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Abstract

While binaural technology applications gained in popularity in recent years, the
majority of applications still use non-individual Head-Related Transfer Functions
(HRTF's) from artificial heads. These datasets enable a reasonably good spatial
localization which works especially well when using an additional visual cue.

However, certain applications, for example research of spatial hearing or hearing
attention, require an physically exact and realistic binaural signal. Moreover, it
was shown in many experiments that there is a substantial gain from the use of
individual HRTFs, for example in localization tasks. The limiting factor that
prohibits the widespread use of individual HRTF's is the acquisition of such data.
A substantial hardware requirement obstructs a more universal usage. Even for
institutions that allow individual measurements, the measurement time that is
required, and that the subjects are required to remain motionless made most
measurements unfeasible in the past. This time requirement has recently been
reduced by the use of parallelization in the measurement signal which lead to the
development of fast measurement systems capable of acquiring individual and
spatially dense HRTF.

This thesis provides a objective and subjective evaluation of such a system that
is designed with the goal of little disturbance of the measurements in mind. The
construction is detailed, followed by both an objective and subjective evaluation.
A detailed investigation into additional distortion of the sound field introduced by
the system itself is presented and it is shown that the system performs comparably
to a conventional system in terms of sound source localization.

Furthermore, a method is introduced and evaluated to further reduce the measure-
ment time by using continuous rotation during the measurement. This method is
used to reduced the measurement duration from eight minutes to three minutes
without audible differences. The introduced methods are also used to reducing
additional errors from subject movement. It is shown that this movement can be
reduced by a visual feedback system to a level that can be compensated efficiently.
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Introduction

Binaural technology describes the processes required to synthesize spatial sound
sources to the listeners eardrums. The spatial location of any sound in a space
around the listener is perceived based on differences between both ears both in
the time and the frequency domain. These differences can efficiently be described
using filters which are called the Head-Related Transfer Functions (HRTFs). For
simplicity reasons so called non-individual HRTF are commonly used. These
functions make use of an artificial head which is an anatomical approximation of
a typical human head and usually has microphones integrated in the ear canals.
The HRTF of artificial heads aim to perform reasonably well for all subject and
are more easily measured even for long durations. Non-individual HRTF have
been proven useful for a variety of applications which explains their widespread
use. In recent years however, individual binaural technology gained more and
more popularity. In contrast to non-individual technology, these methods are
based on the actual, individual differences for each subject.

The increased focus on individual technology is motivated by shortcoming in the
binaural quality from non-individual HRTFs. Listening experiments performed
with real sound sources and non-individual HRTF revealed a significant loss in
localization performance almost 50 years ago (e.g. [1]). In modern research, the
use of individual HRTFs are an important prerequisite for many applications.
This is, for example, the case for all experiments involving children. It was
shown that the HRTF for children significantly differ from adults HRTFs [2].
However no artificial head with corresponding geometries is available, making
individual measurements necessary. Furthermore, there are many experiments
where it was shown that the use of individual data results in improved results.
The area where this is most researched is the localization of sound sources where
individual HRTFs perform better than non-individual ones [3, 4]. One other,
current example is the study of auditory attention [5]. For experiments aiming
to study auditory processes, reproducible real world performances can only be
achieved with good individual binaural data.



CHAPTER 1. Introduction

Another contributing factor in the gained popularity of binaural technology is the
trend towards virtual reality devices, so called Head Mounted Displays (HMDs),
which require the user to wear a display in front of their eyes. This reduces one
of the most obvious drawbacks for binaural reproduction — the need to constantly
wear a headphone: As users already wear a device over the eyes, additional
headphones are not perceived as a further nuisance and do not break immersion
of the experience. The use of individual binaural technology in this field is, if
nothing more, a selling point to stand out from competitors as the additional
visual cues provided by the display, and the use of head movement tracking
already improve the quality of the binaural synthesis [6-8].

The necessity to improve binaural synthesis quality motivated the research in
two different directions. Firstly, approaches towards shorter measurement time
to make individual measurements feasible, and methods for artificially improving
non-individual data on the other hand. This thesis deals with the first approach
— the reduction of measurement time needed for HRTF acquisition. While the
acquisition of individual HRTF's for a limited spatial resolution has been performed
for many decades, many mentioned applications usually require a spatial highly
dense dataset to react to the subjects head movement or to produce a complex
room simulation. The measurement of spatially dense, individual HRTFs however,
required a significant reduction in measurement time.

This thesis describes the construction and evaluation of a system designed to
acquire spatially highly dense individual HRTF in a short time duration. The
time reduction is achieved by the use of the multiple exponential sweep method.
While Chapter 2 gives a short overview over the required theoretical background,
Chapter 3 deals with the construction of a measurement system used and evaluated
in following chapters. In Chapter 4 an objective evaluation of the influence of the
measurement system itself with the use of multiple measurements is presented.
Chapter 5 summarizes multiple subjective localization experiments performed
to evaluate the validity of the acquired HRTF. An additional improvement
which further reduces measurement duration is introduced in Chapter 6. The
chapter also includes an objective evaluation of the introduced method. The used
methods are further used in Chapter 7. The chapter deals with the influence of
subject movement during measurement. An extensive study investigates different
measurement methods with regard to the amount of movement the subjects do
during a full HRTF measurement.



Fundamentals

This chapter gives a brief introduction into the fundamentals used in this thesis.
The theory of binaural hearing and the Head-Related Transfer Function (HRTF)
are introduced and their applications are explained in detail. Furthermore, basic
principles of Linear Time-Invariant (LTI) system identification as well as used
interpolation methods are given.

2.1 Binaural Hearing

Humans can intuitively localize sound sources in everyday situations with re-
markable precision even without the help of visual stimuli. Binaural hearing, or
hearing with two ears, is the underlying requirement for such sound localization.
Its basic principles and applications are described in this chapter.

Lord Rayleigh [g] did extensive experiments on the ability of humans to localize
sound sources. He proposed that the brain uses differences of both time and level-
dependent frequency information between the two ears to extract the location
information. These differences are called binaural cues in the following. This
mechanism can be exploited to trick the brain to perceive virtual sound sources
at an arbitrary direction by just adding the corresponding differences to an
arbitrary signal, played to the subject. This process, called binaural synthesis is
the basis for all physically correct virtual acoustic simulation. In the following,
the underlying principles are discussed in more detail.



CHAPTER 2. Fundamentals

2.1.1 Head-Related Coordinate System

As most of the thesis deals with sound sources relative to the head, a definition
of a coordinate system with the head in the center is necessary. The coordinate
system is defined as a spherical coordinate system with the head center in the
origin. In the following, this center point is defined as the center of the head,
halfway between the ears. Figure 2.1 shows the coordinate system definition
used throughout this thesis. From the mathematical definition of the spherical
coordinate system, two spherical angles, ¢ and 6 and a distance r are defined.
While ¢ corresponds to the azimuth angle, starting at 0° in front of the subject
and increasing counter-clockwise (mathematically positive), the zenith angle 0 is
used only in a variation describing the elevation and is denoted as ¢.

The elevation angle is defined starting at 0° in front of the subject, with 90° at
the top and —90° at the bottom. The transformation from 6 to 9 is described as:

9 =90° — 0. (2.1)

Together with the two angle, three planes are defined [10]. The horizontal plane,
9 = 0°, divides the area around the head into two hemispheres, upper and lower
elevation. It also contains the interaural azis, 9 = 0°, p = £90°, which contains
both ears. The second important plane is the median plane, ¢ = 0°,180°, which
divides the area around the head into left and right hemisphere. The frontal
plane , @ = £90° is the third plane, dividing the area around the head into front
and back hemispheres.

2.1.2 Binaural Cues

As discussed by Lord Rayleigh [g], two kinds of binaural localization relevant
cues can be distinguished. The first cue is described as the difference in time
of arrival of one signal between the two ears. The time differences, also called
Interaural Time Differences (ITDs), are caused by the a finite propagation speed
of sound and the distance of the two ears. Depending on the location of the
source, the time difference differs, being almost zero for direction in the front or
back of the subject, and having maxima at both sides.

Rayleigh’s duplex theory states that these difference are dominant to localization
only at low frequencies. At frequencies starting at f ~ 1500H z, the wavelength
of the incident wave are comparable to the size of the head and the differentiation

4
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Median plane
Frontal plane

Interaural axis
Horizontal plane

Figure 2.1: Head-related coordinate system definitions.



CHAPTER 2. Fundamentals

between the phase of the ears signals is ambiguous. This phenomenon is similar
to typical sampling problems where at a certain frequency aliasing effects arise if
the sampling is too sparse. While these findings are valid for pure-tones, more
recent studies showed that subjects are able to extract time information from the
envelopes of higher-frequency stimuli if multiple frequencies are contained [11-13].
At higher frequencies, as the wave is more and more affected by the listeners head,
a different binaural cue can be used to localize the sound source. This cue is
based on this effect of the head on the sound wave. The higher the frequency, the
more the wave is affected by shadowing through reflection, absorption of sound
energy and diffraction on the surfaces. Together, significant frequency-dependent
level differences between the ears are caused. These level differences, called the
Interaural Level Difference (ILD), are highly directional-dependent as the shape
of the torso, the head and the pinna play an important role for the generation of
the cue.

2.1.3 Monaural Cues

As noted by Hornbostel and Wertheimer in 1920 [14], there can be ambiguity in
the interaural differences for multiple points. They describe cones where both I'TD
and ILD share the same values for all points on the cone. One typical example
of such a Cone of Confusion is the median-plane where I'TD and ILDs are at a
minimum. To enable localization on these cones, humans rely on monaural cues
[15]. These cues are also a result of varying reflection, absorption and diffraction of
the head surface, resulting in different spectral coloration for different directions.

2.2 Head-Related Transfer Function

As described above, humans use differences between the two ear signals to localize
sound sources. There are three different cues that are used during this localization
process. All binaural and monaural cues can be combined as the influence of the
head on a propagating wave in the free field. The influence can be regarded as a
directional and frequency-dependent filter of a LTI system (for a static scenario
without movement of the source or subject). These filters are commonly called
HRTFs. Blauert gave the definition for measurements of HRTFs as the transfer
functions from the source to the two ears divided by the transfer function from
the source to the head-center point of the subject, with the subject missing. This

6
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(a) Time plot of one HRTF direction.
I —— \ \ I N N R

e Left Ear
—40 | e Right Ear

Magnitude in dB

400 1k 2k 4k 6k 10k 20k
Frequency in Hz

(b) Frequency plot of one HRTF direction.

Figure 2.2: An exemplary HRTF for direction ¢ = 90°,9 = 0° from the artificial
head in time and frequency domain.

definition of so called free-field HRTFs [15] is used throughout this thesis. Figure
2.2 shows an exemplary HRTF for one direction in both time and frequency
domain. In the time domain, the I'TD can be seen as the impulses are time delayed
by approximately 1 ms. The frequency domain plot of the HRTF magnitude
shows the frequency-dependent ILD.

2.2.1 Binaural Synthesis

As the brain perceives a source direction merely by processing the differences
between the signals at the ears, virtual sound sources can be placed at one desired
direction simply by presetting such differences in the presented stimuli. The
listeners brain would then perceive the source at the desired direction.
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This can be achieved in two ways. The first approach is to use so-called binaural
recordings. For these recordings, microphones can be inserted into the ears of
one person. The resulting recordings contain all spatial cues for localization.
This enables the listener to experience a three dimensional recording with sound
sources located exactly where they were positioned during the recording. The
subject can not, however rotate their head inside the virtual scene or move around
as the recording is limited to the microphone positions.

Reports of this method which uses either a two microphone setup, or with the
use of artificial heads, described in a later section, can be found in the late 1gth
century. For a comprehensive historical summary, please refer to Wade and
Deutsch [16] or Paul [17].

The second way to create binaural stimuli is called binaural synthesis and is
achieved using the HRTF filter. To create a binaural signal using binaural
synthesis, a mono signal is convolved with the HRTF of one direction of a HRTF
dataset [18]. The resulting signal contains all information required to localize the
now virtual sound source.

Additionally, two basic reproduction modes are considered in this thesis. A
static reproduction of a binaural scene is an easy to implement form of binaural
synthesis. Here, only the directions of all sources relative to the subject in the
scene are needed. Multiple sources can be convolved with the corresponding
HRTF of the directions and are summed up to create the full virtual scene.
However, the sources are placed in a coordinate system relative to the subjects
head. This means that if the subject moves, the sources move with the subject
and stay at the same relative position. This presentation mode is as such not a
natural reproduction of an everyday acoustic situation and there is a mismatch
between expected behavior and perceived signal.

A more natural reproduction method is called the dynamic reproduction in
this thesis. For this method, additional information about the movement of
the subject is required. This information is used to counter all movements in
orientation and position by the subject by changing the HRTF filter for each
source, depending on the movement. The achieved effect is a source that does not
move relative to a global coordinate system. This method requires the capabilities
to change HRTF filter in real time [19] and a spatially dense HRTF dataset to
be able to place the source at arbitrary positions.

Lastly, the playback of the resulting binaural stimuli needs to be considered.
As the stimuli are intended to be perceived directly at the eardrums, without
additional filtering, one straightforward method to present these stimuli to the

8



2.2. Head-Related Transfer Function

subject is with the use of headphones. For this method, only the transfer
function between headphone and eardrums, also called the Headphone Transfer
Function (HpTF), needs to be considered as shown in the following.

All uses of binaural synthesis in this thesis is limited to this headphone repro-
duction as it introduces the least additional uncertainty into the transfer path.
Other methods using loudspeakers are available but are not detailed in this work
[10].

Headphone Transfer Function

As mentioned before, the binaural signals created by binaural synthesis are
intended to reach the subject’s eardrums exactly as generated. The easiest way
to achieve playback to both ears separately is by the use of headphones. However,
each headphone has a unique transfer function that is depending for example on
the type of headphone enclosure and size and the used driver. For circumaural
headphones, the pinna of the subject also causes disruptions in the path of the
soundwave from the headphone driver to the eardrums. Similar to HRTF's, these
disruptions are caused by diffraction, refraction and absorption on the pinna
and are highly frequency-dependent. Additionally, as each subject’s pinna are
differently shaped, the transfer function are also subject-dependent.

To achieve a perfect binaural reproduction, the above mentioned individual
influences from the headphone, in the following called the Headphone Transfer
Function (HpTF), need to be equalized. In this thesis, this equalization is
performed using a method introduced by Masiero and Fels [20]. The method uses
repeated measurements while letting the subject reposition the headphone each
time between measurements. The equalization curve is calculated from the mean
in the frequency domain of all measurements to account for changes caused by
the fitting of the headphone on the head, as well as individual and system caused
differences of the headphone. Figure 2.3 shows an exemplary measurement of
ten repetitions of one subject in one ear for a Sennheiser HD650 headphone.

During the individual measurements of the HpTF, but also during individual
HRTF measurements, the microphones are placed at the entrance of the subject’s
ear canal. The fitting of the microphone can either be partly open which occludes
the ear canal only from the microphone itself and from a silicon carrier, or closed,
with the ear canal fully closed from an ear plug in which the microphone is put
on the outside. Both fittings are shown in Figure 2.4. It was shown that both

9
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Figure 2.3: Illustration of changes from headphone fitting on the head from 10
repositionings on one subject.

Figure 2.4: Fitting of a miniature microphone with either an open ear canal
(left) or closed using an ear plug (right) [21].

10



2.2. Head-Related Transfer Function

fittings are not affecting the authenticity of binaural reproduction compared to
real sources if both HpTF and HRTF measurements are performed with the same
setting [21].

2.2.2 Artificial Heads

For many binaural applications, it is often easier to use an artificial head instead of
a human subject with microphones in their ears. These artificial heads, originally
conceived as an aid for the development and improvement of hearing aids, mimic
a typical human head and torso and have microphones fitted in the artificial ear
canals [22]. Several approaches have been made over the years with regards to
shape and detail of the head itself.

From these artificial heads, a highly dense HRTF can be acquired as measurements
with artificial heads are not limited in time. Additionally, the measurements
are highly reproducible and are therefore used extensively to compare different
measurement approaches in this thesis. The artificial head used in this thesis was
built to resemble one human head, that was selected from a listening experiment
with multiple HRTF's [23].

2.2.3 Individual HRTFs

The spatial cues of the HRTF, especially the ILD, are not only highly dependent
on the source direction and the frequency, but are a result of the shape of the
head and pinna. As these vary substantially between subjects, the HRTF also
has a strong individual dependency [24]. The inter-subject differences are mostly
located at higher frequencies, where small differences in geometry have a large
influence on the frequency and shape of a resonance dip.

Using a HRTF different from your own, by using binaural synthesis with an
HRTF dataset from a different head, can greatly affect the quality of the binaural
synthesis, as the spatial cues from the used HRTF do not match one person’s
own individual characteristics. Using a mismatched HRTF, that is a HRTF
acquired from a different head, results in a deterioration in localization ability
[25]. Additionally, an increase in front-back confusion can be observed [25—27].
This is described in more detail in Section 2.4.
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2.2.4 Diffuse-Field HRTFs

The information contained inside the HRTF can be further split into a
directionally-dependent and an directionally independent part. The directionally
independent part, also called the diffuse-field HRTF, can be considered as the
result of a measurement of a HRTF not in the free, but in the diffuse field, were
no plain wave propagation is possible but instead, waves come at random from
all directions at the same time. It is also possible to calculate the diffuse-field
HRTFs from an existing set of HRTF's by integrating the HRTF's over all spatial
directions [28]:

[HRTFai(f)|* = %/Q/P\HRTF(G,%]”)\Q - cos(6)dd8. (2.2)

The counterpart to the diffuse field HRTF, the directionally-dependent part, is
called the Directional Transfer Function (DTF) [29, 30] and can be obtained by
subtracting the diffuse field HRTF from the HRTF

DTF (¢, 9, f) = HRTF(, 9, f) — HRTFusa(f). (2.3)

2.2.5 Near-Field HRTFs

While in previous chapters it was shown that the HRTF is highly dependent
on frequency and on individual head geometry, one more dependency is often
neglected and is the center of this section, the dependency of the HRTF on the
measurement distance. Some early observations have been made by Steward
[31, 32] who derived mathematical expressions for both ITD and ILD on a rigid
sphere with two ears. His conclusions show that the ILD increases as the source
position moves closer to the head, while the ITD is approximately independent of
the source distance. This theory was again tested with an updated sphere model
by Brungart and Rabinowitz [33] and could be validated using measurements by
Duda and Martens [34].

Brungart and Rabinowitz also repeated a similar evaluation using measurements
on a sphere and an artificial head [35]. As they claim that previous publications
show no large distance variations for distances above 1m, they limited their
investigation to changes in a range between o.2m and 1 m.
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2.3 Measurement

This section gives a short overview of the commonly used measurement techniques
and measurement systems. It introduces a reference measurement system that
is used as a standard to compare against. Firstly, a brief introduction into
LTI-System measurement fundamentals and impulse response measurement using
spectral division is given. This is followed by a short description of HRTF
measurement techniques and systems for both non-individual and individual
HRTFs.

2.3.1 Linear Time-Invariant-Systems

The definition of an LTI system entails two properties. Firstly, the system needs
to behave linear to any given input. This means that all measurements are
independent of the sound level of the measurement. Secondly, the system needs
to behave time invariant. The obtained measurements must be independent of
the time the measurement tool place and should be perfectly reproducible. This
is, of course, only an approximation as no acoustical system fulfills the linear and
time invariant assumptions. In the context of this thesis, all measurements are
based on the assumption of an LTT system.

Figure 2.5 shows an LTI system with impulse response h(t). All signals s(t) are
convolved with the impulse response h(t) to generate the signal g(¢t). In the
context of HRTF, an arbitrary signal arrives at the subject, where it is convolved
with the HRTF of the source direction to generate a signal at the ear canals.

To identify the impulse response, a known input signal (s(t)) and output signal
(g(t)) are prerequisites. A typical method to obtain the impulse response from the
measurement, is to transform both s(¢) and g(¢) to the frequency domain using
the Fourier transformation. In the frequency domain, the convolution becomes a
simple multiplication (as depicted in Figure 2.5) which is more easily solved for
the sought impulse response, than the convolution. From the transfer function
H(f) the impulse response can be obtained by the inverse Fourier transformation.
The used excitation signals to obtain the impulse response have a long history
and wide range. In this thesis, the excitation signals are limited to exponential
sweeps introduced by Farina [36] and described in detail by Miiller and Massarani

[37]-
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s(t) —— () — g(t)
S(f) ——|  H(f) — G(f)

Figure 2.5: Basic principle of the frequency domain analogies of an LTI system.

2.3.2 Measurement of Head-Related Transfer Functions

The typical measurement procedure of HRTFs follows the definition of free-
field HRTFs by Blauert [15]. First, the subject is equipped with two miniature
microphones, placed inside the ear canal. The subject is then positioned in a full
or semi-anechoic chamber with a defined distance and orientation to a loudspeaker.
Any typical measurement signal can be used to measure the transfer paths. After
the measurement the subject is repositioned and subsequently a HRTF of this
new, different direction is measured. This process is repeated until all required
directions are measured. Additionally, a reference measurement without the
subject is done. During post-processing, all measurements are divided by this
reference in the frequency domain.

With this spectral division, the reference has two main functions. Firstly, it
removes the initial latency resulting from the measurement distance from all
measurements. Secondly, the spectral division removes the influence of both the
loudspeaker and microphone transfer function, if slight directional dependencies
are disregarded. Differences that result from a different microphone installation
situations have to be corrected separately.

At the Institute of Technical Acoustics (ITA), a measurement system, called
the measurement arm was designed to automate this process. The subject
is positioned on a turntable, enabling rotation in azimuth direction while the
loudspeaker is fastened to an arm which can also be rotated, enabling changes
in elevation. Figure 2.6 shows a typical HRTF measurement setup with the
measurement arm and an artificial head. This setup is used in this thesis as
a reference setup to compare measurement results against. Depending on the
required spatial resolution, this process can be very time consuming. For a full

14



2.3. Measurement

Figure 2.6: HRTF measurement of an artificial head using the measurement
arm of the Institute of Technical Acoustics.

measurement with 1° resolution in both azimuth and elevation, over 72 hours
are required. It is easily understandable, that no human subjects can be used for
these measurements.

The history of individual HRTF measurements is detailed in the following.

2.3.3 Measurement Systems for Individual Measurements

In the beginning of the study of the influence of the individual HRTF's, only single
speaker measurements were taken with long measurement durations [38, 39]. The
need to increase the measurement speed was apparent as the subjects suffered
fatigue during the long measurements which increased unwanted movement
between measurements. Over the years, multiple research groups chose typically
one of two design options to improve the measurement speed. Indeed, most
publications that use individual HRTFs use either a sphere of loudspeakers to
acquire the HRTFs for multiple directions without repositioning at all [1, 21],
or an arc of loudspeakers using subject [24] or system rotation [27, 40—44]. The
measurement signals used in these arrays either did not allow for simultaneous
playback of multiple loudspeakers [41], used various pseudo-random noises [4o0,
42|, which do not offer a good performance for time variances, or applied impulse-
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Figure 2.7: The first fast HRTF measurement system developed at the ITA by
Masiero and Pollow [48].

techniques [1, 41, 44] with a high number of repetitions.

To achieve a shorter measurement duration, Zotkin proposed a reciprocal system
[45], which used a spherical array of microphones and employed loudspeakers
in the subjects ears, thus removing the need for parallelization of measurement
signals altogether. However, this setup suffered from a high frequency cutoff
as a result of the size of the loudspeakers, as well as a relatively low Signal to
Noise Ratio (SNR), as the measurement signal is played in close proximity of the
subject’s eardrums.

The need for individual HRTFs with high spatial density lead to the development
of systems with an increased number of loudspeakers. Two separate approaches
to the measurement system are used in most systems today.

The first approach uses the multiple-exponential sweep method introduced by
Majdak [46] which is, together with the optimization done by Dietrich [47],
explained in detail below. This measurement signal was used in a measurement
system developed at the ITA by Masiero and Pollow [48], shown in Figure 2.7.
This system, and a successor to it, is the basis to this thesis and is described in
detail in Chapter 3 and evaluated in Chapter 4. An objective evaluation of both
system is presented in Chapter 5.

In parallel to the development of the multiple-exponential sweep methods, a
second approach to HRTF measurement became popular in recent years. This
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approach uses adaptive filtering and Least Mean Squares (LMS) techniques for
system identification of HRTFs. This approach, proposed by Enzner [49], even
enables continuous rotation while generating dense HRTFs with one loudspeaker.
This continuous rotation, suggested by Fukudome [50], allows for shorter mea-
surement times, as discussed in Section 6, and was later also suggested for sweep
measurements by Pulkki [51] and Dietrich [52] but was in both cases not evalu-
ated. On the basis of the work of Enzner, LMS method acquisition was further
improved by Antweiler and Enzner with the use of perfect-sequence measurement
signals [53], evaluated and compared to other methods [54] with regards to SNR
[55] and studied with regard to multi-channel setups [56]. This lead to the
development of a full-spherical HRTF measurement system by Fuss et al. [57].

2.4 Sound Localization

The study of the ability to pinpoint a sound source in space, also called the
localization of a sound source, goes back over one hundred years. Early on, the
importance of binaural hearing was discovered. The work of Angell and Fite [58]
discusses localization experiments on a subject with only one working ear, while
the work of Lord Rayleigh [g] extensively studies the capabilities of the estimation
of sound direction. Over the years, countless studies on the localization accuracy
have been published. The ability to localize sound sources can be split into two
parts, the localization accuracy and the localization blur [15]. The localization
accuracy describes the ability to point to an absolute position of the sound source,
while the localization blur describes the distance two sound sources are allowed
to have, to be differentiable in space.

2.4.1 Localization Accuracy

As described above, localization accuracy describes the accuracy of the ability
to point to the absolute position of a sound source. There are multiple factors
that influence the localization accuracy. Among those factors are the use of
individual or non-individual HRTFs, the duration and type of stimulus, static
or dynamic reproduction and the pointing method. All factors influence the
resulting localization accuracy result. In the following, a short overview of each
factor is given.
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Localization of real sources

In most experiments, the ability to localize real sources, i.e. coming from physical
loudspeakers, is used either to examine the localization ability in general or, in
later studies, as a baseline to compare against. Generally, these experiments test
the localization ability with the subjects own HRTFs, as the stimulus from the
sound source naturally is filtered on its way to the ear canals. If the experiment is
performed in an anechoic chamber, the room impulse response can be neglected
and pure HRTFs are used. However, depending on the stimulus length and
the pointing device, small or big head movements are a concern as subjects
automatically move their head to increase localization accuracy. Oldfield and
Parker [59] tested eight subjects for localization accuracy. They used a gun
pointing method and fixed the head during the stimulus. They found errors of
about 5° in the front and 15° in the back for azimuth and a more uniform error
of about 8° for elevation. Makous and Middlebrooks tested six subjects with
very short noise bursts [60] and head pointing achieving localization errors at
of about 2° for the horizontal plane and 3 ° in the median plane, for sources in
front of the subject. For sources in the back, the error was as high as 20°. In the
work by Wightman and Kistler [61], test subjects orally reported estimates of
the sound sources of either real sources, or headphone synthesized stimuli with
individual HRTFs. The reported azimuth angle errors range from 16.1° to 29.8°,
depending on the source direction.

Localization using non-individual HRTFs

While most experiments used real sound sources for the general study of the
localization ability, with the emerging binaural technology and the development
of first artificial heads, the idea to use non-individual HRTFs gained popularity.
Many publications point to a degradation of localization performance if non-
individual HRTFs are used [3, 4], compared to real sources. Most notably, the
localization performance in elevation directions degrades the most. There is also
a significant increase in front-back confusion noted by [25-27].

Influence of the Pointing Method

The method, by which the subjects indicate the perceived direction also has a
big influence on the results. Over the years, a number of methods have been
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proposed and evaluated. The methods can be grouped in exocentric methods, in
which the subjects are required to indicate the perceived location on a sphere
representing auditory space, and egocentric methods, in which the subjects own
center is used as a reference.

One of the first and most intuitive ways to report the perceived source direction
is by the means of verbal report [62, 63]. While they do not need any additional
device present that the subject needs to learn and might cause interference in the
test, the concept of reporting azimuth and elevation angles is not intuitive for
most subjects [64]. Furthermore, any no-numerical result needs to be converted
for any mathematical analysis [65].

Another way of indicating the position is by pointing with some kind of extension
of the body. Notable examples are pointing with the head [60, 66, 67], or pointing
with the arm/finger or a laser in the hand called manual pointing [68, 69]. Head
pointing methods offer the advantage that the coordinate system of the stimulus
is concentric with the coordinate system of the pointing method [60], however
they do not allow closed-loop experiments where the stimulus plays during the
pointing methods, as the subjects need to move their head [70]. Head pointing
was also shown to have a slightly higher precision for elevated sources [65].
Naturally, these methods also have their limitations. While some publications
note a reduced accuracy for locations behind the subject [60, 62|, other researcher
report an overestimation of the lateral positions for right-handed subjects for
manual pointing [71].

A recent publication by Bahu and colleagues suggests proximal pointing [72]
where the subject indicates the position with a pointing device held near his head.
It is reported to yield fast response time independent from the angle and easy
pointing to any direction if both hands are involved. However, the method also
has limits in the back close to the median plane, where the position is difficult
to reach. These egocentric methods are generally regarded as more precise than
exocentric methods [66, 73, 74]. For this reason, only some examples are given.
Notable examples for exocentric methods are the God’s Eye View Localization
Point (GELP) methods [73] and the Bochum Sphere [75]. Both methods use
a sphere on which the subject indicates a position. The methods are generally
described as easier to more comfortable and faster than head pointing [70] but at
the same time harder to use due to the change in the center of the coordinate
system. They are moreover difficult to use in the dark [76]. Alternatively a
3D representation of a sphere on a computer monitor can be used with similar
drawback [77-79] in accuracy. For a more detailed summary of pointing methods,
please refer to [80].
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Localization using dynamic reproduction

The last influence on the localization accuracy is the gain that is expected from the
use of small head movements. The experiments by Young [81] were among the first
experiments to look at the influence of head movements on front-back confusion.
He fixed ear trumpets to rubber tubes connected to the subjects ear canal. As
the trumpets were fixed in space, the subjects head movements had no influence
on the interaural properties. The subjects reported apparent source positions
only in the back for presented click sounds with multiple positions relative to the
ear trumpets. The conclusion was drawn that with head movements removed,
front-back confusions increased. The connection between head-movements and
changes in ITD and ILD was first expressed by Wallach [6] and was reproduced
multiple times in later years|7, 8, 78, 82].

2.4.2 Localization Blur

The localization blur is defined as the minimum distance that two sound sources
can have to still be differentiated by human subjects as different sources [15].
Typically, the localization blur is measured as a so called Just Noticeable Differ-
ence (JND), where two loudspeaker positions are compared to one another. For
example, Mills [83] used one loudspeaker on a movable arm around the subject.
The loudspeaker produced pure-tones in the range of 250 Hz to 10kHz for 1
second. As real sources were used, and the stimulus was relatively long, the
head was clamped into a fixed position to reduce subjects head movements. The
task itself was to report the relative orientation of a second stimulus compared
to a first, reference stimulus. Results in the azimuth plane showed a strong
dependence on both the stimulus frequency and the azimuth direction of the
reference stimulus. While the frequency-dependency does not follow a general
trend and merely certain frequency ranges seem to result in a lower JND than
others, a very clear exponential increase in JND can be seen in the azimuth.
The lowest JND can be seen at the front, with a steady increase towards the
sides. A minimum value of around 1 ° is found here while the values reach 10°
approximately at 85 °. The same experiment regarding JNDs in the median plane
only shows results for frequency-dependence in front of the subject. Here, the
values range between 1 ° at low frequencies and 4 ° at 2000 Hz.

Blauert lists results of twelve studies on the localization blur [15] in the horizontal
plane with different stimuli. Results range from 0.75° to a mean of 4°.
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2.5 Interpolation of HRTFs

If the HRTF dataset is not available in the required spatial resolution as, for
example, the measurement duration does not allow a dense measurement, the
dataset can be interpolated in the spatial domain to generate missing data.
However, any interpolation is limited by the number of measured points and is
not able to accurately predict the HRTF at any arbitrary direction correctly. The
research question that previous research investigated is the audible influence of
such interpolation. In the following, two published experiments are summarized
exemplary.

Langendijk and Bronkhorst[43] investigated the subjects ability to discriminate
virtual sound sources generated from measured and interpolated HRTFs. Six
listeners participated in the testing which included a measurement of individual
HRTF at 104 positions. From these positions, interpolations to six known
loudspeaker positions are calculated from differently distant positions to emulate
an interpolation from differently dense measurements. The task itself was a
discrimination task in which the subjects had to identify an odd stimuli in pairs
of scheme ABAA, BABB,AABA or BBAB.

The results showed that subject where unable to discriminate between measured
and interpolated HRTF, if the spatial sampling was 6°. For a resolution of
20°subjects could reliably distinguish between measured and interpolated HRTF.
They reported both a change in timbre and position of the stimulus.

Minnaar et al.[84] used interpolation in the time-domain from minimum phase
HRTFs. A HRTF dataset with 2° resolution was used to artificially create
lower resolution datasets. Eight subjects were tasked with discriminating sound
sources from interpolated and measured HRTF using a Three-Alternative Forced-
Choice (3AFC) experiment design. In the study, a strong directional-dependency
for the audibility of interpolation between 2° and 24 ° was found in listening
tests where sound sources at the sides of the subject required the highest spatial
resolution to make interpolation inaudible.
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Figure 2.8: Sketch of a spherical harmonic transformation. On the left a de-
piction of spherical harmonics coefficients multiplied with spherical
harmonics basis functions. On the right an example of one frequency
of a HRTF of the left ear.

2.6 Spherical Harmonic Decomposition

Analogous to the Fourier transformation, which can describe a 2D wave-signal
as a the weighted sum of multiple sine waves with different frequencies [85],
the Spherical Harmonic Transformation (SHT) describes spherical objects as a
weighted sum of spherical basis functions. Many radiation problems in acoustics
can be regarded as a point-source radiation with a spherical directivity pattern.
This also applies to HRTFs if the reciprocity principle is applied [45]. Using
this principle, the HRTF can be regarded as a frequency-dependent directivity
for each ear. The SHT can be used to efficiently describe HRTFs as such [86].
As the SHT is used only as a tool in this thesis, the theory is not given in
much detail. A comprehensive elaboration can be found in [87] and [88]. As the
sign and normalization can vary, a short overview over the Discrete Spherical
Harmonic Transformation (DSHT) and problems related to this thesis is given in
the following.

The frequency-dependent directivity g can be described as the weighted sum
of spherical harmonic basis functions. The weights a,m are also known as the
spherical harmonics coefficients. Equation 2.4 shows the inverse transformation.

90,0, ) =D D> anm( YN (9, 9), (2.4)

n=0m=—n
with anm as the spherical harmonic coefficients and Y}' (9, ¢) as the spherical
harmonic basis functions with n as the transformation order and m are the
degree. A graphical depiction of the transformation can be seen in Figure 2.8. It
should be noted that a dependency on the measurement radius r of the spherical
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harmonics coefficients is omitted for readability. The used definition of the
spherical harmonic basis functions is given analogous to Williams [87] as:

2n+1 (n —m)!

Y@, ) =4[ =4 (ntm)l

P (cos ) - €™, (2.5)

with P as the associated Legendre function and ¢ and ¥ as the two room angles.

2.6.1 Order Limit

As seen in Equation (2.4), an infinite order transformation is needed to accurately
describe an arbitrary spatial object. As any calculation needs to be finite, an
upper order limit needs to be defined. This limit should be chosen to accurately
describe full spatial complexity of the spatial object. This order limit N leads to
a slightly modified definition seen in Equation (2.6) and a transformation error
defined in Equation (2.7).

g(ﬁ’ 50) = Z Z aan:Ln(ﬁv 50) (2‘6)

n=0m=-—n

]

e )= > > awm Y (V) (2.7)

n=N+1m=—n

9(9,0) = §(0, ) + e(9, ) (2.8)
The number of coefficients in a system with maximum order N is calculated as
Gmax = (N + 1) (2.9)

With these definitions, a matrix formulation of the transformation in Equation
(2.4) can be given as:

gﬂ(,ﬁaSDaf) :Ya(f)’ (2'10)
with the base function matrix Y constructed as a row of base functions for every
measurement point.
Yo(do,0) Y1 (Po,00) Yi(Po,0) -+ YN (Jo,p0)
Y = : : : : : (2.11)

Yo, ) Yii(Wne)  Yilne) oo Y, er)
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Figure 2.9: Examples for three different sampling strategies (order 5) [92].

The matrix Y is highly dependent on the number of measurements and the
measurement positions. As for the transformation, the matrix needs to be
inverted, the measurement positions have a big influence on the quality of the
transformation itself as discussed in the following.

2.6.2 Sampling Strategies

As described above, the HRTF is described as a spherical function g(¥, ¢, f) in
Equation 2.4. One aspect that was not discussed, is the spatial sampling necessary
to obtain this function. With increasing frequency, and decreasing wavelength,
the spatial function exhibits a progressively detailed structure. Depending on
the distance between two measurement points, these small details can not be
described from the measurement points. Their influence is, however, contained
in the measurements and is interpreted as energy from lower orders. This
phenomenon is called spatial aliasing and is closely related to frequency aliasing
effects [8g].

To minimize the truncation error and the aliasing effects, specialized spherical
sampling strategies have been developed. The hyperinterpolation [go], gaussian
[91] and equiangular sampling strategies are just three examples of a specialized
sampling. The strategies are developed to ensure an exact transformation up
until a maximum order. For each sampling, the efficiency can be calculated as
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the relation between the maximum coefficients obtained, gmax by the use of L

measurement points.
_ qmax

=7
Figure 2.9 shows examples for a hyperinterpolation, gaussian and equiangular

(2.12)

sampling scheme for a maximum order of 5. The transformation using any
specialized sampling is exact. However, if the sampling is not exact due to, for
example, a missing bottom cap, the matrix inversion fails. In these cases, a
regularized inversion is needed as described in the following.

2.6.3 Regularization

To calculate the spherical harmonic coefficients from spatial measurement data the
inverse of the base function matrix Y in Equation (2.10) needs to be calculated.
The solution of this equation is

a(.f) =Y 'ga(ﬁ’@vf)' (2'13)

Depending on the measurement positions, this matrix inversion can not be
generally calculated. On an ill-conditioned matrix, this would result in a large
transformation error. One solution to this problem is to avoid ill-conditioned
matrices with special sampling strategies or to employ a regularization. This
method approximates a solution while balancing an approximation and data error
[93]. Duraiswami et al. proposed an order-dependent regularization [g94] to invert
matrices with high condition numbers. This technique prevents the occurrence of
high spherical harmonic orders during the transformation. The SHT in Equation
(2.13) becomes

—1
Areg = (YHCY + eD) YicCg, (2.14)

with C as a diagonal weight matrix which should reflect the sphere surface
represented by each measurement point, D as a diagonal matrix with elements
dj = (1+i(i 4+ 1)) and € as the regularization factor.

2.6.4 Acoustic Centering

During the transformation into spherical harmonic coefficients, a higher spatial
variance of the input data results into larger orders to be necessary to fully
describe the spatial data. As the full complex valued directivity data of the
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(a) Directivity plot of a left (b) Directivity plot of a cen-
ear artificial HRTF at tered left ear HRTF at
2500 Hz. 2500 Hz.

Figure 2.10: Influence of the acoustic centering on the phase of a HRTF at
2500 Hz, plotted as a directivity. Magnitude of the HRTF as the
radius of the sphere, phase as the color.

HRTF is transformed, the phase of the input data impacts this spatial variance
of the data. Figure 2.10a shows an example of a left-ear HRTF at 2500 Hz. The
color of the plot represents the phase, while the radius represents the magnitude.
As demonstrated by Ben Hagai et al. [g5], the energy distribution in the spherical
harmonic orders are influenced by the location of the source inside a surrounding
spherical array. If the source is centered inside the array, a larger proportion of
the energy is located at lower orders. When transforming HRTFs, the receiver
inside a surrounding spherical microphone array is never centered as the subject
is positioned with its head-center in the array center. Consequently, the ears are
offset by half of the heads width towards the respective ear. It was shown that
an acoustic centering, accomplished by phase shifting the data by an optimized
value towards the ear greatly reduces the maximum transformation order to cover
most of the data’s energy [86]. As the energy is located at lower orders, the
transformation error resulting from the cut of higher orders as well as aliasing
effects are reduced during the transformation. A depiction of a centered HRTF
directivity plot can be seen in Figure 2.10b. A clear reduction in phase deviation
over the sphere is visible. This reduction also reduces the spherical harmonics
orders needed. This method is applied to all transformations in this thesis to
reduce the influence of the transformation on the data.
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This chapter describes the construction of a measurement system to measure
spatially dense HRTFs. The goal of this system is to reduce the measurement
duration such that individual measurements with a high spatial resolution, which
are not feasible with a traditional setup, can be obtained in a reasonable amount
of time. As described in Section 2.3.3, several such measurement systems have
been designed and constructed in recent years both at the Institute of Technical
Acoustics and in institutions all around the world. The goal of the system
described in this chapter is to be as small as possible in order to create as little
disturbance to the sound field as possible.

The chapter firstly summarizes a previously constructed measurement setup and
details drawbacks of the construction that were taken into consideration during
construction of the new system. The following part of the chapter details both
the loudspeaker housing and the used loudspeakers of the new system before
defining the used measurement signal and two different measurement methods
that are employed in the rest of this thesis.

3.1 Former Measurement System

This section quickly summarizes the first fast HRTF measurement system build
at the ITA previous to the current one. This system is used for some parts of
the subjective evaluation in Chapter 5 but ultimately suffered severe hardware
damages. These damages lead to the design and construction of the second
system whose construction is described in the following. Throughout this thesis,
references to this previous system are given.
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Figure 3.1: Close up view of one loudspeaker in a drop shaped enclosure as
employed in the first measurement setup [96].

The system, as seen in Figure 2.7, used 40 loudspeakers on an almost full circle
around the subject. The loudspeakers were housed in custom-built drop shaped
cases. The cases were selected and tested to have a low influence on the directivity
of the speaker and low reflections of neighboring speakers. Figure 3.1 shows
one speaker in the drop enclosure. The speakers have been placed on a thin
supporting structure. This enabled a free positioning of the loudspeakers on
the arc itself with the goal of achieving arbitrary samplings in elevation. The
subjects were standing in the center of the construction and were rotated around
their center axis. Device rotation could not be achieved using this setup as a
consequence of the lightweight design of the truss structure.

During the lifespan of the construction, several drawbacks had been discovered.
As the setup was constructed as an almost full circle around the subject (see Figure
2.7), it was rather problematic for the subject to climb into the construction.
While this is not a major concern for typical students and adults, the measurement
of children and especially elderly would be severely limited.

The main acoustic disturbance caused by the setup was identified as a pivot of
the main radiated power towards the side at high frequencies and reflections
between neighboring loudspeaker housings, even though the speakers where
designed to minimize this effect. While both could be improved by using multiple
weighted loudspeakers simultaneously to achieve a good overall directivity [97],
this approach resulted in a loss of time efficiency during the measurement.
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3.2 Construction

When the previous measurement system suffered severe hardware damages, a
construction of a new system was preferred to the repair of the old one as an
opportunity to overcome drawbacks from the old construction.

For the new construction, the drawbacks of the old system came into focus. A
closed design with one continuous surface is chosen for the new measurement
system. The speakers are integrated into the surface. Using this construction, all
reflections from neighboring loudspeakers are eliminated and also the placement
of more loudspeakers on less space is made possible.

The final construction consists of a vertical, incomplete half-circle construction
which houses 64 loudspeakers of 1” diameter. The half circle construction allows
for an easy, unhindered access, even with reduced mobility for example for elderly
subjects.

The arc itself is constructed as 64 identical segments which are comprised of a
small separate and closed volume of 0.051 per speaker and a rear part which is
used as a cable duct as well as two metal pieces that span the whole length of the
arc and increase vertical and horizontal stability. Figure 3.2b shows a 3D model
of one section without a speaker while 3.2a shows a top view of the segment
design. The first volume and the separated second chamber can be seen. Each
segment houses one loudspeaker in a fully enclosed volume. The loudspeakers
are placed, relative to the center of the arc starting at ¢ =-70° and every 2.52°
apart till ¢ =88.75° on top of the subject. These unusual distances enables
the sampling to function as an equiangular sampling in elevation, as well as a
Gaussian sampling of order go with only very small positional errors.

The radius of the arc, which also defines the measurement distance, is set to
1.2m. This was shown to be enough distance to limit audible near-field effects
(see Section 2.2.5), while still retaining a good SNR of the acquired HRTF.

Figure 3.3 shows the front view of one segment in the finished arc. The cables
are internally routed to the top of the arc, where they can be connected to an
amplifier with four Sub-D plugs. This cable management and the connection at
the top allows the arc to rotate without twisting internal cables.

Figure 3.4 shows the full new measurement setup from behind. The Figure shows

29



CHAPTER 3. HRTF Measurement System

A
5 cm

6 cm (b) Three  dimensional
model of one segment.

(a) Top view of one arc
segment. Both cham-
bers are visible.

Figure 3.2: Model of one car segment without internals. The frontal chamber
houses the speaker and is closed of completely. The second, smaller
chamber is used to house wires and supportive structures.

Figure 3.3: Close up view of one of the used loudspeakers in the arc.
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a measurement of an artificial head. At the top of the arc, the signal cables can
be seen. The closed and rigid construction also enables the full construction to be
rotated around the subject instead of using subject rotation. This again lowers
the strain on the subject as well as the required physical fitness.

3.2.1 Loudspeakers

The used loudspeakers are of the type Tang Band Wi-2025SA. They have been
selected because of their relatively small size of 1inch as well as a flat frequency
response. Figure 3.5 shows the frequency response in 2 meter distance at 1 Volt.
The frequency response can be considered as relatively flat between 500 Hz and
18 kHz. A sharp dip at approximately 15kHz is also visible. It is assumed that
this stems from a resonance in the loudspeaker membrane. This resonance is
problematic during the post-processing of the HRTF where a spectral division
with the reference is performed. The dip in the reference frequency response
increases the energy of the finished HRTF as the dip is slightly frequency- and
spatial-dependent and is thus not present in all measurements at the same
intensity and frequency. To avoid this behaviour, the reference is spectrally
smoothed [98]. The smoothed frequency response is also shown in Figure 3.5.

This resonance is also visible in the directivity plots of the loudspeaker. For
this, a spherical cap is measured in front of a single loudspeaker in two meter
distance. The cap is measured for § < 60° and 0° <= ¢ < 360° with the
loudspeaker orientated in the positive z axis. This way, an aperture of 120 ° of
the directivity was acquired. From this spherical cap, two perpendicular slices
are plotted, arbitrarily named horizontal slice for p = 0°,180° and wvertical slice
for o = —90°,90°. As the speaker is round, a perfect piston would not show any
differences between the slices.

Figure 3.6 shows two perpendicular slices as isobar plots. These plots show the
magnitude of the frequency response, relative to the frontal direction at § = 0°.
Each isobar line represents a change of 3dB. The plots show the main lobe of
the speaker in the center of its directivity. Towards higher frequencies, this main
lobe becomes narrower as expected. No side lobes are visible. The vertical slice
shows a slightly narrower lobe, indicating that the speakers are not rotationally
symmetrical. However, as the narrower lobe remains within 3dB deviation for
+10° until 20 kHz the speakers are suitable for the acquisition of HRTF data.
This aperture area is approximately the same size as the surface area of the head
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Figure 3.4: Full HRTF measurement setup from behind. Exemplary measure-
ment of an artificial head.
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Figure 3.5: Frequency response of the used loudspeaker in 2 Meter distance at
1 Volt before and after smoothing.

and shoulders of the subject. Any deviations outside of this field has only a small
influence on the measured HRTF itself.

Notably, the resonance frequency at approximately 15kHz mentioned in the
frequency response is again visible in the isobar plots.

As a comparison to these plots, a directivity of a different loudspeaker of the
same size is shown in Figure 3.7. This loudspeaker has been used in a previous
version of the measurement setup (see Section 3.1) [99]. While this speaker did
not exhibit the resonance behavior, a very pronounced deviation of the energy
from the main axis is visible between 12kHz and 14 kHz. Such a deviating main
lobe causes an unequal and uncontrolled sound field at the subject. The rotation
of the loudspeaker in the casing is not controlled which causes each deviating
main lobe to potentially be directed into a different spatial area. This results in
different parts of the subjects geometry to be subjected to more or less energy
than intended. This uncontrollable sound field makes the loudspeaker unsuitable
for HRTF measurements.

3.3 Measurement Signal

The measurement signal itself has a large impact on any measurement. As
described in Section 2.3.3, there are multiple ways to achieve a short measure-
ment time with parallelization of the measurement signals. In this work, all
measurements are done with interleaved sweep signals as introduced by Majdak
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Figure 3.6: Isobar plots of a directivity measurement of the used loudspeaker.
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Figure 3.7: Horizontal isobar plot of a directivity measurement of the loud-
speakers used in the first measurement setup.

[46] and optimized by Dietrich [47]. The signal consists of multiple exponential
sweeps that start with a short time delay twait relative to each other. This way,
multiple sweeps run in parallel at different frequencies. The time for a single
measurement of L = 64 loudspeakers, each corresponding to one elevation angle,

can be calculated as follows:
tsingle = (L‘l) twait + tsweep + tsty (31)

with ts as the stop margin of the signal, fsweep as the duration of a single
loudspeaker sweep and twait as a time in-between sweep starts of different loud-
speakers. The stop margin defines a time in which the system can respond after
the last excitation has finished playing. This time is dependent on the full system,
specifically on the room in which the measurement takes place. The duration
of a single sweep primarily depends on the used frequency rate and the sweep
rate which represents the frequency range in octaves divided by the length of the
sweep [46]. The optimization by Dietrich [47] returns an optimal sweep rate of
8.6 0?'. With this value, and a typically used frequency range between 500 Hz
and 22.5kHz, a single sweep duration can be calculated to tsweep = 0.657s. The
delay time twait is set to 3oms. A full interleaved sweep of all 64 loudspeakers

consequently is of length fgingle = 2.57s.
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3.4 Measurement Types

This section gives detail on two measurement modes that are used in this thesis.
The modes concern the subject rotation during the measurement. They are either
measured with step-wise or continuous rotation. As the measurement system
itself can rotate around one axis, the movement during the measurement can
either be from the rotation setup, or from a rotating subject on a turntable with
a stationary measurement system. For most considerations, these two options are
reciprocal and therefore interchangeable. To improve readability, only subject
rotation is discussed in the following; however, all principles also hold for a
rotation of the measurement system. All presented methods hold true also for a

rotating measurement setup.

3.4.1 Step-wise Measurement

The so-called step-wise measurement describes a more traditional HRTF mea-
surement in which the azimuth positions are measured sequentially. The subject
is positioned to one relative azimuth angle and stops there while the measure-
ment runs for all loudspeakers. After the time tsingle, when the measurement is
completed, the subject is rotated so that the next angle can be measured. This
process is repeated until all desired measurement positions are covered. The
measurement time depends on three parameters. The first is, of course, the
measurement time of one sweep of all 64 loudspeakers tsingle as shown in Equation
(3-1). Furthermore, the overall time depends on the time needed for the subject
to be repositioned to the next desired angle, called treposition, and the number of
total measurements N:

tfull,stcpwisc = tsinglc + (N - 1) (tsinglc + treposition) . (32)

Equation (3.2) shows the time calculation for a step-wise measurement using N
azimuth positions. Note that, strictly speaking, the repositioning time treposition
is also dependent on the number of repetitions N, as for less repetitions the
repositioning time increases as a greater angle needs to be covered by the move.
Using the step-wise mode, a measurement with a resolution of 5° in ¢ and 2.5°
in ¥ takes approximately 7 minutes. A measurement using the arm setup with
the same resolution would take approximately 5hours. This constitutes a vast
reduction in measurement time and makes spatially dense measurements on
individual subjects possible.
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3.4.2 Continuous Rotation

To further reduce measurement time and subject movement during the HRTF
measurement, the continuous rotation is introduced. This measurement mode
continuously rotates the subject inside the measurement system, or the system
around the subject without stopping.

A substantial decrease in measurement duration can be achieved. This measure-
ment mode is described and evaluated in detail in Chapter 6.
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While the last chapter described the construction of the measurement system,
this chapter contains an objective analysis of the quality of the acquired data.
This includes a comparison of measured data to reference measurements and
analytical solutions alike.

There are multiple factors that influence a single HRTF measurement. Starting
at the measurement chain, the loudspeaker is of course a big influence. A
flat frequency response is not as important as a good uniform directivity as
already discussed in Section 3.2.1. Amplifiers, digital/analog- and analog/digital-
converters introduce latency and their own frequency response, but are assumed
to be of high enough quality to be neglected in the following. The microphone
transfer functions only play a little role in the finished HRTF measurement, as
they are also used in the reference measurement. The microphones are placed at
the entrance of the ear-canal with either a blocked or open setting. In the open
setting, the ear canal resonance is included in the measurement. However, it
was shown that this setting does not affect the plausibility of reproduced sources
[21]. Other factors, like the influence of time variances in the measurement
environment, that have been shown to have a large impact on room acoustic
measurements [100] are avoided by using a reference measurement that is taken
a short time before or after the test measurements.

The biggest influences on the measurement are caused by three factors: The
disturbance of the sound field by the measurement setup, the position of the
subject inside the measurement setup and, in case of individual measurements,
subject movements during the measurements. This chapter evaluates the first
two factors, while the last one is described in Chapter 7.

The goal of this chapter is to give an overview of the influence of the measurement
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system itself on the measurement quality, as well as an objective and subjective
evaluation of spherical post-processing of the data.

In a first step, objective error measures are defined to quantify a single value error
from spherical data. Secondly, in order to analyze the impact of the measurement

system, several measurements with objects of increasing complexity are presented.
1

4.1 Error Measure

One of the most important tools of any objective comparison is a suitable
error measure to compare data. This section gives three error measures used
in the following comparison. The main problem when comparing HRTF data
is the number of dimensions. There are two ears with both a frequency and
directional dependency. A raw comparison, for example a simple difference
between measurement and reference, is difficult to visualize. To make the data
more manageable, simplification need to be done.

4.1.1 Spectral Differences

In the following, an error measure called Spectral Differences (SD) is used. It is
based on the inter-subject spectral differences introduced by Middlebrooks [102].
Middlebrooks computes a single value metric by first subtracting the dB values
of all frequency bins, component by component, from reference and individual
measurements. The variance of the resulting difference over the frequency is
calculated and finally the mean of the resulting variances over the whole sphere
is computed. For this thesis however, a frequency-dependent metric is desired to,
for example, show frequency-dependent influences of the measurement system
itself. To this end, the basic idea of the inter-subject spectral difference is used
to formulate the Spectral Differences (SD) metric as follows:

HRTF:(f, 7, ¢) D

HRTF:(f, 0, ¢) (4:2)

SD(f) = ow <20 logyo

Equation (4.1) results in a frequency-dependent value that is defined by first
taking the ratio of the linear HRTF frequency data (or subtracting them in dB)

*Parts of this Chapter have been previously published in [101].
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and then calculating a standard deviation over the whole sphere for each frequency.
Note that for increased readability, the dependency of the ear-side of the HRTF
is neglected here. The calculation is done separately per ear. Depending on the
used sampling of the HRTF, this standard deviation has to be weighted with
spatial weights as the sampling points might not be distributed evenly over the
sphere [103]. The spatial weights are calculated by a Voronoi decomposition on
the sphere [104]. This way, each error value is weighted with the part of the
surface area the measuring point represents. Equation (4.2) shows the definition
of the weighted standard deviation with the mean value calculation as shown in
Equation (4.3) for N measured points:

N
ow(@,w) = 4| D wi (2i — piw)” (4-2)
i=1
N
[ =Y wiwi, (4-3)
i=1

with w; as the spatial weights and x; as the measured values. To obtain differences
in phase over the sphere, the logarithmic operation is simply substituted with an
argument function

(4-4)

- HRTF1(f,9, ¢)
SDphase(f) = Ow (arg (m>> .

Note that these error measures disregard the mean constant error of the sphere
as only variances are evaluated.

4.1.2 Interaural Spectral Differences

The previously introduced measures cover differences in magnitude and phase
in a single ear. However, as described in Section 2.2, localization cues can be
divided into monaural and binaural cues. To account for differences in binaural
cues, the spectral difference measure defined in Equation (4.1) is again slightly

modified. ID:(f, 9
IAD(f) = o (20 log, %D : (45)
with
D, — HRTF; . (f, 7, ¢) (4.6)

~ HRTF: r(f,0,¢)
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Equation (4.5) defines a modified spectral difference measure for interaural
differences. In this measure, not the HRTFs per ear are compared, but interaural
differences. To this end, the separate ear data of each data set is first divided by
each other to obtain differences between the ears. These differences are then used,
analog to single ear data in Equation (4.1), by spectrally dividing and calculating
the weighted standard deviation of the logarithmic differences.

Again, a phase relation can simply be calculated analog to (4.4). These four
measures cover all monaural and binaural differences in HRTF and are used as

an objective measure to quantify measurement insecurities.

4.2 Measurement Setup

This section deals with the evaluation of measurement uncertainties caused by
the measurement system itself. The measurement setup is an error source in the
sound field, having both reflection and diffraction effects of neighboring speakers.
These effects are detrimental to the measurement itself, as HRTF measurement

assumes a plane wave.

This section deals with an objective evaluation of the influence of this disturbed
soundfield. To this end, several measurements with objects of increasing spatial
complexity have been performed which are described in the following.

4.2.1 Directivity

In the first measurement, called the directivity measurement, eight microphones
are placed in 5cm distance to each other, in a horizontal line in the center of the
measurement setup. The microphone array is fixed to a stand on a turntable with
the center of the array in the rotational center in the middle of the measurement
setup. By rotating the array, a circular area with 40 cm diameter was measured.
These measurements are used to approximate the sound field in the area that is
later occupied by the subjects head. Depending on the used loudspeaker in the
arm, the disk is orientated in different angles to the sound wave. The size of the
array is chosen to represent a typical size of a human subject inside the array.

Figure 4.1 shows a sketch of the measurement setup with the orientation of the
disk in parallel to the sound field for one speaker on ear level as seen from above.
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Figure 4.1: Sketch of the measurement setup as seen from above. The impulse
response from the source S to a microphone array of four receivers R
is measured. The microphones are rotated to cover a full disk. The
bold red segment of the outer microphone is used to approximate
the directivity in Figure 4.2.

The signal from the outer microphone is used to approximate the directivity of
the speaker setup within a limited angle representing the area of the head. Figure
4.2 shows this directivity as an isobar plot with 3dB distance between levels. The
directivity is uniform until approximately 6 kHz. For higher frequencies up until
14 kHz there is some visible distortion at the sides, mostly within 3dB of the
reference direction in 0°. Between 14 kHz and 18 kHz this distortion is reduced
contrary to the expectation. As a reference, Figure 4.3 shows the same section of
the directivity of the loudspeaker from the reference measurement system. As
expected, this system does not show as many disturbances in the sound field. The
plot shows an homogeneous sound field up until 14 kHz, where small errors start
to occur at the edges. The direct comparison shows that, while the sound field is
more disturbed during the measurement with the fast system, the disturbances
lie mostly within 3dB compared to the reference direction. The measurements
are expected to be relatively free of error up until 6 kHz, where some small errors
start to occur.

4.2.2 Sphere

As a second test, a solid sphere with diameter 13 cm was used to evaluate the
accuracy of the fast measurement system. To this end, the sphere, in which a
microphone can be placed such that the microphone sits on the spheres surface,
was measured in the reference measurement system described in Section 2.3.2
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Figure 4.2: Isobar plot of the approximated directivity measurement of one
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Figure 4.3: Reference isobar plot of the same angle segment shown in Figure 4.2,
measured from the loudspeaker used in traditional measurements.
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Figure 4.4: Spectral difference measure for two arc and one arm measurements
of a solid sphere.

and in the introduced fast system. Additionally, an analytical solution of a solid
sphere was created using plane wave scattering on a solid sphere assumptions [105,
p. 134]. From this data, both a comparison of inaccuracies of the measurement
systems against a simulation and a comparison of the two systems against each
other can be computed. Figure 4.4 shows spectral difference errors between the
acquired data. The comparison between the measurement using the reference
system and the analytical solution (===) shows a small error of under 1dB up
until 8 kHz. The error is continuously increasing with the frequency and reaches
approximately 2dB at 18 kHz. This error can stem from several uncertainties in
the measurement compared to the analytical solution. As the azimuth rotation of
the measurement can only be controlled using the time of arrival of the impulse
response, a small uncertainty concerning the correct orientation of the sphere
remains. Furthermore, a mismatch between both the spheres material, and the
speed of sound can potentially degrade the error without showing actual errors
in the measurement system.

Both errors also apply for the comparison between the arc measurement and

the analytical solution ( ). This shows a slightly larger error value overall,
lying between 1dB and 3dB between 3kHz and 20 kHz with occasional peaks.

The error is more noisy, indicating a more disturbed measurement. This might
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Figure 4.5: Plane wave on solid sphere at ¢ = 0°, ¥ = 0° shown from measure-
ment with arm and arc and from an analytical solution.

stem from the uneven sound field, seen in Figure 4.2. A large peak in error at
approximately 14 kHz certainly is the result of the resonance of the loudspeakers,
already seen in Figure 3.5. A very similar error can be seen for the comparison
between the two measurement systems ( ). As the sphere is identical for both
measurements, only a slight mismatch in orientation might remain, other than
the difference in the measurement system itself. Both the noisy course and peaks
can be seen in the comparison.

The error should be considered in the context of a reposition error of the fast
measurement system. This error, seen in the last curve ( ), is calculated from
two consecutive measurements. In between the measurements, the full setup
is disassembled and reassembled. This measurement is used as a second test
to validate the measurement setup. A comparably low error can be seen. A
critical frequency for an error increase is, as in the sound field analysis, 7kHz. At
approximately 13kHz a resonance from the loudspeaker increases the error again.

To better compare the errors and examine the cause of the increase, single
direction plots are shown in the following. Figure 4.5 shows the three data-sets
for the angle ¢ = 0°, ¥ = 0° relative to the microphone. It corresponds to the
position of the sphere, where the sound source is pointed directly towards the
microphone. The analytical solution ( ) shows no influence of the sphere on
the sound-field at low frequencies. Starting at 300 Hz the sound pressure rises
as the spheres starts to be reflective. This rise continues up until approximately
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Figure 4.6: Plane wave on solid sphere at ¢ = 160°, ¥ = 0° shown from
measurement with arm and arc and from an analytical solution.

8 kHz, where the sphere is fully reflective and behaves similar to an infinite plane.
The sound pressure is increased by 6 dB. Both measurements follow the same
course up until gkHz. Starting at this frequency, the sound pressure decreases
with the frequency until 0dB at 20 kHz. The arc measurement shows disturbances
especially at frequencies 7kHz and 15kHz. As this decrease is present in both
measurements, the cause is not disturbance from a measurement setup, but more
due to the measurement conditions. In the sphere, a 1/2” free-field microphone
is used. The free field assumption is violated if the microphone is mounted inside
the sphere which causes the seen deviation.

Another exemplary direction is shown in Figure 4.6. It shows the sphere mea-
surements for the direction ¢ = 160°, ¥ = 0°. General differences between the
analytical solution and the measurements are similar to the previous direction.
The measured sound pressure is lower than the calculated one. However, the
difference between the solutions is bigger than in the frontal direction. One likely
explanation is the influence of the gate above the microphone. This gate has a
larger influence at high frequencies if the sound propagation is not perpendicular
to the membrane. Both measurements are again very similar, with the arc
measurement slightly more disturbed, presumably from the measurement setup.

Both shown influences of the measurement microphone create a frequency-
dependent error, increasing with the frequency and causes the error shown
in Figure 4.4.
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Figure 4.7: SD error of the comparison between the traditional measurement
system, the fast measurement system and a BEM simulation of the
left ear of an artificial head.

4.2.3 Head

Lastly, a comparison of an even more complex object is done. As the measurement
setup is primarily used for the measurement of HRTF, an artificial head is a
well suited measurement object. It does have all the spatial complexity and a
comparable size to most human heads and can be used to test the reproducibility
as well. To this end, several measurements of an artificial head are acquired in
different measurement systems. As before, one measurement in a traditional
measurement system, used in the same measurement distance and at the same
positions, serves as a reference to compare against. Additionally, a Boundary
Element Method (BEM) simulation of the artificial head is computed. While the
simulation does not suffer from measurement uncertainties, such as positioning
errors, influences from the speaker directivity, or reflections from the construc-
tion, other uncertainty factors influences the results, with the unknown surface
impedance, or the surface of the eardrums for example. Figure 4.7 shows SD
values for three different comparisons for the left ear of the head. The corre-
sponding figure for data of the right ear can be seen in the appendix (Figure
A.1). As very similar results are obtained for the right ear, in the following, only
data from the left ear is shown. A comparison between the two measurement
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systems (=) shows a slightly higher overall value than the comparison for the
simpler object shown in Figure 4.4 ( ). The value is below 2dB up until
7kHz. At this frequency, a steep incline in error is visible which is followed by a
decrease up until 10kHz. The error increases with frequency, but remains below
approximately 3dB.

and

The comparisons from the measurements to the BEM simulation (

) shows an overall larger difference. Both curves are very similar to each
other, which suggests that an overlaying mismatch between the datasets occludes
differences from the measurement techniques.

In the following, this mismatch is examined with the use of three exemplary
comparisons of single directions between the used dataset. The observations
also highlight the shortcomings of the used spectral difference metric. Figures
4.8, 4.9 and 4.10 show three example directions of the left ear of the compared
HRTF. Three different causes for an increased error can be seen. In Figure
4.8 a large error at 6 kHz is caused by a resonance frequency that is differently
damped in all three data-sets. In a BEM simulation this can be caused by a
simulation mesh that is not fine enough to sample the resonance and is a common
occurrence at large resonance dips. The deviation between the measurements
are likely caused by disturbances from the measurement setup itself and are of
high interest for an evaluation. Both comparisons have a very large error of
at least 20dB at this frequency point. In Figure 4.9, a different error causes
large errors. Here, the resonance frequencies at approximately 7kHz, 12kHz
and 14 kHz are measured with a slight frequency mismatch between the three
datasets. These mismatches might be a result of different temperatures while
acquiring the datasets. A temperature shift shifts the speed of sound and thus the
resonance frequency. While otherwise matching very well, the spectral differences
are large at multiple adjacent frequencies. Lastly, in Figure 4.10, a mismatch
between the simulation and the measurements is visible between g kHz and 10 kHz.
In this frequency-band, the simulation exhibits two resonances that are not as
pronounced in the measurements. These resonances might be the pinna material.
While it is assumed to be infinitely rigid and reflective in the simulation, the
real material behaves differently which could cause these resonances to be more
damped.

From these observations, the need for better suited error measure becomes clear.
While the undamped resonances in the simulation might be a fault that is
worth noting, a perceptual model should be taken into account that assesses the
relevance of these differences. The frequency mismatch of the second example is,
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Figure 4.10: Direction ¢ = 173°9 = —8° of the left ear of a measurement in

the arm, the arc and from the BEM simulation.

most likely, of little relevance to the perception of the filter. In the future, an
advanced error measure is needed which is more differentiated between audible
and non-audible differences. The use of the Notch Frequency Distance metric
introduced by Iida [106] combined with a just-noticeable difference for notch
frequency shifts might be a good starting point to compensate for these kinds of
€rrors.

However, as most of the discussed errors mainly affect the comparison between
measurements and simulations, the error measures can still be used for compar-
isons between measurements which is done in the remainder of this thesis.

Additional to the comparisons between datasets to evaluate the error, uncertainties
in the measurement system itself can be characterized with the repetition and
reposition error. To this end, three measurements of the artificial head are
acquired in the fast measurement system. Between the first and the second
measurement, the artificial head is not touched. The measurements are taken
subsequently with little time delay to reduce influences from time variances in
the measurement room. A comparison between the two measurements therefore
shows a repetition error without influences of positional errors. Between the
second and the third measurement, the measurement system is disassembled and
reassembled. The subsequent comparison shows the reposition error: A repetition
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Figure 4.11: SD error of the repetition and reposition error inside the fast
HRTF measurement system.

with the additional influence of positional uncertainties. Figure 4.11 shows both
comparisons and also includes the comparison between the measurement systems
form Figure 4.7 as a reference curve. As expected, both repetition (=) and
reposition error ( ) exhibit a lower overall error than the comparison between
measurement systems while the repetition error is again lower than the repetition
due to the missing influences of the position. Both errors are slightly increasing
with frequency.

Old Measurement System

For the sake of completeness, a comparison between the previous fast measurement
system, and the system introduced in Chapter 3 is done analogously. One
measurement of the fast measurement systems each are compared against a
measurement from the traditional measurement system. As the fast measurement
systems use a different measurement distance, the reference measurement is
different for both comparisons. Figure 4.12 shows the comparison. Both error
values are of comparable size and show approximately the same increase over
frequency. Overall, the errors from the previous measurement system are slightly
larger than from the new system. This increased error might by a result of
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Figure 4.12: SD error of a measurement of an artificial head in both the old
fast measurement system and the described measurement system,
compared to a reference measurement.

reflections between the speakers, or the uneven directivity shown in Figure 3.7.

4.3 Influence of the Spherical Harmonic Decomposition

This section deals with the influence of the post-processing using the spherical
harmonic decomposition, described in Section 2.6 and used in the following to
interpolate HRTF's.

To evaluate the influence of the decomposition on measured data, a HRTF mea-
surement of 5°equiangular resolution is used, decomposed to spherical harmonic
coefficients, and reconstructed to the same measurement positions. A spatial
difference between the original measurements and the reconstructed data gives
an indication on the error introduced by the transformation. This error is caused
by the order limit during the transformation, called truncation error, aliasing
effects by the selected transformation order and numerical uncertainties during
the inversion of the transformation matrix. These numerical uncertainties can be
caused also by missing data in the sphere for example from the missing bottom
cap.
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Figure 4.13: SD error for different maximum order limits during SH transfor-
mation.

Figure 4.13 shows the overall SD error for multiple upper order limits, ranging
from order 45 up to order go. It can be seen that, while the error is low in
magnitude for low frequencies, with order 45 a relatively large error of 2-3dB is
present at high frequencies. Using a higher upper order limit, this error decreases
as expected. For order 75 the error is below 1 dB over the whole audible frequency
range. As a result of this investigation, the upper order limit is set to 75 for all
transformations shown in this thesis.

4.3.1 Subjective Evaluation

To evaluate the audible difference of the spherical harmonic transformation, a
listening experiment has been conducted. The test evaluates up to which order
the transformation introduces audible artifacts into the measurement. To this
end, a Three-Alternative Forced-Choice (3AFC) experiment design was chosen.
During this test, three stimuli are presented to the subject. Two of the stimuli
are taken from one random direction of the reference HRTF. The third stimulus
is taken from the corresponding HRTF direction with changing upper order
limit of the SH transformation. The stimuli are generated by convolving the
respective selected HRTF with a pulsed noise stimulus containing three white

54



4.3. Influence of the Spherical Harmonic Decomposition

Table 4.1: Five selected positions for the audibility listening experiment.

e[’ 355 70 75 80 85
0[°] 542 56.7 56.7 109.6 114.7

noise pulses, each 300 ms in length with 200 ms pause in between. Two different
independent variables are tested. The first variable is the upper order limit of
the spherical harmonic transformation. Five different orders have been selected
using a pretest. The orders have been selected as 4, 8, 12, 16 and 20. The
second independent variable is the source direction. As the error varies over the
sphere, an influence of the error might occur. Five directions are selected from
the measured directions of the five degree azimuth resolution static reference
measurement. The directions are selected in a way that the error in the direction
must be monotonously decreasing between transformation order maximum of 1
to 20. The directions can be seen in Table 4.1.

To reduce the influence of guessing, each stimulus pair is tested ten times. The
total number of stimuli tested for each subject is calculated as:

Directions HRTFs Repetitions
5 . 5 . 10 = 250

24 subjects are tested in five randomized blocks of 5o stimuli each. The subjects
have a mean age of 25.7 years with standard deviation of 4.4 years. Nine
subjects are female and 15 subjects are male. Two subjects self-reported previous
experience with HRTFs and binaural listening.

Figure 4.14 shows the detection rate averaged over all directions per SH order.
A high detection rate signifies a high audibility in the differences. As expected,
a clear decrease of audibility towards higher upper order limits can be seen.
Starting at order 16, the mean of the detection rate of all subjects lies at the
guessing probability, indicating that, on average, subjects are not able to tell a
difference between reference and stimulus.

4.3.2 Discussion

While the subjective evaluation suggests no audible differences even at relatively
low transformation orders, no general conclusion can be drawn from the test.
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Figure 4.14: Relative detection rate over the tested reconstruction SH order,
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Figure 4.15: Middlebrooks spectral difference values for all directions over the
SH order. All five tested directions are also shown.

This is partly down to the selection of the stimuli. Figure 4.15 shows Middlebrooks
spectral differences for every direction per SH order as a boxplot. While a slight
reduction of the mean error is visible, the reduction of error outliers is more
apparent. The figure also shows the five selected tested directions. As can be
seen, the directions all lie in the higher outliers for low SH orders and in low
outliers for higher orders. This introduces a bias towards higher SH orders into
the test and suggests that the average audibility of the transformation influences
are different.
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Subjective Evaluation of Localization
Accuracy

One important aspect of acquiring HRTF is of course their use in binaural
synthesis applications. In these applications, localization of sound sources is one
factor in the quality the synthesis. This chapter presents subjective localization
experiments using HRTFs from fast HRTF measurement systems. The goal of
these experiments is to validate the quality of the measurement setups itself.

Three different evaluations are presented. First, experiments using static sound
sources are performed. In these experiments, the stimulus consists of one single
HRTF direction and is presented to the subject using headphones. If the subject
moves their head during the stimulus presentation, the source stays at the same
position relative to the subject’s head center. Therefore the source moves in
union with the head. From the three experiments presented in the following, two
are experiments with static source reproduction. In the first experiment, the
influence of the measurement setup itself is evaluated. In the second experiment,
the gain from individual measurements is studied. The third experiment uses
dynamic reproduction. Contrary to the static reproduction, the subject’s head
movements are tracked. From the resulting movement information, the location of
the virtual sound source is updated during the movements. If the subject moves
the head, the sound source remains stationary relative to the room. Generally,
a reduced localization error and front-back confusion is expected with dynamic
reproduction.
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5.1 Localization of Static Sound Sources

This section presents the results of two separate listening experiments using
static sound sources. While the static reproduction of sound sources is easy
to implement and does not require additional computational steps that could
potentially introduce errors, it does not represent a natural listening environment
as described in Section 2.2.1. However, many previous investigations using this
method exist which makes a comparison and validation of the findings easier. The
results from these investigations can not be compared against results using real
sources, as a presentation of a stimulus with loudspeakers would be a dynamic
reproduction situation in which the subject is able to move their head to improve
localization.

Because of these limitations, the two experiments are structured as follows: In
the first experiment multiple directions of two measurements of the same artificial
head are presented. The first measurement is taken with a traditional HRTF
measurement system using only one loudspeaker. The second measurement
is acquired using a fast HRTF measurement system. The comparison is done
to investigate if the use of the fast system introduces so much errors that the
localization ability is limited. It can be regarded as an subjective evaluation
of the disturbances in the sound field found and discussed in Chapter 4. The
second experiment compares the localization ability using non-individual HRTF's
from the same artificial head to individual HRTFs. All measurements for this
experiment are performed in the same measurement setup. This experiment
is performed to gain further insight into the performance of the system. As
the localization ability is suspected to be more precise with individual HRTF's,
errors introduced by the system are more likely to impact the results than with
non-individual HRTFs. The global performance can be compared to existing
publications that make use of the same presentation and reproduction methods.
This experiment further serves to quantize the quality of the acquired HRTFs
as an increase in localization performance is expected. The magnitude of this
increase can be an indicator on the quality. Note that both experiments use
HRTF data from the previous fast measurement setup described in Section 3.1
and introduced by Masiero [96].

Firstly, the used pointing method for both experiments is introduced. This is
followed by a definition of used error measures to quantize the localization error

and results for both experiments. *

*Parts of this chapter have been published in [79].
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5.1.1 Pointing Method

To evaluate the localization ability given a set of HRTF, a pointing method
is required by which the subjects can indicate the perceived sound location.
Different pointing strategies are introduced in Section 2.4.

The chosen pointing method uses a display in front of the subject. On this
display, an arrow, representing the subject, and a sphere are shown. On the
sphere a cross-air can be used to indicate a position. All elements are shown
from a perspective behind the sphere looking into the same direction as the
subject from a slightly elevated position. For reasons of visibility, the sphere
itself is only stylized as a circle representing the horizontal plane and two quarter
circles indicating the position of the frontal plane. Additionally, helper lines in
five degree resolution in azimuth and elevation are plotted in a sphere segment
that the cross air currently occupies. This lets the subjects perceive the three
dimensionality of the sphere as intended, without occluding important parts of
the sphere unnecessarily.

The cross-air itself is controlled using the analog sticks of a gamepad. This
combination of display and pointing device leads to a categorization of this
method as an extrinsic pointing method.

After the cross-air is set to the perceived location, the subject can push a button
to fix the directional input. Alternatively, the subject is able to signal an in-head-
localization when no externalization of the sound source can be perceived. In
this case, the cross air vanishes and the arrow indicating the subject changes
color to signify the in-head localization. Additionally, the subject has the option
to flip the viewing direction to the front of the sphere using a different button to
make pointing to badly visible parts of the sphere easier. The full user interface
can be seen in Figure 5.1.

5.1.2 Error Measures

From the collected data, different error measures can be extracted. The most
intuitive error measure is the use of differences in the indicated position described
by the two spatial angles ¢ and . While these angles are a good way to
describe points on a sphere, two different angles are better suited in the context
of localization. In this context, one likely mistake is an error along a cone of
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Figure 5.1: Graphical User Interface of the pointing method [79].

confusion (see Section 2.1.3) where the binaural cues are all identical. Without
visual aids, small head movements, or another means to obtain more spatial
information, errors along the cones of confusion are very common even with perfect
individual HRTFs. An error along a cone of confusion is therefore expected and
does not give much information about the quality of the binaural synthesis and
the used HRTF. The quality of the presentation can be measured by deviations
from the expected cone of confusion. However, both ¢ and 9} change along each
cone. Therefore an isolation of expected errors, meaning errors along those cones
of confusions, from not expected errors, can not be achieved using these angles.

Two different angles are defined to better represent these errors along the cones
of confusion. These angles are defined analog to ¢ and ?) but on a rotated system.
Instead of the angle from the z-axis towards the point, the angle « is defined
as the angle from the y-axis towards the point and the angle [ is defined as a
rotation around the y-axis [107]. Figure 5.2 shows the definitions of « and 3 as
well as the traditional angles ¢ and . In the context of localization accuracy, a
deviation of the « angle describes a deviation from the expected cone of confusion,
while the difference in 3 angle error indicates the error on the cone of confusion
itself.

While the deviations from the desired cone of confusion can be described using
the angle «a, certain care has to be taken when interpreting the results of the

60



5.1. Localization of Static Sound Sources

Figure 5.2: Visualization of ¥ and ¢ angles compared to a and § angles.

angle 8. This angle artificially inflates the deviation towards the sides where the
poles are [26]. The same spatial deviation at o = 5 °is large in § compared to
a =90° as the cone of confusion is small in circumference near the poles.

In the following, results from the o angle and hemisphere confusion in percent
are given to quantify the results. The combination of both values provides a
conclusive measure of the localization ability.

Hemisphere Confusion

As an additional error measure, the so called hemisphere confusion is used. A
hemisphere confusion is counted if the angle 3 is larger than go °. In these cases
a confusion of the source from the front to the back, or vice versa has occurred.
The sum of the occurrences of both errors relative to the total number of stimuli
played is the hemisphere confusion error.
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(b) Side View of all virtual source posi-

(a) Top View of all virtual source posi- tions in the median plane.

tions in the horizontal plane.

Figure 5.3: Top and side view of all virtual sound source positions. Red speakers
indicate the positions which also feature elevated positions.

5.1.3 Comparison of Measurement Setups

The first experiment deals with the question whether the fast measurement
influences the localization ability of the acquired HRTF. To this end, 21 subjects
are instructed to localize stimuli from measurements of an artificial head HRTF
using both fast and traditional measurements. For the task, 24 different spatial
directions are chosen on a sphere around the subject. Each direction is tested
six times per subject to reduce bias from the pointing method, fatigue effects or
learning effects. To reduce bias from different loudness of the stimuli as a result
of the spatial filter, the amplitude of the finished stimuli is changed within the
range of +5dB in 1 dB steps as applied by Makous and Middlebrooks [60] and
van den Bogaert [108].

From the 24 positions, twelve positions are on the horizontal plane spaced every
30 ° starting in the frontal direction of ¢ = 0°. The remaining twelve positions
are split between positions in elevation 9 = —30° and ¥ = 30°. As shown in
Figures 5.3a and 5.3b, on each elevation level there are six source positions
covering the front and back directions at ¢ = —30°,¢ = 0°,¢ = 30° and at
¢ = 150°,¢p = 180°,¢ = 210° azimuth respectively. All sources are placed with
1m distance to the subject, which corresponds to the measurement distance of
the used fast measurement setup.
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Figure 5.4: Localization experiment results from the comparison between two
different measurement setups.

The used full-phase HRTFs have a length of 512 samples. Each HRTF is convolved
with a pulsed white noise stimulus with three pulses, each 300 ms long, with a
pause of 200 ms. The stimuli are played back using Sennheiser HD6oo headphones
which are individually equalized using a method proposed by Masiero and Fels
[20] (see Section 2.2.1). It should be noted that with this stimuli length no gain
in horizontal localization accuracy is expected from small head movements when
presenting sounds with loudspeakers [109, 110]

Results

Figure 5.4a shows boxplots of averaged results of the @ deviation between pre-
sented and indicated position for both HRTF conditions. The error of all repe-
titions to all source position is averaged per person. It can be seen that both
conditions have a similar mean error value. The mean error is approximately
18 ° for both conditions. The interquartile range from 25% to 75% over the two
different test subject sets are also of comparable size, with a slightly bigger box
and lower mean for the measurement arc. No statistical significance between
the two datasets exists. Table 5.1 shows ANOVA results of the comparison of
all relevant error measures. Mean and standard deviation values can be seen in

Table 5.4.
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For the hemisphere confusion percentages, shown in Figure 5.4b, also no statistical
significant difference exists. The percentages mean range from 35% for the
measurement arm to 38% for the measurement arc.

The lack of significant difference leads to the conclusion that no difference in
localization ability is detected between the measurement setups. However, not
that from the experiment it can not be determined, if there are no noticeable
differences in spatial position, or if the pointing method introduces to much
uncertainty in the position that fine differences can not be repeated.

Table 5.1: Variance analysis of in-between subject data of localization perfor-
mance with HRTFs from two different measurement systems [79].

Error Measure F(1,36) p-Value n?
Azimuth F<i1 p=060 7n°=o.01
Elevation F<1 p=063 n?=o.01

«a angle F<i1 p=068 7°=o0.00

The obtained results are of comparable size to previous published research. In an
experiment with g subjects, Begault et al. [78], subjects localized speech stimuli
from static sound sources with non-individual HRTFs. They report localization
errors in azimuth of 21°and 18°in elevation. In this study, a large front-back
confusion error of 59% is reported, while in a separate study with 11 subjects [4]
the front-back error rate of 29% is reported.

5.1.4 Individual HRTFs

In a further step to evaluate the measurement setup, a second static localization
experiment is conducted. To evaluate the validity of the acquired HRTF, indi-
vidual measurements are compared in an identical experiment against artificial
data. The expectation, founded on previous studies on localization ability using
individual HRTF data, would be a significant reduction in localization error and
front-back confusion errors (see Section 2.4).

In this experiment 16 subjects participated (12 male, 4 female). The subjects
individual HRTF is measured at a separate date before the experiment. Measure-
ments are acquired in 30 ° steps in azimuth and 5° elevation steps.

The experiment itself is identical to the previous experiment including all settings
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Figure 5.5: Localization experiment results from the comparison between indi-
vidual and non-individual HRTFs.

of the used HRTF, the virtual sound source positions, the number of repetition
and the loudness variations to make the experiments comparable.

Figure 5.5a shows a deviation values for both artificial head data and individual
measurements of 16 subjects in a within subjects comparison. As expected, the
average «a deviation value decreases with the use of individual HRTFs. This
decrease has been found to be statistically significant. Results of the ANOVA
analysis can be seen in Table 5.2.

The most pronounced reduction in localization accuracy is achieved in the
elevation accuracy for elevated sound sources. Figure 5.6 shows the perceived
elevation, averaged over all positions, for all three elevation levels for both subject
groups using the artificial HRTF reproduction (=) and individual HRTF (=)
respectively. The figure shows the increase in elevation perception clearly. For
the elevated sources, the perception is noticeably closer at the sources.

Additionally, the hemisphere confusion errors for both HRTF conditions can be
seen in Figure 5.5b. This error shows the percentage of a front-back or back-front
confusion. A confusion is counted, if the 3 error is greater than go°. As expected,
a significant reduction of front-back confusion errors has been achieved by the
use of individual measurements. An ANOVA analysis of the confusion errors can
be seen in Table 5.3.
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Table 5.2: Results from one-way ANOVA comparing results from artificial-head
HRTFs and individual HRTFs [79].

Error Measure F(1,34)  p-Value n?
Azimuth 7.40 p <005 n°=o018
Elevation 13.39 p<0.001 7?=o.-29

a angle 7.44 p<0.05 n?=o0.18

The results showed that a significant reduction in localization error could be
achieved with the use of individual HRTFs. This reduction influences both
the a error and the front-back confusion errors. A comparison to previously
published literature shows good agreement with the results, giving credibility to
the experiment. Middlebrooks [26] reports mean localization accuracy of static
sources and individual HRTF of 14.5° as a angle error and 10.2° of elevation
error. For this experiment, 18 subjects were used and a nose pointing mechanism
was employed. In a study by Wightman and Kistler [61] eight subjects were
tasked with the localization of short white noise bursts. The reported azimuth
angle errors range from 16.1°to 29.8°, depending on the source direction. The
reported front back reversal rate was approximately 20%.
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Table 5.3: Results from one-way ANOVA comparing occurrence rates for all
sector errors with artificial-head and individual HRTFs [79].

Error Measure F(1,34) p-Value n?
Front<Back 6.18 p <005 n?=o0.16
Up<4»Down 1098 p<005 n?=o0.25

Left«+>Right F<i1 p=046 7°=o0.02

Table 5.4: Mean and standard deviation values for «, # and hemisphere confu-
sion error for measurement setup comparison and individual HRTF

data.
Arm Arc Individual
5 s 5
N
o M e s e
Confusion Error g/izan ig ZZ ?IZ ZZ ZZZZ
IO O ot
Elevation Mean 20.24° 18.99° 13.93°

Std 16.18°  16.29° 13.94°

5.2 Localization of Dynamic Sound Sources

An additional validation is performed using the newly constructed measurement
setup described in Chapter 3. This section deals with this separate listening
experiment aimed to evaluate localization accuracy when using dynamic sound
sources®.

Contrary to a static sound source used in the previous experiments, a dynamic
sound source stays at the same position in a global coordinate system, even if the
subject is moving. The real world analogy for this reproduction is a real speaker
in a room. To achieve a dynamic source using binaural synthesis, two conditions
need to be fulfilled. First, the subjects movements need to be tracked during
playback. This allows to react to the movement as the relative position between
source and receiver changes. Any change in angle needs to be reflected in a

2This section is based on a subset of already published data [111].
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change in the used direction of the HRTF. This leads to the second requirement:
A spatially dense HRTF to select the filters from.

As introduced in Section 2.4.1, humans improve the localization accuracy by using
small head movements. With a dynamic reproduction, these head movements
results in a change of spatial cues which is expected to enable a better localization
accuracy than static reproduction as well as a reduction in front-back confusion.

5.2.1 Experiment Design

The presented experiment aims to study two different main effects. The first
effect is the difference in localization accuracy from the use of individual HRTF
as compared to HRTF from artificial heads. This test is comparable to the
experiment presented in Section 5.1.4. The results are reported again as multiple
factors in the experiment design are different which could influence the results.

The second factor is the influence of a dynamic reproduction using tracked
subject movements during playback. As described in Section 2.4.1, a increase in
localization accuracy is expected from the dynamic reproduction. Both factors
result in four different reproduction methods listed in Table 5.5.

Table 5.5: Four reproduction methods.
HRTF reproduction

artificial static

artificial dynamic
individual static
individual dynamic

To test both factors, eleven spatial positions are selected as defined by Table 5.6.
The positions are grouped into three categories, depending on their position on
the horizontal plane. The three categories are Front, Side and Back. The spatial
position category is regarded as a third independent variable of the experiment.
Each stimuli for each direction and reproduction condition is repeated four times
per subject. The total number of presented stimuli can thus be calculated as:

Dir. HRTFs Rep.
11 . 4 . 4 = 88
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Table 5.6: Eleven spatial position tested in the described experiment.

%) 0 Category
0° 60° Front
0° 90° Front
350° 90° Front
350° 120° Front
300 ° 90° Side
292.84° 70° Side
247.16°  70° Side
240° 90° Side
190° 90° Back
180° 60° Back
180° 90° Back

Subjects

The test is performed by 14 right handed subjects (50% women) between 20
and 27 years (23.6 £ 2.4) old. The subjects are invited in 6 sessions. The first
session is used to measure the individual HRTFs and HpTFs. In the second
session, the subjects are trained using the pointing method using visual feedback.
Before Sessions 3 and 4 the hearing ability of the subjects is checked using
audiometry. These sessions originally were supposed to be the main experiment,
but due to an error in the post-processing of the individual HRTFs, the data is
not usable. The sessions can however be regarded as further training without
feedback. Sessions 5 and 6 include the presented experiment with stimuli for an
additional independent variable. This data is published in [111]. Each session
has a duration of approximately 45 to 50 minutes to avoid fatigue of the subjects.
The stimuli are presented in random order.

ITD-Matching

As it is not possible to perfectly position subjects during the individual HRTF
measurement, a slight mismatch between the measured coordinates and the actual
subject position in azimuth can not be ruled out. This error would also affect
the reported localization accuracy, as the subjects would perceive the source
at a different location than intended by the experiment setup. To correct this
behavior, the reported azimuth angles are subtracted by the mismatch of the
subjects ITD. For this, it is assumed that the ITD is zero at the front direction
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of ¢ =0°. The ITD is estimated from the HRTFs using methods introduced by
Katz and Noisternig [112].

5.2.2 Pointing Method

Compared to the previously presented experiments, the used pointing method is
changed for the following one. The main reason for this change was difficulties
with the use of the gamepad reported by subjects. This potential drawback in the
accuracy, combined with a known increase in difficulty using exocentric pointing
methods (see Section 2.4.1), lead to the adoption of the proximal point methods
introduced by Bahu [72]. This method makes use of a hand-held, tracked pointing
device that the subject positions near his head at the location where the sound
is perceived. As the coordinate center for this pointing method is in the center
of the head this method constitutes as an egocentric method.

As the subjects are able to retain their body and head position, closed loop
localization, where the stimulus is played while the subject is pointing, is feasible
using this method. As a downside, not every part of the head can be easily
reached using just one arm. As a result, the selected source positions are all
placed on the right hemisphere and subjects are selected to be right handed. The
subjects are not limited in their movement but can behave normally.

5.2.3 Stimuli

The participants are tasked with localizing a train of pulsed white noise. The
frequency range is limited between 100 Hz and 20 kHz to provide high frequency
cues needed for localization tasks [113]. The pulses are composed of alternating
pulses of 0.3s and 1.2 bursts with 50 ms on- and offset ramps interrupted with
100ms pauses. This results in a total stimulus length of 3.7s. This length is
chosen as previous research suggested that a length smaller than 2s does not
facilitate the use of head movements sufficiently [109].

5.2.4 Results

Two main hypothesis are evaluated from the subjects responses. The first hy-
pothesis is, analog to the experiment using only static sources, that the use of
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Figure 5.7: Absolute ¢ error for all four reproduction methods separated for
the three direction groups.

individual HRTF's are beneficial to the overall localization accuracy. This hypoth-
esis also tests the consistency and repeatability of previous experiments. The
second hypothesis being an additional gain from the use of dynamic reproduction
(as shown for example by Wenzel [25]).

Azimuth Error

Figure 5.7 shows the absolute error in the angle ¢ over the subjects. The
plot shows all four reproduction methods as boxplots. Additionally, the position
condition is split into the three categories front, side and back. The first hypothesis
can be tested with the comparison of data acquired from artificial HRTFs (=
and —) and individual HRTFs ( and ).

A clear reduction of the absolute error in ¢ can be seen for sources in front of the
subject in both artificial head and individual sources when dynamic reproduction
is used. At the sides and the back however, the reduction is not as pronounced.
All data is corrected for front-back confusion which results in reduced values
especially for front directions where the majority of confusion happens and the
added angle is the largest. The presented results are therefore free of any effect
that a reduction of front back confusion has and shows only the gain in accuracy.
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The effect of front-back confusion is evaluated separately in the following.

The main effect, meaning averaged over both static and dynamic reproduction,
as well as over all positions, does not result in a statistically significant difference,
as shown by ANOVA testing. This indicates that, contrary to the expectations,
no difference between artificial head and individual HRTF reproduction can
be detected. However, the interaction of both HRTF and reproduction and
reproduction and position reveals a significant difference. Table 5.7 shows detailed
results of the ANOVA analysis.

Table 5.7: Results from ANOVA analysis of the absolute ¢ error values. No
significant main effect, but significant interactions are found.
Absolute ¢ F-Value p-Value
HRTF F(1,10) = 2.5 p > 0.05
HRTF x Reproduction F(2.54,25.42) = 3.7 p<0.05
Reproduction x Position F(2.23,22.27) = 3.48 p < 0.05

Hemisphere Confusion Error

During localization, sources that are placed in front of the subjects are oftentimes
localized in the back due to missing visual cues. Likewise, but usually not as
frequently, the opposite error, a back-front confusion, can take place. Figure 5.8
shows both errors separated for all conditions and direction categories. Similar
patterns as the analysis of azimuth error can be seen. In frontal directions,
clear differences between static and dynamic production can be observed. This
observation is in line with expectations and previous research. The additional use
of individual HRTF does seem to further reduce the errors, but the reduction is not
as pronounced. Significance testing using ANOVA tests revealed a significant main
effect of the HRTF. Additionally, a significant main effect of the reproduction
method is found. These two results confirm the expectations from previous
research. The occurrence of hemisphere confusion is reduced by the use of
individual HRTF and is reduced with dynamic reproduction. The main effect of
the position is not significant indicating that the number of hemisphere errors does
not depend on the source position. This result is contrary to the expectations, as
previous research showed that the number of front-back confusions are generally
higher than the number of back-front confusions. Table 5.8 shows detailed results
of the ANOVA analysis.
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Figure 5.8: Hemisphere confusion error in percent for all four reproduction
methods separated for all three direction groups.

Table 5.8: Results from ANOVA analysis of the hemisphere confusion error
values. Significant main effects are found for HRTF and reproduction.

Absolute ¢ F-Value p-Value
HRTF F(1,10) = 8.69 p < 0.05
Reproduction  F(1.38,13.72) = 13.92 p < 0.05
Position F(1.37, 13.73) = 1.73 p > 0.05

Alpha Error

A combination of both errors can again be seen in the « error values. These
values are independent from hemisphere confusion and are thus well suited for
an objective evaluation. Figure 5.9 shows the a error of the two reproduction
methods with both non-individual and individual HRTFs. For this error measure,
the main effect of the reproduction is also significant (F(3,36) = 9,403, p <
0.05). A Bonferoni post-hoc test showed significant differences between the
static artificial head reproduction and both dynamic artificial and individual
HRTF reproduction methods. Mean difference values, standard error and lower
and upper confidence intervals are shown in Table 5.9. This result reflects the
expectation so far that there is significant difference in using dynamic reproduction
when using artificial heads or individual HRTF. However, there is no difference in
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Figure 5.9: Absolute « error for all four reproduction methods separated for
the three direction groups.

Table 5.9: Results from Bonferoni post-hoc test on different reproduction meth-
ods. Only data significant compared to static, artificial-head repro-
duction is shown.

Error Measure Mean Diff. Standard Error Lower CI  Upper CI
Dummy Dynamic 10.89 2.27 3.75 18.04
Ind. Dynamic 10.40 2.42 2.78 18.03

the static reproduction between the methods which is inconsistent with previous
experiments. No other main effect is found. The influence of the stimuli direction
is not significant (F(1.14,13.677) = 1.953, p > 0.05) after Greenhouse-Geisser
correction for sphericity. Furthermore, no significant interaction could be found.

5.2.5 Conclusion

In this chapter, the results of three different localization experiments were
presented. The goal of each experiment was to study a different aspect of the
measurement setup. The first two experiments investigated static sound source
reproduction, while the third experiment used dynamic sound sources. The
first experiment compared HRTF from a traditional measurement against a fast

74



5.2. Localization of Dynamic Sound Sources

measurement. No significant differences could be detected indicating either no
audible difference between the datasets or differences too small to be shown by the
used pointing method. The second experiment investigated localization accuracy
using individual HRTF. Here, a significant reduction in both localization error
and front-back confusion could be found in line with the literature. This indicates
that the quality of the acquired HRTF's are performing as expected and no quality
limitations could be found.

As the HRTFs used in the first two experiments are acquired using a previously
used fast measurement setup, the experiment is repeated using the setup described
in Chapter 3. Additionally, the experiment tests the influence of a dynamic
reproduction. The results show expected trends. For « error values, a significant
difference between static and dynamic reproduction is found. Additionally, a
significant reduction of hemisphere confusion was found. This is in accordance to
findings of Begault and colleagues who measured confusion rate differences up to
31 % [114]. For the difference between non-individual and individual HRTF's a
significant reduction of hemisphere confusion of about 3% was found.

However, no significant difference could be found when comparing « error values
for static artificial head reproduction to individual HRTF which is not according
to expectations. An imbalance in the chosen measurement positions might be a
cause of this as the differences for lateral sources are small.

The overall results from this chapter indicate that the performance of the mea-
surement system is in good agreement with expectations based on localization
tasks from literature. However, several conclusions can be drawn with regard to
an evaluation of the quality of the acquired HRTFs. From experiment one, the
conclusion is drawn that the measurement system does not add so much error as
to falsify localization cues in the HRTF. Experiment two and three show that
localization using individual HRTF from the fast system works with comparable
accuracy than systems used in the literature. The results of this investigation
further confirm that dynamic reproduction enables a more accurate localization
compared to static reproduction.
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Continuous Rotation

As described in Section 3.4, two different measurement methods are available
for the HRTF measurement. This section evaluates the influence of continuous
rotation during measurement. Only influence of the measurement procedure
itself is discussed while the influence of the measurement on involuntary subject
movement is detailed in Chapter 7.

Firstly, the expected time advantages of the continuous motion is shown. A
detailed analysis of multiple measurement uncertainties is followed by an objective
evaluation of different rotational speeds. The additional measurement uncertain-
ties’ influence stems from multiple different sources. The biggest influences are
caused firstly by the Doppler-Effect which, as the subject or the receiver is moving
relatively to the sources shifts all frequencies of the measurement sweep and
secondly, the changes in measurement positions even dependent on the frequency
during the measurement.

The goal of this chapter is to find a continuous rotation speed that reduces the
measurement time, while still resulting in an HRTF measurement that is not
audibly different from a step-wise measurement while retaining the measurement
signal and, to an extend, the post-processing *.

6.1 Measurement Duration

Firstly, an analytical examination of the expected reduction in measurement
duration is shown. It should be noted that only the differences caused by
the rotation itself are investigated. Differences that can be achieved by, for

*The contents of this chapter have been previously published [115].
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example, increasing the sweep-rate are not discussed as these steps would also be
detrimental to the SNR of the measurement itself.

The duration of a full step-wise measurement is given by Equation (3.2) as

tfull,stepwise = tsingle + (N - 1) (tsingle + treposition) .

This signal is constructed as a single sweep of length tgingie after which the system
moves to a new position which takes treposition. After the reposition, a new single
sweep is played. This process is repeated for N measurement positions.

The continuous measurement sweep can be constructed analogously to the sweep
tsingle- The loudspeakers start their sweeps consecutively delayed by twait. After
the last loudspeaker was started, the first loudspeaker is again started, delayed
with twait. This way, each loudspeaker plays a defined number of repetitions (IV),
until the rotation is completed. Only at the very end, the stop-margin is added
to allow for the last measurement to decay. The full measurement duration can
be calculated according to Equation (6.1):

tfull,cont = (NL - 1) twait + tsweep + tst- (61)

The difference between Equation (3.2) and Equation (6.1) is shown in Equation
(6.2):

tdifference = tfull,stepwise - tfull,cont
tdifference = (N - ]-) (tsweep + tst + treposition - twait) . (62)

From this Equation, a clear reduction in measurement duration can be seen.
The reposition time is of course completely eliminated. Furthermore, the stop
margin could be reduced to just one occurrence at the very end. Lastly, as the
measurement procedure does not have to wait for the last loudspeaker to finish
the sweep, but instead the measurement signal continuous, more time is saved.

6.2 Doppler-Shift

The firstly discussed uncertainty results from the rotation itself. If any sound
source moves relative to the receiver, the emitted sound waves are frequency
shifted by the Doppler-Effect. The frequency shift differs depending if the subject
is moving relatively to the source, or vice versa. In the following the magnitude
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of the shift is calculated for a moving receiver. The ratio between the emitted
and received frequency can be calculated as

fshifted

f

with ¢ as the speed of sound, v as the receiver speed towards or moving away

v
=14 - .
+ o (6.3)

from the source, f as the emitted and fsnirtea as the received frequency. The
maximum speed, depending on the position of the source on the circle around
the subject can be calculated as

2

?7 (64)

VUmax = T -

with T as the time needed for a full rotation and r as the radius of the head (half
the distance between the ears). From the frequency ratio, a shift in cent can be

fshifted )

calculated as

x = 1200 - log, ( (6.5)

To calculate a sensible upper boundary for the shift, a rotational speed of 15%
and a head radius r = 10 cm is assumed. For these values the deviation in cent is
calculated to x = +0.1317 Cent. The human perception of frequency differences
is frequency-dependent and has been subject to many investigations [116]. At
the most sensitive frequency range the JND value is given at around 3 cent
[117]. This leads to the conclusion that the Doppler effect is negligible for this
measurement case, as expected shifts are substantially lower than noticeable.

6.3 Measurement Positions

The changes in measurement positions resulting from the continuous rotation
have the largest influence on the quality of the measurement.

As the sweep rate of the sweeps is fixed from optimization [47], a faster rotation
means that less full sweep measurements are performed. Consequently, a faster
measurement rotation has a less densely sampled HRTF. Starting from the
measurement points an interpolation to a higher spatial density can be performed.
The influence of these interpolation methods have been subject to multiple
investigations as described in Section 2.5. The largest influence of the rotation
is the change in measurement positions. Figure 6.1 shows the influence of the
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Figure 6.1: Influence of the measurement speed on the relative ¢ position.
For each loudspeaker the figure shows ¢ angles for a step-wise
measurement, and a continuous measurement for 500 Hz and 20 kHz

rotation on the relative azimuth angle between the speakers and the source for
three full sweeps of all 64 loudspeakers. It shows a step-wise measurement (=),
where the azimuth angle is constant for all loudspeakers and moves to the next
position only after the measurement at the current position is finished.

Compared to this, Figure 6.1 also shows the second impact of the rotation.
With the continuous rotation, the subject moves during the playback of the
measurement sweeps. This impacts the measurement, as higher frequencies are
measured at a different angle compared to lower ones. The figure shows two
) and 8 kHz ( ) respectively.

exemplary ¢ angles for 500 Hz (

Both described changes in measurement positions need to be corrected during
post-processing of the HRTF to obtain a valid data-set. The offset between the
loudspeakers can be calculated with the use of the rotational speed v and the
time delay between the sweep starts of the loudspeakers twait. Equation (6.6)
shows this calculation with [ for each loudspeaker.

Ap(l) = v - twaie - (1 — 1) (6.6)

For the frequency-dependent shift, the relation between time and frequency of the
sine sweep is needed. This can be obtained by inverting the calculation formula

of the sweep rate [118§]
I log, (€)
fD Ts ’

with fo as the start frequency of the sweep and 7 as the used sweep rate. From

t(f) = log, (6.7)

8o



6.3. Measurement Positions

T T
m— Left Ear
1 e Right Ear
mee Switch Data

| | |
ey 141 3

Magnitude

\ \ \ \ \ \ \ \ \
0 20 40 60 80 100 120 140 160 180

Time in seconds

Figure 6.2: Raw, uncut, measurement data of the artificial head with more than
360 ° rotation. The raw measurement of all sweeps for the left and
right ear are shown. The data of the position switch is measured at
the same time to synchronize the position to the measurement.

both Equation (6.6) and (6.7) a total relative offset can be determined.

As a correction, a frequency-dependent spherical harmonic transformation is
applied. This transformation, as described in Section 2.6, takes the frequency-
dependent sampling, resulting from the rotation, and interpolates to one global,
frequency constant sampling.

To determine the exact rotational speed and to establish a connection between
the raw measurement signal and the position of the subject, multiple methods
are possible. One is the use of a tracking device that returns the exact position
and orientation of tracking bodies. However, the acquired tracking data need to
be be exactly assigned to each measurement which is not easily done. For the
measurements presented in this thesis, a different technique is used. A hardware
switch is connected to the motor of the arc or the turntable. This switch defines
one fixed position on the 360 ° measurement turn. When the switch is pressed, a
voltage signal from the switch can be measured. This signal is directly connected
to the sound-card as a third measurement signal. The measurement itself covers
more than 360 ° to activate this switch two times, one time at the beginning of
the measurement, and one time at the end. Figure 6.2 shows this exemplarily for
one measurement. In the third channel, two peaks from the switch can be seen.
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Table 6.1: Speed parameters of all continuous measurements. Bold values are
referred to in the following.

Time [min] 0.5 1.0 1.6 20 33
Speed [°/s] 11.2 5.7 3.8 2.9 1.8
Repetitions 16 32 48 64 104

Resolution [¢ in °]  22.5 112 7.5 56 3.4

With the assumption of a constant velocity, the overall rotational velocity can be
calculated from the time differences between the peaks.

6.4 Objective Evaluation

To evaluate the error made by continuous rotation, an objective comparison is
shown in the following. For this comparison, five measurements of the artificial
head rotated with different rotational speeds have been acquired. They are com-
pared against a reference measurement of the same head in the same measurement
setup. The reference measurement is acquired using a step-wise measurement. In
between the measurements, measurement setup remains unchanged and the arti-
ficial head is not moved in order to reduce the influence of positioning errors. As
a comparison, error measures described in Section 4.1 are used. Table 6.1 shows
defining parameters of all five measurements, with the measurement duration,
resulting angular resolution and number of full sweeps. The parameter by which
the measurements are further referred to is the rotational speed in °/s. The five
measurements range from 11.2 °/s for the fastest measurement to 1.8 °/s for the
slowest.

Firstly, the influence of the position correction is shown. To this end, post-
processing with and without applied corrections are compared against the refer-
ence measurement. The influence is mainly visible in the phase of the difference.
Figure 6.3 shows this difference for three selected measurements. It can be seen
that with increasing frequency, the deviation increases for all measurements.
This trend fits expectations. The rotation has an increased influence with higher
frequencies. Also visible is a clear reduction of deviation with the introduced
position correction compared to cases without correction. This improvement is
most visible with the measurement using faster rotation. Here, the deviation can
be reduced from approximately 75 ° deviation at 20 kHz to approximately 35° at
2kHz making it comparable in error to a measurement, which takes 60 % longer.
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Figure 6.3: Influence of the position correction. SD phase values for a selection
of three different speeds are shown relative to the reference with
and without correction.

Figure 6.4 shows spectral differences in dB between all continuous measurements
and the reference measurement. Two trends are visible in this. Firstly, a trend to
higher error values for higher frequencies can be seen. This trend is again expected.
The second visible trend is the reduction of error towards lower rotational speeds.
While the error is at approximately 4 dB for measurements with fastest rotation
at 6 kHz and above, the difference is reduced to lower than 2dB for most of the
frequency range. Similar results can be seen for phase deviations depicted in
Figure 6.5. While the phase error exceeds go ° for a rotational speed of 11.2 °/s,
it is reduced below 10° for the slow measurement with a speed of 1.8 °/s.

Very similar results can be seen in the comparison of interaural spectral differences
described in Equation (4.5). Overall, Figure 6.6 shows the same errors and trends
as the monaural comparisons. This observation is interesting nonetheless as it
shows that both error measures are comparable and give the same approximation
for the spectral differences.
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Figure 6.6: Interaural differences between all continuous measurements and the
reference measurement.

6.5 Subjective Evaluation

To evaluate the audible influence of the continuous rotation, a listening experiment
was performed. The goal of the experiment was to, on the one hand, validate
the objective evaluation and show that no audible difference are present when
comparing continuously measured and step-wise measured HRTF. On the other
hand, the evaluation is done to determine an upper limit of the rotational speed
at which the differences become audible.

6.5.1 Experiment Design

The experiment was designed as an 3-AFC comparison test. The subjects are
presented with three random stimuli, two of which are taken from one direction
of the reference measurement. The third stimulus is selected as the corresponding
direction of one of the continuously measured HRTFs. The task of the subjects
is to identify one stimulus that sounds different either in coloration or direction.
The evaluation looks into the detection rate of each stimulus. The higher the
rate, the more likely do the detections result from audible differences and not of
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Figure 6.7: Test positions. Five positions on the median plane. Simulations are
done with and without the room.

random guesses.

The first variable that is tested is the rotational speed. The five different
rotational speeds that where measured are tested each against the reference
measurement. From each of these data-sets, five different directions are chosen as
the second variable. As the HRTF is highly directional-dependent, the selection
of the stimulus has a large influence as the error distribution is not equal on the
sphere. To make the results comparable to similar research, five typical directions
are selected. The directions are located on the horizontal plane on the right
hemisphere from ¢ = 0° to -180° azimuth in -45° steps. The test positions can
be seen in Figure 6.7. As the limited number of tested directions do not use a
full spherical HRTF and thus do not represent the full spherical error, a third
independent variable is introduced. For this part of the experiment, the same
source positions are used and are additionally auralized inside a simulated room.
The simulation results in a Binaural Room Impulse Response (BRIR) that is
used for the experiment.

Figure 6.7 also shows the size of the room and the receiver position inside it. The
dimensions of the room are 6 m - 3.5m - 2.4m. The listener position in the room
is located at (2.9m, 1.6 m, 1.3 m) and is thus slightly off-center in all dimensions.
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For the sake of repeatability, the design of the room was not focused on a realistic
representation of a real room. All walls are set with the same material. Its
reflection factor is set to R = 0.4 for all frequencies and it also has a frequency-
independent scattering value of 0.3.

The simulations are calculated using the software Raven, developed at the Institute
for Technical Acoustics at RWTH Aachen University [119]. The software is based
on geometric acoustic simulation and uses a hybrid form of image source and ray
tracing algorithms.

To increase the experiment’s accuracy, each stimulus for each direction-, HRTF-
and room-condition is repeated a total of six times in a random, latin-squared,
fashion. The total number of stimuli per subject can therefore be calculated as

Dir. HRTFs Rep. Room
5 - 5 -6 2 = 350

Either HRTF or BRIR are convolved with a raw mono stimulus for playback.
This stimulus is a pulsed white noise stimulus of 650ms length. Two pulses
of 3o0ms length with a pause of 5oms are used. The stimulus is band-limited
between 1500 Hz and 15000 Hz. The lower limitation was used as the error
variations at lower frequencies were very low and the HRTF data was obtained
by interpolation, rather than measurement. The higher limitation was chosen as
hearing threshold of the tested age group are already severely affected for higher
frequencies [120].

A total of 21 subjects, 18 male and 3 female, participated in the experiment.
They are 25.6 years of mean age with a standard deviation of 3.1 years. 15
subjects self-reported experience using listening with HRTF.

6.5.2 Experiment Results

Figure 6.8 shows results of the listening experiment described above. The boxplots
show the detection rate of all subjects, averaged over all directions and plotted
per HRTF measurement. Only results for the condition without room are shown.
The measurement with fastest rotation shows the biggest detection rate. This
signifies the largest audibility and is according to expectations. With decreasing
rotation speed, the audibility is likewise decreasing. To test the results against
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Figure 6.8: Detection rate of all subjects over all directions plotted per HRTF
measurement. Stimulus without room simulation.

the guessing probability, a simulation of 10000 subjects who are always guessing
is done. A comparison between this simulation and the listening experiment
results shows only a significant difference for the fastest two measurements. This
leads to the conclusion that the slowest three measurements do not provide any
audible differences. This conclusion is also backed by an ANOVA test between
the measurement speeds. Significant differences in decline in audibility can be
found between the fastest, the third and the slowest measurement.

Figure 6.9 shows the same results for both room conditions. The detection rates
for stimuli with room simulation are lower overall. Because of this, the decline in
audibility towards lower rotational speeds is not as pronounced. This observation
is in contrast to expectations as the reasoning behind adding a room simulation
was to increase the number of tested directions and thus increasing audibility of
differences. The difference in the room-condition is found to be significant.

The second independent variable, the source direction, is used to show this decline
in detection rate. Figure 6.10 shows the detection rate over the source direction
averaged over all HRTFs. It can be seen that for a presentation without room
simulation, the detection rates increase for lateral directions. The difference
between the room conditions is significant in the main effect (F(1,20) = 11.03,
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Figure 6.11: Deviation between reference measurement and all tested HRTF
measurement speeds for source direction ¢ = 0 for the left ear.

p < 0.05) as found by an ANOVA test. In the front and back of the subject
the detection rates are low. This phenomenon can not be observed in cases
with room simulation. This can be explained with the use of Figures 6.11 and
6.12. The figures show differences for the left ear for only the directions at
@ = 0°and ¢ = 90°, respectively. While the errors for the frontal source direction
are overall very low, very large deviations can be observed for counter-lateral
source directions. These large deviations can be attributed to the measurement.
As HRTFs have a larger number of resonance dips and notches at the counter-
lateral side, the quality of the spatial reproduction is dependent on the spatial
sampling. For higher rotational speeds, the spatial sampling is less dense, making
a representation prone to error, even after interpolation. A similar directional
dependency was shown in papers related to interpolation of HRTF before [84].
The large errors seen in Figure 6.12 have been found to be less audible in the
presentation of stimuli with room simulation. This phenomenon can be explained
with the use of the diffuse field HRTF described in Section 2.2. Figure 6.13 shows
differences in diffuse field HRTF for all measurements. The errors are small for all
measurements and frequencies. Only for the fastest measurement the deviations
exceed 2dB at frequencies above approximately 7kHz. This small difference
results in very similar sounding late reverberation of the stimuli when sound
comes in a diffuse manner from all directions at random. This reverberation tail
seems to be masking the differences in the direct sound.

The question of the fastest, non audible measurement speed is therefore dependent
on the scenario in which the acquired HRTF is intended to be used, as more
errors are masked when sound is auralized in a simulated room. For a pure
direct sound auralization, the required speed for a HRTF dataset with 5° spatial
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resolution could be reduced from seven minutes for the step-wise measurement to
approximately two minutes using continuous rotation without audible artifacts
in the resulting dataset.

6.6 Summary

In this chapter a objective and subjective evaluation of a continuous rotation
measurement method has been presented. This method is used to further
reduce the measurement time as well as reduce subject movement during the
measurement. The evaluation compares the continuous measurements to a step-
wise approach, where subjects are stopped at one angle for the measurement.

Six high density measurements of an artificial head have been performed. The
measurements include one reference measurement with discrete azimuth resolution
and five measurements with continuous azimuth rotation and increasing speed.

The compensation algorithm is evaluated using objective comparisons of the
phase deviations. A comparison of the continuous measurement against the
reference measurement confirmed expectations regarding a trend towards lower
deviations for lower rotation speed. For the measurement with slowest rotation,
the error lies below 2 dB until approximately 15kHz.

Furthermore, a subjective evaluation is presented to investigate the audibility of
the faster measurements. To this end, an 3AFC comparison against the reference
measurement is performed to validate findings and to find an upper limit at
which the rotation becomes audible.

However, the audibility of the introduced distortions were low. Only the fastest
two measurement speeds could be differentiated significantly from the guessing
rate. Additionally is was shown that the differences could be further masked
through a room simulation, as the measurements did not vary much for diffuse
sound fields

Ultimately, it was shown that the measurement time for a highly dense spherical
individual HRTF measurement could be reduced from approximately seven
minutes using a step-wise measurement to approximately two minutes for 4096
positions (5° azimuth resolution) without any audible differences.
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One important uncertainty during the measurement of individual HRTFs is
the movement of subjects during the measurement. To accomplish a perfectly
undisturbed measurement, the subject needs to be perfectly motionless. This
need has been identified even during the early individual measurements. Searle et
al. fix subjects during the measurements using a dental bite plate [38]. They give
an estimated 1°to 2°error in reproducibility for the subjects position. Wightman
and Kistler use a similar approach [41] for a study requiring approximately 60
minutes of measurement time. A less intrusive approach is used by Algazi [121]
where a chin rest is used to control subject positions during measurements. With
advances in computer technology, several research groups use head tracking
systems to monitor subject movements. Feedback systems are used in a study by
Mgller and Sgrensen [24] allowing subjects to correct their positioning themselves.
If movement during a measurement occurs, the measurement result is discarded.
A very similar approach is used by Bronkhorst [27], who pre defines a zone of
0.75cm in position and 5°in orientation, in which a measurement is accepted.

In most studies, with the exception of the study by He [122], head movements
are considered detrimental. He encourages the subjects to freely move around
one loudspeaker which plays a continuous measurement signal. From the rela-
tive position between subject and loudspeaker, the corresponding HRTF's are
calculated using a Normalized Least Mean-Square approach.

While the above mentioned studies try to eliminate movement, the question of
the influence of these movements are not considered. This influence is studied by
Riederer [123] who compares the influence of head tilting and pivoting between
multiple measurements. He concludes that "pivoted head position [...] seems to
cause the strongest / most wideranging alteration [...]".
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The total amount of movements during a measurement also has been of interest
in multiple studies. Hirahara et. al. [124] measured HRTFs over g5 minutes on
three sitting subjects. No headrest was provided to stabilize the head position
during the measurements. Differences in head orientation between start and end

"1° in roll but as much as 10° in the pitch

of the measurement are reported as
and yaw directions". In a substantially bigger study, Carpentier et. al. [125]
measured HRTF's of 54 subjects with head tracking, but fails to give any value
on the actual head movement. A live feedback system is also employed by Denk
et. al. [126]. The system displays the offset of the subject position and orientation
to the subject who can adjust and correct its position during the measurement.
With the use of this system, the head orientation is stabilized during the go

minute measurement to values within o0.5°.

This chapter provides an evaluation of both the amount of subject-movement
depending on the setup of the measurement setup and the influence of the
movement on the measurement itself. To this end, the movements of 16 subjects
during four different three minute full spherical continuous HRTF measurements
are evaluated. The subjects are either sitting, standing, are either rotated or
have the measurement setup rotated around them, or have a visual feedback,
comparable to the work of Denk or Mgller. To evaluate the measurement error,
five measurements of one artificial head are acquired. During the measurements,
the head is rotated by different amounts with the use of a turntable. These
distorted measurements are compared to a reference measurement. Additionally,
a correction of the movement with the use of head tracking is presented and
evaluated. This correction is an extension of the correction presented in Chapter
6.

In the following, head orientation is given in three rotation angles roll, as a
rotation along the frontal plane, pitch, as a rotation along the median plane, and
yaw as a rotation along the horizontal plane. Figure 7.1 illustrates the three
rotation angles analog to Figure 2.1".

7.1 Amount of Movement

As a first step, the amount of movement and how it can be influenced by the
measurement setup are of interest. Zillekens [128] showed in some preliminary
tests at the Institute of Technical Acoustics (ITA), that a simple neck rest reduces

*Parts of this chapter have previously been presented [127].
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Yaw

Figure 7.1: Illustration of the three commonly used rotation angles roll, pitch
and yaw.

position errors of the subjects significantly, compared to standing unaided. He
also showed that an additional back-rest does not provide any further benefits
for the subjects.

With these findings in mind, a study of the amount of subject’s movements,
depending on the measurement system is conducted. In total 16 subjects are
tested in four different measurement system configurations. Three different
parameters are changed between the conditions. The first parameter is the
subject position, with the subject either standing or sitting in the center of the
measurement arc. The second parameter concerns the rotation. The rotation
can either be the subject rotating around its axis with the measurement arc
remaining stationary, or the measurement arc rotating around the still subject.
For the third parameter an additional graphical user interface, inspired by Denk
et al. [126], is used to help reduce the movement. Each parameter is changed
in one condition compared to a default measurement condition with a standing
subject, device rotation and without display. All four conditions are shown in
Table 7.1. To compare the subject movement in both position and orientation,
the raw tracking data of the case turntable needs to be corrected. In the raw
data the turntable rotation is superimposed to the subject data. This correction
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Table 7.1: The four measurement conditions.
Condition ‘ Position  Rotation  Display
Default Standing Device Without
Turntable | Standing Subject Without
Chair Sitting Device Without
Display Standing Device With

is shown in the following before comparing the results.

7-1.1 Turntable Correction

The additional rotation of the subject influences several degrees of freedom.
The orientation is only influenced in the yaw angle. Assuming a coordinate
system centered in the rotational center of the turntable, both the subject’s
and the turntable’s tracking position can be described in cylindrical coordinates.
While the angle ¢ of the turntable increases linearly over time (disregarding
uncertainties in its movement), the difference in ¢ angle between the turntable
and the subject is caused by the subject’s movement.

To extract the yaw angle from the superimposed tracking data, a simple subtrac-
tion is sufficient:
Ysubject,tracked = “Ysubject — Yturntable, (71)

with v representing yaw angles.

In the subject’s position, two degrees of freedom need to be corrected from the
subjects rotation. As the subject’s position generally does not vary as much, the
correction is not detailed here. A full description of the correction can be found
in the work by Wepner [129].

7-1.2 Head Calibration

The subject’s movement is observed with an optical tracking system. A tracking
body, fitted to a hair-band is placed on top of the subject’s head. As each subject
uses the hair-band slightly differently, a calibration of the tracked hair-band to
the actual center of the head is necessary. Additionally, this calibration corrects
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(a) Subjects tracking hair-band. (b) Head calibration pin.

Figure 7.2: Head tracking and calibration equipment [129].

all position and orientation values to be head-centric instead of centered around
the tracking body on top of the head.

The calibration works by marking both ears and the base of the nose with a
specialized calibration pointing pen. All points are then used relatively to the
hair-band that has to remain stationary on the head during the calibration and
the subsequent measurement. Figure 7.2a shows the hair-band with tracking
body, while Figure 7.2b shows one calibration pin.

The head calibration pins are of well defined length, so the position of the point
without tracking bodies can be calculated from the tracked position. The two ear
markers are used to approximate the head center. From these positions, the head
center is calculated as the halfway point between the ears according to Equation
(72):

Pheada = 0.5 - (L + R) s (72)
with Pheaa as the sought middle position of the head and L and R as the positions
of the left and right ear. A general offset from the head position can then be
calculated as

Eoftset = 1 — Phead, (7-3)

with T" as the tracked position of the hair-band. Figure 7.3 shows the relationship
between the tracked points and the resulting head center point.
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Figure 7.3: Schematic depiction of the head calibration. T as the tracked hair-
band and R and L as the right and left ear respectively. Points R
and L are recorded relative to T.

7-1.3 Feedback Display

As in the previous studies by Mgller and Sgrensen [24], Bronkhorst [27] or Denk
[126], a live feedback system is used to let the subjects control their own position
and orientation throughout the measurement in test case display (see Table 7.1) .

The goal of the design of the display is to be as easy understandable for the
subject as possible. With this prerequisite, six degrees of freedom are displayed
in a 2D space in an easy to understand fashion. The interface shows an unmoving
cross air indicating the desired position. Additionally, the subject’s real position
is plotted in a second cross air. From the position of the cross air alone, deviations
in two positional degrees of freedom are easily recognizable: The subject’s up-
down position direction, and left-right position movements. A roll movement can
also be visualized easily.

To cover the remaining three degrees of freedom, front-back position changes as
well as yaw and pitch orientation changes, additional information are added to
the interface. The subject’s front-back movement is visualized using the radius
of the cross air. If the subject is too close to the display, the radius is increased
and vice versa. To make this effect more visible to the subjects, the difference in
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Figure 7.4: The feedback interface for all six degrees of freedom [129].

position is scaled according to Equation (7.4):
r =710+ 10 (zrer — 2), (7-4)

with r as the new radius, r¢ as the reference radius, z,er as the reference position
and z as the subjects current position. To control the pitch and yaw orientations,
an additional circular marker is added to the interface which indicates the subject’s
nose. Ideally, this marker should be in the center of the cross air. Figure 7.4
shows the full interface. In addition to the cross airs, arrows are added to help
the subject correct in the right directions.

The severity of the deviations in all degrees of freedom are represented by smiley
faces, ranging from happy over worried to sad.

7-1.4 Tolerances

To give sensible feedback, tolerances for both position and orientation have to be
defined. These tolerances are chosen to be the maximum offset tolerable to the
measurement. For the threshold in orientation angles, values are taken from the
related work by Denk [126]. These values, 0.8°for roll and pitch, and 0.6°for the
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-7 Az

Tarc

Figure 7.5: Sketch of the angle influence a from a position offset Az of the
subjects head.

yaw angle, can be validated using the Just Noticeable Difference (JND) values
for the localization blur discussed in Section 2.4.2. The work of Blauert gives
JND values between 0.7° and 4 °. The chosen tolerance values lie on the lower
estimation which should result in non-audible differences if the movement is
restricted within these tolerances.

The position tolerance values are chosen by Denk as 1 cm for all three room axes.
To translate this tolerance to the minimal audible angle again, the influence of
a 1 cm shift in one room direction on the angle is considered. Figure 7.5 shows
a sketch of the consideration. The influence on the angle is the largest if the
movement is perpendicular to the source position. In that case, the offset angle
a resulting from the position offset Az can be calculated as

« = arctan <TA:C> . (7.5)

The resulting maximal angle for a 1 cm offset with the radius of the arc rayc = 1.2m

is @ = 0.48°. This also lies well below the JND values summarized by Blauert.

Within these tolerances, the feedback display shows the happy smiley, indicating
that everything is in order. If the deviation lies between the tolerance, and twice
the tolerance for orientation or 3,5 times the tolerance for position, the smiley
changes to worried. Above these values the smiley changes to sad.

7-1.5 Subject Orientation Results

This section presents the measured orientation results for all four cases. As the
observations are very similar for all three orientation angles, only the pitch values
are discussed in detail. Roll and Yaw results can be found in Appendix B.1.
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Figure 7.6: Pitch movement over time for all subjects for case Default. The left
figure shows mean and standard deviation over the subjects. The
right figure shows a histogram of all tracking information and all
subject measurements.

Figure 7.6 shows the deviations in pitch orientation for all subjects for the default
measurement setup. In the left plot the pitch orientation over time is shown as a
mean and standard deviation for all subjects. The right plot additionally shows
a histogram of the yaw values of all subjects. Both plots additionally show a
tolerance limit, discussed in Section 7.1.4. A clear deviation from those tolerances
can be observed with the standard deviation between subjects increasing over time.
The mean deviation increases to approximately 2°at the end of the measurement.
This might be a result from fatigue caused by standing still over extended time
periods, even though the overall measurement time of three minutes can be
considered relatively short. Similar results can be seen also for the turntable
case seen in Figure 7.7. Here, slight post-processing artifacts can be found in
the mean value, which increases from 40s to 60s but generally shows the same
decrease in pitch as seen before. Overall, the subjects are inside the tolerance
limits only for 48 % of the time compared to 64 % in the default case, where the
subject is not rotated. In the case of sitting subjects, this fatigue effect is not
as pronounced. Figure 7.8 shows the expected increase in standard deviation
while the mean value remains relatively constant and within the tolerance limits.
With this measurement setup, the subjects are within tolerances 76 % of the time.
Even greater values are achieved using the feedback system described in Section
7.1.3. In this case, a different movement behavior over time is measured. In the
beginning of the measurement, the standard deviation is largest with values of
about 3°. This deviation decreases after approximately 30s and the subjects
all remain inside the tolerance levels for the remaining measurement duration.
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Figure 7.7: Pitch movement over time for all subjects for case Turntable. The
left figure shows mean and standard deviation over the subjects.
The right figure shows a histogram of all tracking information and

all subject measurements.
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Figure 7.8: Pitch movement over time for all subjects for case Chair. The left
figure shows mean and standard deviation over the subjects. The
right figure shows a histogram of all tracking information and all

subject measurements.
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Figure 7.9: Pitch movement over time for all subjects for case Display. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all
subject measurements.

Overall 87 % of values lie within the tolerance limits. As this case is the only
feedback case, two conclusions can be drawn. The first conclusion is favorable
to the system. Once subjects got used to the feedback, they could stay inside
the shown tolerances. The second conclusion is that the given training time
and method are not suitable to fully master the system and reduce deviations.
Even after the employed training, the subjects are able to fully control the pitch

movement only after an additional 30s.

Table 7.2 summarizes the percentage of time that subjects are within the toler-
ances for all three orientation degrees of freedom for all four measurement cases.
Note that the value for the pitch deviation in the turntable case is highly affected
by the post-processing and does not reflect the subject’s performance accurately.

Table 7.2: Time in percent that the subjects are inside the given tolerance levels
for all three orientation degrees of freedom for all four measurement
cases.

* This value does not reflect the subject’s performance accurately.
Default Turntable Chair Display
Roll 87.65%  83.60%  89.57% 96.18%
Pitch  64.49%  47.48%*  75.55% 87.34%
Yaw  94.98%  60.47%  82.23% 88.02%
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Figure 7.10: Histogram of all subjects combined position offset in the default
case. The tolerance value of the display case at 1 cm is indicated
as the dashed line.

7-1.6 Subject Position Results

This section shows the analysis of the subjects position mismatch. As the data
shows that the subjects did not move beyond the tolerance value of 1 cm very
often for any direction or measurement case, the analysis is only presented in a
compact fashion. Figure 7.10 shows a histogram of subject position errors for the
default case. The errors are calculated as the length of the global offset vector,
combining all three dimensions z, y and z. Equation (7.6) shows the calculation
of the combined offset value n:

n=+/z? +y% + 22 (7.6)

This simplification is done as no real gain can be made from a selective examina-
tion. Indeed, the measurement setup does not have an influence on the extent of
the subject’s mis-positioning. The plots for the three other cases can be found in
Appendix B.2. The Figure shows the maximum global position offset at around
0.1 cm. This low position offset can be attributed to the use of the head-rest
which limits position movements effectively. The influence of the head-rest has
already been evaluated with both rotating and standing subjects [128]. Here,
very similar results have been found.

Overall, the influence of the position mismatch on the measured angle can be
neglected compared to the angle mismatch itself.
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Figure 7.11: Visualization of the influence of subject movement on the relative
azimuth angle between source and subject. As a reference, an
undisturbed continuous and a traditional step-wise measurement
are shown.

7.2 Error from Movement

This section describes the correction method developed to combat subject move-
ment during HRTF measurements. The method is similar to the continuous
movement correction and works as an add-on to the previously described princi-
ples.

Again, the correct relative angles between the loudspeakers and the microphones
are needed. To this end, an optical head tracking system is used. From this
system, a relative position can be extracted.

7.2.1 Position Correction

Figure 7.11 shows the influence of subject movement during the measurement,
analogously to Figure 6.1. A clear mismatch between the expected (=) and
real ( ) relative angle can be seen. To calculate the correct relative angle
both position and orientation of the subject have to be taken into consideration.

Assuming the loudspeaker on a circular path around the coordinate system’s
origin, a position deviation by the subject can be corrected by subtracting the
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Figure 7.12: Sketch of the position correction. The angle and distance between
the source position S needs to be calculated relative to subject
P, considering the subject position and orientation. A corrected
subject position P and corrected sources position S are obtained.

offset from both the subject and the loudspeaker:

with the new loudspeaker position P as a result of the real loudspeaker position
P minus the subject’s offset from the origin m.

The real loudspeaker position S is not only influenced by the subject’s positional
offset but also by its orientation. To account for this, the rotation matrix A
derived from the roll, pitch and yaw angles, representing rotation around =z, y
and z, is calculated and its inverse is multiplied to the position-corrected source
position.

S=A"1.(S—m). (7.8)

Figure 7.12 sketches the correction for position and orientation in two dimensions.
As the subject moves towards or away from the sound source, the distance
changes. These changes in radius are neglected in the following as they can
be considered very small compared to the radius itself. Further improvements
of the algorithm could include a phase correction according to this positional
offset. As a result of the correction, the movement heavily impacts the sampling
grid of the measured HRTF. As the movement also occurs during the sweep
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measurement, a frequency-dependent influence can be expected, similar to the
influence of the continuous measurement, described in Chapter 6. For the same
reasons a spatial interpolation is needed to correct the frequency-dependent shift.
Again, a spherical harmonic decomposition is used to that end.

As the quality of the decomposition and reconstruction is highly dependent on
the sampling grid [103], even with the applied regularization, the correction of
the subject’s movements is critical for the quality of the transformation. The
movements can, for example, result in two measurements with the same spatial
position.

To account for this, a linear interpolation between all measurement points per
elevation slice is applied before the spherical harmonics transformation. This inter-
polation reduces the condition number of the transformation matrix significantly
and thus reduces additional error from the transformation.

7.2.2 Measurement Data

To quantize the influence of azimuth movement on HRTF measurements, five
datasets of the HRTF of an artificial head are acquired. The measurements are
obtained with continuous system rotation around the head. The head itself is posi-
tioned on a turntable and is rotated in azimuth during the measurement procedure
to simulate a subject’s yaw movement. While one reference measurement is taken
without subject movement, the remaining four measurements contain increasing
amounts of movement. The artificial head is moved with random speeds between
1°/s and 8 °/s, while the angle is generated from a normal distribution around
0°. To increase the amount of movement between measurements, the standard
deviation of this normal distribution is increased. This increases the highest
achievable angle while still maintaining an average of 0°. The chosen standard
deviation values are o = 0.25°,0.5°,1°,2°. The random head rotations are
done consecutively, a new rotation is started immediately after the old rotation
is finished. In the following the five measurements are addressed by the standard
deviation of the normal distribution of the measurement. The bigger this value,
the more movement is expected during the measurement.

To validate the movement and the normal distribution of the angles, the tracked
data of three measurements is exemplary shown as a histogram in Figure 7.13.
The histogram shows the occurrence of larger deviation values if the standard
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Figure 7.13: Histogram of the occurrence of the deviation in ¢ from three
measurements.

deviation is larger. For the smallest standard deviation, the deviation angle is no
larger than 1°.

7.2.3 Measurement Error

Figure 7.14 shows the spectral difference error according to Equation (4.1). The
uncorrected error shows expected results. With increasing frequency, the error is
increasing. As the movement is larger compared to the wavelength for higher
frequencies, this tendency is expected. Secondly, the error is increasing with
more movement. This also expected trend shows the validity of the assumption
that more movement is detrimental to the measurement quality.

The overall error is reduced using the correction of the measurement with the
acquired tracker positions. While the error exceeds 2dB at higher frequencies
for the STD 2° measurement (===), it is reduced by approximately 1 dB by
applying the correction (=——).

As a reference for the error a second reference measurement is taken and is
compared to a repetition error of the measurement setup (==—). The error
between the measurements lies below 1 dB over the whole frequency range.

Using the correction, the error of the STD 1 measurement (= = =) is reduced to
approximately this repetition level, indicating a sufficient error reduction (=—).

108



7.2. Error from Movement

3 - I T 7

= Reference - repetition

=mimis STD 2° - uncorrected

e STD 2 ° - corrected ﬁ
N

=== STD 1° - uncorrected

s STD 1 ° - corrected

SD in dB

1k 2k 4k 6k 10k 20k

Frequency in Hz

Figure 7.14: Spectral difference values for movement-disturbed measurements.
Measurements with STD 2° and STD 1° for both uncorrected
and corrected are shown. As a reference, the measurement setup
repetition error is shown.

The Figure does not show errors for other measurement types with less disturbance
as these errors do not significantly differ from the repetition error.

The influence of the correction on the data can also be seen in Figure 7.15. The
figure shows both magnitude and phase deviations from the measurement with
STD = 2° movement relative to the reference for the horizontal plane at 10000 Hz.
The data for the left ear is shown only. A clear reduction in deviation can be seen
as a result of the applied correction. Additionally, the spatial distribution of the
errors over the sphere is exemplary shown. For the hemisphere facing the source
(0° < ¢ < 180°) the errors are smaller compared to the other, contra-lateral,
hemisphere. Similar behavior is already discussed in Section 6.5.2 and can be
explained by the distribution of spatial resonances over the HRTF sphere. At
the contra-lateral side, a higher density of dips can be found. These dips result
in larger errors, if not correctly sampled.
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Figure 7.15: Influence of the movement (STD = 2°) on single measurements.
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The figures show both amplitude and phase deviations from the
reference for the horizontal plane of the left ear measurements at
10000 Hz.



7.3. Summary

7-3 Summary

This chapter investigated subject movement during HRTF measurements. For
most publications, the movement is considered detrimental to the quality of the
resulting measurements and are therefore avoided.

Two investigations into the movement were presented. The first investigation
looks into the amount of movement subjects do depending on the measurement
setup. Four different setups were investigated which study standing or sitting
position, subject rotation and a live feedback system. While the position deviation
were similar and neglect-able for all setup types, the orientation of the subject
was more controlled in a sitting position or in standing position with the use
of the feedback display. With the use of the feedback system, all deviations in
the three orientation degrees of freedom are limited to a maximum of 1° after a
training time.

In the second part, a preliminary investigation into the influence of movement
onto measurement quality was done. For this investigation, an artificial head
was measured using a measurement setup that was continuously rotating around
the head. During the measurement, the head was rotated around its axis to
simulate a subject’s yaw movement. The amount of movement was controlled and
increased over four consecutive measurements. A correction for the movement has
been proposed that works analogously to the correction for continuous rotation
proposed in Chapter 6. The correction reduced the error successfully. Even
for relatively large movements in the STD 1 ° case, in which the deviations are
up to 2.5 °, the error was reduced to the same level as a repetition error of the
measurement system.

This improvement, in combination with a feedback system during the measure-
ment, can be used to eliminate the influence of the yaw movement. As a future
study, both roll and pitch movements should be examined separately and in
combination to determine more realistic boundaries of the movement correction.
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Conclusion and Outlook

This thesis presented an objective and subjective evaluation of a measurement
system for the fast acquisition of spatially dense, individual Head-Related Transfer
Function (HRTF).

The system is a progression of the system previously developed at the Institute
of Technical Acoustics (ITA) by Masiero [96]. After the previous system suffered
hardware failure, a new construction was preferred to remedy known drawbacks
in the design of the old system. The drawbacks included the directivity of the
used loudspeaker, reflections between loudspeaker housings, the inability to rotate
the setup itself and the difficulty to enter the measurement system prohibiting
participants with limited mobility to be measured. An additional goal of the new
system was to be as small as possible to reduce the influence of the system on
the sound-field.

In the first part of the thesis an objective evaluation of the measurement system
was presented. The evaluation was performed by conducting measurements of
objects with different spatial complexity. To compare measurement data with both
a frequency and a spatial dependency, different error measures have been defined
to simplify visualization of the error. The introduced error measures average over
the spatial sphere and return a frequency-dependent error value. As a first test,
the sound-field inside the arc was measured using multiple microphones on a linear
array. From this data, an approximation of the directivity of one loudspeaker was
extracted. As expected, more disturbances in the sound field are visible, compared
to a directivity measurement of a traditional HRTF measurement system. These
disturbances start at approximately 7kHz but the sound pressure variation mostly
lies within 3dB compared the frontal direction. These measurements indicate a
slightly limited measurement quality when using the fast HRTF measurement
system. As a second measurement, a solid sphere with a microphone on the
surface was used. This device was chosen as a defined analytical solution is
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available to compare against. The diameter of the sphere was approximately
the same as a typical human head. Using this object, the influence of the
measurement setup on a head can be approximated. The comparison showed
overall good agreements with a reference measurement. Both measurements
showed errors of the same magnitude when comparing to an analytical solution.
In agreement with the directivity measurement, the error increases starting at
approximately 7kHz. As a third evaluation an artificial head was measured in
both the fast measurement system and a reference system. Additionally, a BEM
simulation of the head was used to quantify the error. Again, the comparison
between the measurements show a very good agreement until 7kHz. Starting at
this point, the spectral differences increass slightly and reach approximately 3dB
at maximum. At frequencies over 15kHz the error is again increasing slightly.
The comparison against the BEM simulation did not show good agreement.
While there were some mismatch between measured and simulated data visible,
the used error measures were shown to not ideally represent the differences for
comparisons against simulated data. An additional comparison with data from
the old measurement system showed errors in the same magnitude, although
slightly elevated compared to the new system.

To examine whether these differences are detrimental to the quality of binaural
synthesis, several listening experiments have been conducted and were used
as a subjective evaluation of the system’s quality. The first two experiments,
performed using measurements from the previous measurement system, studied
the quality of the acquired HRTFs with regard to localization accuracy. No
significant differences between localization ability using HRTFs from a fast, and
using HRTF's from a traditional measurement system could be detected indicating
no detectable loss in quality from the fast measurement system. Moreover,
individual HRTF's, compared significantly better than non-individual HRTF's
and similar accuracy levels as in previous literature were achieved suggesting the
quality of the HRTF to be sufficient. In a third experiment, using the new fast
measurement system, similar results were achieved. In this experiment, additional
to the previously used static reproduction, a dynamic sound source reproduction
was tested. Using this reproduction method, significantly decreased localization
and front-back confusion error rates were achieved which was again predicted by
previous research indicated.

The findings from both objective and subjective evaluation indicate that the
system works satisfyingly well and the quality of the acquired HRTFs is of
comparable quality to other measurement methods, despite errors introduced
from the measurement system as seen during the objective evaluation.
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To further improve the measurement time, an additional measurement mode
was introduced and evaluated. Using this measurement method, the pauses
between measurements in which the subject is usually re-positioned to a new
measurement angle are removed. The measurement signal plays continuously and
a continuous slow rotation is employed. A method to correct this motion from
the measurements was introduced. Furthermore, an objective and subjective
evaluation of the method was presented. These evaluations showed that the
introduced error from the continuous rotation decreases with the rotation speed.
A subjective evaluation with the goal of finding the fastest measurement that
does not introduce audible differences was performed. The overall audibility of
the stimuli was low. Only with the fastest rotational speeds, the subjects could
detect audibility changes consistently. Based on these findings, the rotational
speed could be chosen to shorten the measurement from approximately seven
minutes to approximately three minutes.

Lastly, an evaluation of the amount of subject movement during different mea-
surement setup situations and their influence on the measurement quality was
presented. Four different situations were evaluated, comparing standing and
sitting subjects, differences between rotation of the subject itself compared to
a measurement where the measurement setup is rotated. Additionally, a live
feedback system was employed during one test that lets the subjects control their
own position and orientation. Using this feedback system, the subjects were
able to maintain their position in-between defined limits within 1 ° after a short
training time. Without this feedback system, the subjects best performed while
seated. The most deviation from the desired position occurred during the subject
rotation.

Using the previously introduced correction methods needed for continuous mea-
surement rotation, an evaluation on the magnitude of movement that could still
be corrected was presented. This evaluation used several measurements of an
artificial head that was rotated around one axis during a simultaneous measure-
ment. As expected, the introduced error increased with the introduced movement.
It was shown that if the movement has been limited to 1° in yaw, the errors
after the correction were not larger than a repetition error of one measurement.
Combined with a measurement using visual feedback, the presented methods
show promise to remove all influence of the movement from the measurement,
however, an evaluation of movement in the other two orientation directions and

the position mismatch have to be studied in more detail.
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Outlook

To further improve the methods presented in this thesis, several approaches are
possible. The presented error measures, while giving sensible values that correlate
somewhat to perception, are basic. Multiple improvements to better depict the
HRTF quality are thinkable. It was shown that for comparisons to simulations,
or if the room temperature changed between measurements, the error measure
fails as slight frequency deviations in resonance frequencies can cause large errors.
Here, a correction for resonances that have a non-noticeable frequency shift might
improve the error measure. An overall evaluation regarding localization accuracy
and audibility of the errors is also necessary to gain insight into the JND of
this error measure. Furthermore, the subjective HRTF quality can be evaluated
further using approaches suggested by Nicol et al. [130]. A different evaluation
could be the comparison of individual measurements against BEM simulations
or fast prototyping of the head acquired by 3D imaging methods [131, 132].

The evaluation of influence of the subject’s movements are only shown for yaw
movements. While it is expected that the influence is of comparable size for roll
and pitch, a separate and combined evaluation is of further interest. To this
end, an artificial head with controllable head over torso movements in all three
degrees of freedom needs to be constructed.
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Objective Evaluation
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Figure A.1: SD error of the comparison between the traditional measurement
system, the fast measurement system and a BEM simulation of the
right ear of an artificial head.
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Subject Movement
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Figure B.1: Yaw movement over time for all subjects for case Default. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all
subject measurements.
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Subject Movement
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Figure B.2: Yaw movement over time for all subjects for case Turntable. The

left Figure shows mean and standard deviation over the subjects.

The right Figure shows a histogram of all tracking information and

all subject measurements.
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*Note, that the yaw movement in the turntable case is prone to postprocessing artifacts.

?Furthermore,
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Figure B.3: Yaw movement over time for all subjects for case Chair. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all
subject measurements.
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Figure B.4: Yaw movement over time for all subjects for case Display. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all
subject measurements.

123



CHAPTER B. Subject Movement

Case Default

Roll in Degree

|
0 5 10152025

|
0 50 100
Time in Seconds

!
150

Occurance in Percent

Figure B.5: Roll movement over time for all subjects for case Default. The left
Figure shows mean and standard deviation over the subjects. The

right Figure shows a histogram of all tracking information and all

subject measurements.
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Roll movement over time for all subjects for case Turntable. The
left Figure shows mean and standard deviation over the subjects.

The right Figure shows a histogram of all tracking information and

all subject measurements.
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Figure B.7: Roll movement over time for all subjects for case Chair. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all

subject measurements.
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Figure B.8: Roll movement over time for all subjects for case Display. The left
Figure shows mean and standard deviation over the subjects. The
right Figure shows a histogram of all tracking information and all

subject measurements.
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B.2 Position
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Figure B.10: Histogram of all subjects combined position offset in the chair
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Figure B.11: Histogram of all subjects combined position offset in the display

case. The tolerance value of the display case at 1 cm is indicated
as the dashed line.
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While binaural technology applications gained in popularity in recent years,
the majority of applications still use non-individual Head-Related Transfer
Functions (HRTFs) from artificial heads.

However, certain applications, for example research of spatial hearing or
hearing attention, require an physically exact and realistic binaural signal.
The limiting factor that prohibits the widespread use of individual HRTFs is
the acquisition time of such data.

This time requirement has recently been reduced by the use of paralleliza-
tion in the measurement signal which lead to the development of fast mea-
surement systems capable of acquiring individual and spatially dense HRTF.
This thesis provides a objective and subjective evaluation of such a system
that is designed with the goal of little disturbance of the measurements in
mind. The construction is detailed, followed by both an objective and sub-
jective evaluation. A detailed investigation into additional distortion of the
sound field introduced by the system itself is presented and it is shown that
the system performs comparably to a conventional system in terms of sound
source localization.

Furthermore, a method is introduced and evaluated to further reduce the
measurement time by using continuous rotation during the measurement.
This method is used to reduced the measurement duration from eight min-
utes to three minutes without audible differences.
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