA microphone pair and
the HA receivers were comparable. In combination with
the analysis of the ear piece-dependent passive damp-
ing properties, these investigations are helpful for com-
plementary analysis of perceptual results in combined
reproduction [7]. Different implementations of loud-
speaker arrays with increasing complexity were pre-
sented. These reproduction setups were successfully ap-
plied in experiments involving children and adults with
normal hearing, and children with hearing loss, fitted
with the aforementioned research HAs [1, 7, 16, 17, 76].
Together with the two systems to measure generic and
individual receiver directivities at a high spatial reso-
lution, it was possible to accommodate the wide range
of measurement tasks and specific requirements for the
development of the results in [1].

List of acronyms
A/D analog-to-digital
ANL ambient noise level
D/A digital-to-analog
EQ equalisation
HA hearing aid
HRTF head-related transfer function
IR impulse response
MobiLab mobile laboratory
MPANL maximum permissible ambient noise level
RMS root mean square
RT reverberation time
SPL sound pressure level
VR virtual reality
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Schröder, J. K. Berroth, G. K. Behler, K. Hameyer,
G. Jacobs, and M. Vorländer, “Erweiterung der Sim-
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