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Abstract

Hearing is a fundamental channel through which humans perceive and in-
teract with the external environment, with spatial auditory perception play-
ing a key role in this process. Binaural audio systems, enabled by Head-
Related Transfer Functions (HRTFSs), allow virtual sound sources to be re-
produced with spatial attributes, forming a core component of immersive
virtual reality (VR) audio experiences.

This study investigates a simplified approach to HRTF-based binaural
rendering, focusing on two aspects: perceptual evaluation of generalized
HRTFs using a MUSHRA-based listening test, and the generation of per-
sonalised HRTFs through Interaural Time Difference (ITD) simplification
based on anthropometric parameters.

Results from the subjective listening test indicate that certain generalized
HRTFs can achieve competitive perceptual performance in terms of timbral
quality and listener preference. In the VR-based localisation test, the pro-
posed I'TD-simplified approach demonstrated horizontal localisation accuracy
and confusion rates comparable to a standard KU100 reference, although it
did not consistently outperform fully personalised HRTFs across all spatial
conditions.

These findings suggest that simplified HRTF manipulation can provide a
computationally efficient and perceptually acceptable alternative for spatial
audio rendering in VR applications, while highlighting the continued impor-
tance of spectral and individualised cues for precise localisation.
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Introduction

1.1 Background

The convergence of Virtual and Augmented Reality (VAR) technologies is
transforming numerous sectors, enhancing user experiences in fields rang-
ing from gaming to healthcare and e-learning. Despite these advancements,
the audio components within these technologies often lag behind their visual
counterparts, particularly in terms of delivering personalized and immersive
auditory experiences. This discrepancy primarily arises from limitations in
current Head-Related Transfer Functions (HRTFs), which are crucial for ac-

curate spatial audio rendering in three-dimensional environments.

HRTFs, akin to acoustic fingerprints, vary significantly among individ-
uals due to differences in anatomical structures such as the head and ears.
Traditional HRTF measurement techniques, while precise, are impractical
for widespread use due to their complexity and the extensive resource re-
quirements, including time and specialized equipment. Consequently, there
is a pressing need for a more accessible approach that accommodates the

variability in human anatomy while simplifying the customization process.



2 Introduction

1.2 Hypothesis

Hypothesis 1: Generalized HRTF's still possess considerable value in
specific aspects. It is posited that certain generalized HRTFs may exhibit su-
perior performance from a non-localization perspective, demonstrating their
utility beyond traditional spatial audio accuracy.

Hypothesis 2: Modifying some specific generalized HRTFs with individual
physiological parameters to create new personalized HRTFs can achieve sat-
isfactory outcomes. This approach not only potentially improves the efficacy
of the HRTFs but also simplifies the measurement procedures and reduces

the time required for HRTF customization.
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1.3 Statement of Ethical Approval

Ethical approval was gained for all the listening tests undertaken via the
Physical Sciences Ethics Committee of the University of York with Reference
Numbers: Hul11120 and Hu2960721.
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Literature Background Review

This section provides a foundational introduction to the concepts relevant

to this study, as well as a review of the pertinent literature.

2.1 Sound Source Localisation

Single sound-source localization includes two aspects: direction and dis-
tance. Psychoacoustic research reveals that in the free field, directional lo-
calization cues for a single sound-source include Interaural Time Difference
(ITD), Interaural Level Difference (ILD) and spectral cues. These cues also

play an important role in distance perception. [7]

2.1.1 Interaural Time Difference(ITD)

The difference in the arrival time of a sound wave at each ear, known
as the Interaural Time Difference (ITD), serves as a crucial cue for source
localization. When the sound source is positioned in the median plane, the
ITD is approximately zero, as the distances from the source to each ear are
equal. However, when the source deviates from the median plane, the ITD

becomes nonzero.
dsin 0
c

At

(2.1)
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The equation 2.1 describes the rough ITD calculation, where At is the
time difference between the ears, d is the distance between the ears, U is the
angle of arrival of the sound from the median and c is the speed of sound.
However, the equation is not precise, as sound must travel around the head
in order to arrive at different ears. Thus, the proper equation was introduced

by Woodworth in 1938 and named as Woodworth’s Formula. [§]

(0 + sin 6)
c

ITD =

Sound
source

Figure 2.1: Path length around the head on the ITD

Generally, a typical human head radius is considered to be 0.09 meters,
resulting in a maximum ITD of 673 microseconds ( # = 0.57). Although
this time delay might appear negligible, it is critical for determining the di-

rection of low-frequency sounds. Importantly, the human ear discerns time
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delays through phase differences, imposing a frequency limit for effective ITD
utilization. When the head dimension corresponds to half of the wavelength
(equivalent to a frequency of 0.7 kHz), sources become out of phase, introduc-
ing potential ambiguity. At frequencies above 1.5 kHz, ambiguity becomes
complete. Movement of the head or sound source can resolve some ambigui-
ties at frequencies below 1.5 kHz; above this threshold, other auditory cues

are necessary for sound localization. 9]

2.1.2 Interaural Level Difference(ILD)

Interaural Level Difference (ILD) serves as another critical cue for sound-
source localization. ILD refers to variations in the sound pressure levels
received by the left and right ears. When the sound source deviates from the
median plane, the head’s shadowing effect and diffraction cause attenuation
of the sound pressure level at the ear further from the source, particularly at
high frequencies. Conversely, the ear closer to the sound source experiences

increased pressure levels due to its proximity to the sound-source.

P (r767¢7f)

ILD(r,0, 9, f) = 201logy, [PZTM

} (dB) (2.3)

The equation above describes the ILD, where Pg(r, 0, ¢, f) and Pr(r, 6, ¢, f)
represent the sound pressures in the frequency domain from the source at co-
ordinates (7,0, ¢), where r is the distance from the source to the head, and
0 and ¢ are the azimuth and elevation of the head, respectively. However,
when r is much greater than the head radius (in the far field), the ILD does

not depend on 7. 9]



8 Literature Background Review

It is challenging to quantify the shadowing effect; however, research indi-
cates that the intensity ratio between the two ears changes sinusoidally, as
illustrated in the figure below. The figure demonstrates that the lower the
frequency, the smaller the variation. This occurs because the shadowing ef-
fect and scattering only manifest when the head diameter exceeds one-third
of the wavelength. Consequently, there exists a minimum frequency below
which ILD becomes ineffective. Given that the typical head diameter is 18

cm, we derive the following calculation:

1/c 1 [/ 344ms~1
funo-5) =5 (2) = 3 (W) = 037 Hz 24)

From the equation we can conclude that when the source frequency is
less than 600-700 Hz, the ILD is usually no longer a significant cue for the
sound-source localization. Thus, ILD is only an important localization cue

for high frequencies of a sound-source.

Relative right to left amplitude (dB)

40+
50
60
70+
BO +
90

i 1
(= =]
[

10F

L L ' L 'S L L ' 1
coo Q0 O0Q Q00 e
o o~ O 0 T M N ™
TR Y R Y R Y
Left Angle from the median plane (degrees) Right

Figure 2.2: Interaural Level Difference - Function of angle and frequency
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2.1.3 Cone of Confusion and Head Movement

ITD and ILD are critical cues for localization at low and high frequencies,
respectively. However, as previously mentioned, relying solely on ITD and/or
ILD can lead to front-back confusion when the sound source is located in the
median plane. Moreover, research has shown that sound sources at the same
azimuth but at different elevations may exhibit identical I'TD and ILD values.
This phenomenon is known as the ’cone of confusion,” as illustrated in the

figure below:

Above

Figure 2.3: Cone of confusion in sound-source localization

The figure 2.3 illustrates that any sound sources located within this cone-
shaped space will exhibit similar ITD and ILD values when the shape of
the human head is approximated as a sphere (points A and B, despite their
different positions, share the same ITD and ILD). Thus, while ITD and
ILD can effectively indicate the direction of the cone, they cannot precisely

localize the sound source. To address this issue, Wallach in 1940 proposed
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that head movements alter the I'TD and ILD, significantly aiding in sound
localization. Specifically, I'TD remains positive when the source is in front
of the listener and becomes negative as the source moves to the back of the

head, as depicted in the subsequent figures.

(a) Sound source Sound source
I IS

Before head rotation After head rotation

/

/Sound ,.*"I Sound

| source | source
Before head rotation After head rotation

Figure 2.4: Changes in ITD caused by head movement

The theory discussed above was definitively proven by Perrett and Noble
in 1995. [11] Furthermore, Rao and Xie in 2005 demonstrated that head
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movements also provide cues for vertical localization, assisting humans in

pinpointing low-frequency sounds in the median plane. ﬂgﬂ

2.1.4 Spectral Cues

Unlike ITD and ILD, which are binaural cues, the spectral cue (also
known as a pinna cue) is a monaural cue. The reflection and diffraction
of sound within the pinna alter the spectral characteristics of sound pres-
sure, providing critical information for vertical localization and front-back
disambiguation.

From above From front

8)

A

.15 E

30

Normalized magnitude / dB
o

-30 -30
1 10 1 10

Frequency / kHz

Figure 2.5: Interaction of sound and pinna in different directions

The pinna dimension is around 65mm, so the pinna cue is not useful for
those soundwaves whose wavelength is shorter than 65mm. In short, when
the frequency is higher than 2-3 kHz, the pinna cue starts working; when the

frequency is greater than 5-6 kHz, the pinna cue plays a significant role @I]
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Studies conducted by Lopez and Meddis in 1996 [12] reveal that reflective
and diffractive sound will interfere with direct sound in the outer ear canal,
which will change the spectral shape and produce a series of different crests
and troughs. The change of spectrum is closely related to the variation in the
direction of the incident wave. Similar to a fingerprint, the shape of the pinna
is unique for everyone: Each person has their own different pinnae structure,
and therefore, the spectral information is a highly individualized localization
cue. [9] In addition to the pinna, some studies have also shown that the
torso and hair also reflect and diffract the sound: the torso (especially the
shoulders) changes the spectrum below 3 kHz, which can act as a localization

cue in the median plane [6,/13,/14].

2.2 Binaural Audio and HRTVF's

Listening to stereo audio over headphones provides a different auditory ex-
perience compared to loudspeakers. Speakers, positioned directly outside the
ears, naturally affect the audio presentation and create a spatial image that
differs from regular loudspeaker playback. One method that leverages head-
phone playback to create 3D-like audio is the binaural recording technique.
This involves placing two microphones in the ears of a dummy head, which,
when played back over headphones, recreates the soundfield as if the listener
were physically present. However, for a more effective and dynamic immer-
sive audio experience, binaural filters must be introduced. Head-Related
Transfer Functions (HRTFs), which are a pair of transfer functions, describe
the frequency differences between the original sound source and the sound

measured at the entrance of a person’s (or a dummy head’s) left and right
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ear canals. Ideally, filtering the binaural audio signal with the correct HRTF

allows listeners to precisely perceive the spatialerigin'©e"° of the sound.

2.2.1 Calculation of HRTF's

Typicallylanature'©"8P° the transmission process from a point source to
each of the two ears on a fixed head can be regarded as a linear time-invariant
process. HRTF's describe the overall filtering effect imposed by anatomical

structures [13]:

Hy = Hy(06.0, ,0) = TG00,
’ (2.5)
He = Halr0.0, ) = 200000,

where P;, and Pg represent the complex-valued sound pressures in the fre-
quency domain at the left and right ears; F, represents the complex-valued
free field sound pressure in the frequency domain at the centre of the head
with the head absent, r denotes the source distance, # and ¢ represent az-
imuth and elevation angles respectively, f denotes frequency, and a represents

additional parameters related to the acoustic configuration.forebe

2.2.2 HRTFSs in time domain and frequency domain

Head-Related Impulse Responses (HRIRs) are the time-domain coun-
terparts of HRTFs. An impulse response characterises how a linear time-
invariant system, such as an acoustic path, responds to a broadband impulse
signal [13]. In binaural audio, the HRIR represents the time-domain de-

scription of the acoustic filtering introduced by the listener’s anatomy (e.g.,
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head, pinna, and torso), capturing spatial cues such as interaural time differ-
ences (ITDs) and direction-dependent spectral shaping [15]. This relation-
ship underpins binaural recording and synthesis: by convolving a dry audio
signal with measured HRIRs, spatial attributes of a sound field can be repro-
duced over headphones, enabling the perceptual impression of externalised

sound sources.He

SEHFHEEF]E art-of HRTEs Hongbo

Figure 2.6: KEMAR far-field HRIRs for several different source azimuth in the
horizontal plane

Figure 2.6 and 2.7Abeve-figure-1°neP0i]llustrates the part of the far-field
HRIRs measurement of the binaural dummy head KEMAR (Knowles Elec-
tronic Mannequin for Acoustic Research) by the MIT Media Lab,. This
example contains different azimuths from 0° to 180° with increments of 30°
(only shown 0°, 30°, 60° above) [9]. From the figure 2.6From—theFigure
gHongbo the HRIR amplitude at the preceding 30-50 samples is approximately
zero, which is corresponding to the propagation delay from sound source to
ear while the main part of the HRIRs reflects the complicated interactions

between incident sound waves and the pinna, head and torso. Most of the
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Figure 2.7: KEMAR far-field HRIRs for several different source azimuth in the
horizontal plane

energy is within 50 samples (with a sample rate of 44.1kHz). Subsequently,

the HRIR amplitudes return to nearly zero.
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Figure 2.8: Magnitudes of KEMAR HRTFs at various azimuths in the horizontal
plane

Figure above presents the normalized (logarithmic) HRTF magnitudes of
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KEMAR at some different azimuths. The decrease in magnitude below ap-
proximately 150 Hz is caused by the low-frequency limit of the loudspeaker
response used in this measurement. At frequencies below 0.4-0.5 kHz, the
normalized magnitudes of HRTF's approach 0 dB, and are roughly indepen-
dent of frequency because the scattering and shadowing effects of the head
are negligible. As frequency increases, the normalized magnitudes of the
HRTF's vary with frequency and azimuth in a complex manner. This com-
plexity is attributed to the overall filtering effects of the head, pinna, torso,

and ear canal.

2.2.3 Excitation Signals for HRTF Measurement

A HRTF is a transfer function in the frequency domain (as mentioned in
last section, HRIR is the time domain equivalent). There are many methods
for measuring Head-Related Impulse Responses (HRIRs), from which HRTF's
can subsequently be obtained via Fourier transformation.Fhere—are—many
methodsfor-measuringa HRIEHomeb The typical measurement process is

shown in the block diagram below:

Loudspeaker

Preamplifier [::] Sound card I::—] Computer |

Y

Power
amplifier

Figure 2.9: Block diagram of HRIR measurement processing

The measurement is usually undertaken in an anechoic room to minimize

thefoneb® room reverb. There is usually a loudspeaker array on a spheri-
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cal surface providing different directional excitation signals, all of them are
aiming to create the perfect impulse signal. A good excitation signal should
have a wide and equally spread frequency range, also with a good signal to
noise ratio (SNR) to separate the signal and the unwanted background noise.

Some of the typical signals are introduced below:

- Impulse Signal

An ideal impulse signal is modelled as a Dirac delta function, which is a
mathematical construct representing an infinitely short signal with unit area.
Although it cannot be physically realised, the Dirac delta is theoretically
significant because its Fourier transform has constant magnitude across all
frequencies and zero phase shift, meaning it excites all frequency components
of a linear time-invariant system equally. When such an impulse is applied to
an acoustic system, the resulting output directly corresponds to the system’s

impulse response.torebo

In practical acoustic measurements, the impulse signal is only an approx-
imation of the ideal Dirac delta function. Traditional impulse sources used
in room acoustic measurements include starting guns, electrical sparks, and
bursting air balloons . However, the physical properties of these sources

are difficult to control, and the excessive transient sound pressure levels may

introduce nonlinear propagation effects in air Jhetdealimpulsesienalis

Niracdelta funetion—adetermin eral weithog
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e 1s : i H}Hongbo

- Linear sine sweep

A linear sine sweep is usually considered a ‘white’ excitation signal with
a certain frequency range. The term ‘linear’ refers to the fact that the fre-
quency changes linearly with time. By deconvolving the linear sine sweep,
the linear impulse response of a system can be retrieved. Deconvolving a
linear sine sweep uses a time-reverse filter technique, and the result is an
impulse response in the time domain, an HRIR in this case. The equation of
this signal is shown below, where the signal lasts for T seconds and contains

a sine with linearly increasing frequency from w; to wo . [17]

: wy — wy 2
Tlinsweep (t) = sin <cu1t + %5) (2.6)

However, in the time domain signal, linear sine sweep usually causes some
strange oddities, also called ‘wraparound’ effects [18]. Moreover, a linear sine
sweep does not ensure the same accuracy for all frequency components unless
the spectrum of the background noise is also flat, but the background noise
is usually more prominent at low frequencies. The diagram of the linear sine
sweep waveform is shown in Figure 2.10Figuretone>® below:

- Logarithmic Sine Sweap

Although all frequencies are equally excited on linear sine sweep, less time
is spent on excitation of low frequencies. Therefore, a logarithmic sine sweep

(also known as Exponential Sine Sweep (ESS) in some literature) is designed
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Figure 2.10: Linear sine sweep in both time and frequency domain
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to emphasise the low-frequency signal [17]. The equation of the logarithmic

sine sweep is shown below:
T (@2
Tlogsweep () = sin w1—> (e%l (w?)l) (2.7)

The sweep rate of the logarithmic sine sweep is not constant. The signal
grows slowly in the beginning, low frequency and rises rapidly in the later
high frequency, to give the low frequencies more time to evolve. The
diagram of the logarithmic sine sweep waveform is shown in Figure below

Logarithmic Sweep
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Figure 2.11: Logarithmic sine sweep in both time and frequency domain
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- Random Noise Signal

A stationary noise signal such as white noise or pink noise, is a continuous
signal with wide frequency range and can be a good excitation signal. These
noise signals have a predictable frequency response that is even powered in
a linear or logarithmic scale of the spectrum. [9] However, it is difficult to
replicate the noise signal exactly the same every time, because of that the
signal processing of the measurement can be quite complicated, so some of the
HRTF measurements choose pseudorandom signal as the excitation signal,

which is introduced in the next coming section.

- Maximal length sequence (MLS)

Maximal Length Sequence(MLS) is one of the popular pseudorandom
noise commonly used in different acoustic measurements. It is a binary se-
quence of a series of integers and periodic and has a good signal-to-noise
ratio which can be improved 3dB by doubling the MLS period length. [1§]
The major problem of the MLS method resides in the appearance of dis-
tortion artefacts that introduce the characteristic crackling noise when the
impulse response is convolved with some other signals from an anechoic en-

vironment. [19]
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2.3 Overview of HRTF Measurement
and Evaluation

This section introduces common issues associated with measuring indi-
vidualized HRTFs, and some improvements in HRTF measurement and syn-
thesis. These topics will be discussed in detail, combined with listening tests,

in later chapters.

2.3.1 Recording in the eardrum

This is the direct method that was initially adopted, of recording the
sound pressure at the position of the eardrum. This method is always con-
sidered inconvenient for human subjects (see Figure 2.12 below): the probe
microphone placement is uncomfortable for humans, and the frequency re-
sponse is also poor (the recording signal from a typical probe microphone
always needs to be equalized or boosted in some frequency range) and less
sensitive. On the other hand, if the microphone is too close to the eardrum
(Imm to 2mm), it is possible to physically damage the eardrum when setting

up the microphone, and the damage is irreversible. [9] [19]

2.3.2 Recording at the entrance to the blocked ear
canal

The blocked ear canal method was first introduced by MgllerMeHerHonebo,

It is safer and more convenient than the eardrum method. [2] A pair of

miniature microphones with high sensitivity and wide frequency response

range is used for this recording. The sample position is shown in the Figure
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Field Reference Point

Reference
Microphone

Figure 2.12: Typical arrangement of probe and reference microphone ||
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2.13:following figure:onsbo

Figure 2.13: The position of the microphone inside a participant’s ear I\

This method is the most commonly applied in the latest binaural record-
ing for human subjects. [6] Although many of the foundational stud-
ies on the blocked ear canal method were published between the mid-1990s
and early 2000s, the technique remains widely adopted in contemporary bin-
aural recording research and practice. This is largely because the method-
ological framework and measurement principles established in these earlier
works continue to underpin modern implementations, with subsequent de-
velopments focusing primarily on refinements in hardware, calibration pro-

cedures, and post-processing techniques rather than fundamental changes to
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the measurement concept itself.Horebo

2.3.3 Inverse Method

Different from the traditional method, an inverse method was proposed
by Zotkin et al in 2006, which put a microspeaker in ear canals and

placed a microphone array around the head (see Figures 2.14 and 2.15) {see

thefollowin g i nH g'HEIFES) Hongbo

Figure 2.15: The size of microspeaker [3]

However, there are two major problems when using this method:First,

although the frequency response of the microspeaker is approximately flat
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between 1 kHz and 16 kHz, its performance at low frequencies is limited,
making it insufficient for accurate broadband HRTF measurements.Second,
there are safety concerns related to sound pressure levels. To improve the
signal-to-noise ratio (SNR), the output amplitude of the microspeaker must
be increased. However, due to the close proximity of the speaker to the

eardrum, elevated sound levels may cause discomfort and pose potential risks

to the listener [3].First. the result shows that the frequency spectrum for

2.3.4 Discussion of the HRTF Measuring Method

Both the eardrum and inverse methods carry a high risk of damag-
ing the eardrum, and the inverse method lacks sufficient precision. Con-
sequently, most researchers today prefer to use the blocked ear canal method
to record signals. However, when employing the blocked ear canal record-
ing technique, the absence of natural ear canal resonance at the eardrum
may compromise the accuracy of frontal source localization. This is par-
ticularly relevant for median-plane perception, where subtle spectral cues
introduced by the ear canal resonance contribute to accurate front localisa-
tion. To enhance results, some studies recommend equalizing headphones

to more accurately reproduce the timbre of a frontal sound source at the
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at—the-eardeums—{22}1°"6*° In summary, these measurement techniques for

human subjects are time-consuming, costly, and technically complex. Al-

though commercial efforts towards individualized audio personalisation have
emerged in recent years—such as self-calibrating headphone systems exem-
plified by Nura’s personalised sound technology and software-based solu-
tions such as Dolby Personalised Audio —these approaches typically rely
on perceptual calibration or simplified modelling rather than full individu-
alized HRTF measurement. Academic research has also explored perceptual
calibration strategies for spatial audio personalisation . Nevertheless,
while the industry is actively pursuing personalised spatial audio, large-scale
implementation of precise, measurement-based individual HRTF acquisition

remains impractical for widespread commercial deployment due to finan-

cial, technical, and time constraints, as such systems generally prioritise

usability and scalability over laboratory-level precision Ja—summary—these
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2.4 Hardware Requirement for HRTF Mea-

surement

HRTF measurements are typically conducted in an anechoic or a well-
designed semi-anechoic environment to minimize room reverberation. The
output for the excitation signal generally involves a loudspeaker array. For
measuring human subjects, equipment such as a motor-controlled chair, head
tracker, and laser calibrator are required to stabilize the body and adjust the
azimuth and elevation. [26] This section discusses the environmental setup

from typical measurements published by various institutes.

2.4.1 Loudspeaker Setup

The HRTF for a specified ear at a certain sound-source position is ob-
tained using a pair of transfer functions: the transfer function of the sound
propagation path from the sound source in a specific direction to the en-
trance of the subject’s ear canal, and from the sound source to the center of
the head when no subject is present. The more measurement points that are
provided, the higher the spatial resolution will be. Typically, loudspeakers
move around the test subject to capture different angles of measurement, or
alternatively, the subject is rotated while the loudspeakers remain stationary.
All of these methods adhere to the stop-measure-go process, as movement
inherently produces noise. However, the stop-measure-go method is highly
time-consuming, with a typical measurement for a human subject requir-
ing at least 1.5 hours, and often about 3 hours. [9] Studies conducted by

Ville Pulkki et al. introduced a method involving a continuously moving
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loudspeaker and swept sine waves to decrease the time cost and improve

efficiency, [27] although the results have not met expectations.

2.4.2 Other Supportive Equipment

Microphones and loudspeakers are at the coreeeres'®"#P of the HRTF
measurement, but other supportive equipment still plays an important role.
The motor-controlled rotating chair is used for rotating the test subject to
obtain a different angle. [28] To track the test subject and make sure the
test subject is in the correct position with the expected angle, the tracking
device is always used. Head position could be tracked in real-time via a head
tracker. The SADIE II database measurement methodSADH-H-database
measuarement ©"8"° used a multi-purpose restraint on the head of test sub-
jects. [29] Multiple reflective markers on this device can be captured by Infra-
Red motion capture cameras and related software. The resolution is down

to 0.1°.

1]

2.5 Critical Evaluation of Different HRTF
Measurement

Quality and error in HRTFs have been extensively evaluated by many
researchers, [9}20,30,[31] including assessments of signal-to-noise ratio mea-
surement errors. However, since HRTFs are typically applied in virtual re-
ality or immersive audio environments, where the user experience regarding
sound quality and localization accuracy is highly subjective, perceptual eval-

uation becomes crucial. Some listening tests have indicated that generic
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HRTF's can sometimes yield better results than individualized HRTFs. Con-
sequently, this section focuses on the perceptual evaluation of selected HRTF

databases.

2.5.1 Localisation Accuracy for Real Sound-Source

Localization accuracy is one of the most crucial features used to evaluate
the suitability of a HRTF for a user. Localization blur refers to the smallest
perceptible change in the direction of a sound source [32]. Researchers typ-
ically employ two methods to test localization accuracy. The first method,
known as absolute measurement, requires participants to specify the exact
position of the source. This method is commonly used during loudspeaker
playback [28]. The second method involves searching for the Minimum Au-
dible Angle (MAA) or the Just Noticeable Difference (JND), wherein the
tester compares the reference audio with the test audio to identify the small-
est change in source direction [33].

Numerous tests on localization accuracy have been conducted in both
free-field and virtual acoustic environments. An overview of experimental
results prior to 1970 was provided by Blauert [34], who found that the most
precise spatial hearing occurs in the forward direction. The absolute lower
limit for localization blur is about 1 degree with broadband signals in free-
field listening. |35] Research by Makous and Middlebrooks has also demon-
strated that discrimination error is minimal in the forward direction on the

horizontal plane, approximately 2° frontal horizontal and 5° vertical. From

the sides, the error increases to about 20° [34].

More recent work has extended these classic paradigms to headphone-
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based and virtual sound reproduction contexts, where additional factors such
as HRTF individualisation, head movements (dynamic rendering), and mul-
timodal cues can substantially influence localisation accuracy. For exam-
ple, perceptual evaluations comparing individual and non-individual HRTFs
highlight that localisation is only one component of overall spatial quality
and may be accompanied by changes in timbre and externalisation . In
virtual and head-tracked conditions, dynamic binaural synthesis has been re-
ported to improve localisation performance and reduce reversal errors (e.g.,
front-back confusions) compared with static rendering ,. Threshold-
based measures have also been adapted to virtual sound synthesis, support-
ing the use of MAA-style procedures in headphone reproduction settings [3§].
Furthermore, studies on training and adaptation suggest that listeners can
partially accommodate poorly matched HRTFs over time, which is relevant

when assessing “suitability” beyond one-off accuracy measurements ,.

Hongbo

2.5.2 Localisation Accuracy in the Horizontal Direc-

tion Using Individulased and Generalised HRTF's

As previously mentioned, direct personalized HRTF measurement for ap-
plications targeting the general public seems challenging to implement. Many
studies have investigated the subjective selection of HRTF's from established
databases. Among the most widely used databases for such work are
the CIPIC HRTF Database @, which provides high spatial-resolution mea-
surements for 45 subjects along with detailed anthropometric data, and the

RIEC HRTF Database , developed by Tohoku University, which offers
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densely sampled individualized HRTFs measured under controlled anechoic
conditions. These databases are frequently adopted in perceptual evaluation
studies due to their accessibility, standardized measurement procedures, and
relatively high angular resolution.’°"8*° H. Su [4] conducted an experiment
to assess localization perception and perceived width in a VR environment,
using subjectively selected HRTFs with the assistance of a head-tracking de-
vice. Before conducting listening tests, participants were required to rate
HRTFs provided from the CIPIC and RIEC databases. The highest-scored
HRTF was treated as the individualized one, while the lowest-scored was
considered a non-individual HRTF. Both scenarios were tested, with and
without the head tracker. The sound sources for the localization tests were
noise pulses, and for the width evaluation test, anechoic cello recordings and

pink noise, each with a duration of 10 seconds. [4]

15

Localization error (degree)

nontracked—-ind nontracked-nonind tracked—-ind tracked-nonind

Figure 2.16: Average absolute angular errors of localization from [4]

Test results are shown in Figures 2.16 and 2.17, which suggest that head
tracker improved the localization accuracy significantly. However, the re-

sult did not show whether the localization accuracy is improved by using
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Error of width center (degree)

nontracked—-ind nontracked-nonind tracked-ind tracked—-nonind

Figure 2.17: Average absolute angular errors of centers of source widths from [4]

individualized HRTFs. The researcher claims that this is probably due to
the directions of thet*"8*°source being limited to the horizontal plane in the
study. A localization test based in different elevation plane is therefore in-

troduced in next section.

2.6 Personal HRTF Matching

HRTF matching aims to determine the user’s preference from different
HRTF datasets or standardized HRTFs. As discussed in previous sections,
personalized HRTFs are tedious to acquire and currently not feasible for
public and commercial applications. Traditionally, users are required to rate
various HRTFs from a database and select the best fit based on their own
preferences—a process known as subjective matching, |[43] which can still be
time-consuming. Consequently, recent studies have begun exploring alterna-
tive methods, such as anthropometric measurements, [5] and the use of deep
learning neural networks to assist in HRTF matching. This section provides

an overview of these HRTF matching methods.
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2.6.1 Anthropometric measurements based HRTF match-
ing
Research conducted by Zotkin et al. proposed a fast HRTF matching

method by using camera capture the anthropometric structure of user’s ears,

each ear is providing different features. [5]

Use the relerence image to make measurements. Remember to calibrale using the scale in the background before you
start any measurements. Left click the mouse on the initial point and the tinal peint . Do the measurements in order as
shown in the reference figure. Note thal the cavum concha depth{dg) and the pinna rotafion angle and the pinna flare
angle are not measured. The closest id is chosen based on 7 measurements.After you have finished the
|

Figure 2.18: Screenshot of the HRTF customization software from

Figure 2.18 displays features labeled d1 to d7 captured by the camera,
which include cavum concha height, cymba concha height, cavum concha
width, fossa height, pinna height, pinna width, and intertragal incisure width.
The best-fit personalized HRTF from the CIPIC database is selected by
capturing these anthropometric measurements as one of the test models, re-
ferred to as a personalized HRTF. Additionally, HRTFs for KEMAR (with

small pinna) serve as a generic HRTF test model. The CIPIC Interface
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xy4 height x1g head circumference 11
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Figure 2.19: Head and torso measurements illustration from [6]

Laboratory has introduced a simple head-and-torso (HAT) model (snow-
man model), which is combined with the anthropometric method to deliver
a personalized-plus-snowman HRTF and applied as another test model(see
Figure 2.19). KEMAR + HAT is used as the fourth test model. Similar to
other listening tests that use the MAA method, participants were required to
pinpoint the exact position of the virtual sound source. The results showed
that the Generic HAT model improves localization accuracy, whereas the

personalized HRTF did not perform as well as expected. [44]
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Listening Test for HRTF Comparison

3.1 Background of the Listening Test

Recent developments in multimedia technology have further increased the
demand for headphone-based 3D audio reproduction. Although binaural and
HRTF-based rendering techniques have been used in video games and mul-
timedia applications for decades, their relevance has expanded significantly
with the rise of immersive media platforms. For example, in First Person
Shooter (FPS) games, headphone-based 3D audio enhances players’ localisa-
tion of sound sources and spatial awareness, contributing to a more realistic
and competitive gaming experience . Similarly, spatial audio rendering is
widely employed in film and music streaming platforms (e.g., Dolby Atmos
for headphones), enabling immersive listening experiences even without ded-
icated VR/AR hardware [46/[47]. The emergence of virtual and augmented

reality has further intensified this trend, as accurate spatial audio repro-

duction becomes essential for perceptual realism and user immersion Reeent
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Binaural surround sound is a method of reproducing headphone based

3D audio that can give the end user a convincing experience that sound
sources are externalised outside of the head and located at a specific angle and
distance. Whilst it is ultimately a stereo reproduction technique, the method
superimposes psychoacoustic cues onto the reproduced sound, making the
user believe that the sound played is a convincing render of a real world
stimulus. Binaural recording can be achieved using a dummy head with
microphones in its ears and when recordings are played back, the sound
field is recreated as if the listener were there [13]. Binaural sound can be
synthesized using filters known as Head-Related Transfer Functions (HRTFs)
which are capable of describing the frequency difference between an original
sound-source and the sound measured at the ear canal entrance of a person’s
(or a dummy head’s) left and right ears. Ideally, when an audio signal is
filtered with well-matched HRTF's to the listener, they can precisely localise

thetlorgbogource of the sound at the intended source position [9].

The significance of HRTF measurement cannot be underestimated. As
with fingerprints, the shape of the ear and torso changes from individual to
individual and so the corresponding individualized HRTF is also unique. If we
can measure an individual’s HRTF, the quality of binaural reproduction will
be noticeably improved, and virtual sources will start to be indistinguishable
from real sources [48]. However, conventional HRTF measurement methods

are generally time consuming, usually requiring participants to remain as
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motionless as possible during the measurement, with the process is'°*¢>°likely
to take several hours. There has been some experimental work on innovative
or rapid personalised HRTF measurement methods [49-51], although results

are not indicated to be as satisfactory as conventional methods.

Conversely, artificial head models can be employed for HRTF measure-
ments, instead of real human subjects. The Neumann KU100 and the Knowles’
Electronic Manikin for Acoustic Research (KEMAR) are artificial heads com-
monly applied in research and commercial applications [52,53]. Replacing a
real human with an artificial head model for HRTF measurements is consid-
ered cost-effective. However, the defects of using an artificial head model are
also apparent. As reported by some earlier studies, generic HRTFs are lack-
ing in spatial accuracy and perception of externalization [54,55]. Moreover,
Zamir et al. performed a series of listening test to investigate the difference of
the perceptual localisation accuracy when using personalised HRTF, Generic
HRTF(KEMAR) and a real sound source. The results show that the use of
generic HRTFs leads to relatively more perceptual errors than personalised

HRTFs, either in azimuth, elevation or front-back confusion [56].

Nevertheless, some researchers argued that besides the localisation accu-
racy in virtual sound sources, the differences in timbre and spatial charac-
teristics that arise from the use of different HRTFs are worth studying in
depth [57,58]. In 2018, Armstrong et al. presented an insight into the per-
ceptual evaluation of individualized HRTF and non-individualized HRTF by
constructing a HRTF database for 20 subjects (e.g., KU100 and KEMAR)
and subjectively assessing this database in accordance with the brightness

and richness of the timbre, externalization, as well as the overall prefer-
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ence [29]. As indicated by their above results, the KU100’s HRTF was rated
as the most preferred, instead of the subject’s own individualized HRTFs,
and there was a correlation between the participants’ preference and the
brightness, richness of the timbre and externalisation. This paper postulates
that body movement from the human subjects might have an effect on the
quality of the measurements as well as the overall performance of the individ-
ualized HRTF. The above findings confirmed that the use of generic HRTFs

is of high significance.

Over the past few years, universities and research institutes have con-
structed their own HRTF databases containing a varying number of individ-
ualized HRTF's based on real human subjects, as well as generic HRTFs based
on artificial manikins (e.g., Neumann KU100 and KEMAR). The spatial res-
olution of recent databases has also significantly increased. For instance,
the SADIE II project contains up to 8802 measurement points [29], while
the typical "CIPIC’ database contain 2500 points and the UMD-University
of Maryland database cantain only 823 points.There are also differences in
methodology and hardware utilised during the measurement, all leading to

greater variability between different HRTF databases.

Katz et al. conducted a public project called "Club Fritz’, containing more
than 60 KU100-based HRTF databases from different research laboratories
worldwide, and their study drew a full comparison of the physical properties
of the different HRTFs (e.g., Interaural Time Difference (ITD) Variation and
spectral magnitude differences). Although their study was extraordinarily
detailed, it essentially focused on the comparison of objective technical data,

instead of on a subjective evaluation between the above databases [59]. Prior
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to their study, Katz et al. also conducted a subjective evaluation of six
different HRTF sets from IRCAM’s LISTEN HRTF database , in which
a listening test was performed to evaluate sense of direction, sense of distance
and front image quality . As revealed by the results, the variability across
trials was significant for all subjects.

Existing evaluations of HRTF databases primarily focused on the per-
ception of individualized HRTF's, and evaluations of generic HRTF's largely
focused on objective analyses of databases.Thus, in this study, a subjec-
tive listening test is outlined based on evaluation of different generic HRTF

databases.

3.2 Experimental Design

3.2.1 Selected HRTF Databases Review

After an initial screening and comparison procedure, six generic HRTF
databases measured using the Neumann KU100 artificial head were selected
for evaluation. The screening criteria were defined prior to the listening
tests to minimise experimenter bias and ensure methodological consistency.
First, only databases measured with the same artificial head model (KU100)
were considered, in order to control for structural variations across different
dummy heads. Second, databases were required to provide relatively high
spatial sampling density (generally exceeding 1500 measurement points) to
ensure sufficient angular resolution for perceptual comparison. Third, com-
plete documentation of measurement conditions (e.g., anechoic environment

and angular spacing) was required to ensure comparability.Based on these
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criteria, six databases were retained: three from the “Club Fritz” project
by Katz et al. (CF1-IRCAM, CF4-IRCAM XMod, CF5-ITA), two from
the SADIE project (SADIE I and SADIE II), and one from THK. These
databases represent well-documented research-grade datasets with relatively

dense spatial sampling compared to many earlier HRTF collections. The

specific parameters of the selected databases are summarised in Table 3.1.

(1) Club Fritz IRCAM: 1-Institut de Recherche et Coordination Acous-

tique/Musique

(2) Club Fritz IRCAM XMod: 4-Institut de Recherche et Coordination

Acoustique/Musique with 3 Loudspeakers

(3) Club Fritz ITA: 5-Institute of Technical Acoustics, RWTH Aachen

(4) Spatial Audio for Domestic Interactive Entertainment: SADIE I, Uni-

versity of York
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(5) Spatial Audio for Domestic Interactive Entertainment: SADIE II,

Version 1.4 University of York

(6) Technische Hochschule Kéln (shorten for THK)

The figures 3.1-3.6 illustrate the geometry used for measurements across
the six databases, while Table 3.1 presents an overview of the datasets in-

cluded in the listening test.

Table 3.1: Overview of Database Selected in Listening Test

Database Country  Year Number of Points Elevation Azimuth
CF1-IRCAM France 2004 2016 -45° 1 5°: 90° Ab°
CF4-IRCAM XMod  France 2007 1944 -40° : 5°: 90° A5°
CF5-1TA Germany 2009 2016 -80°: 5°: 90° Ab5° - A10°
SADIE I UK 2018 1550 -90° : 5°: 90° A5°
SADIE 11 UK 2018 8802 -90° : 5°: 90°
THK Germany 2013 2702 Equidistant spherical Lebedev grids

3.2.2 Author’s Contribution

All experimental procedures presented in this chapter were designed and
implemented by the author. The listening test protocol, including stimulus
preparation, database selection criteria, experimental structure, and evalua-
tion methodology, was independently developed by the author.tonebe

The HRTF datasets used in this study were obtained from previously
published research databases measured with the Neumann KU100 artificial
head(see introduction in section 3.2.1). No new HRTF measurements were
conducted as part of this work.Honebo

Participant management, data collection, and all statistical analyses were
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performed independently by the author. The analysis relied on standard

descriptive and inferential statistical procedures implemented by the author.

Hongbo

3.2.3 Test Stimuli

Broadband noise bursts are widely used in localisation accuracy and spa-

tial discrimination experiments due to their flat spectral distribution and

clearly defined temporal structureBreadbandneise-bursts-are-typieatlyused
s forli . ’. s erdarforJoealisati 1
spaciosness—tests—1o0¢P° [13][33]56/61165). However, the primary objective
of the present study is not to evaluate fine-grained localisation thresholds,
but rather to investigate general perceptual preference and overall listening
quality across different generic HRTF databases. In this context, ecologi-
cal validity and timbral realism are of greater importance than strict spatial
discrimination sensitivity ,.H‘mgbo
For this reason, natural broadband stimuli were selected instead of syn-

thetic noise bursts. Speech signals have been extensively used in binaural

perception research and represent everyday listening conditions [46}[67H69].

Hongbo Aongside speech, we have used synthesised piano and a recorded Jazz

ensemble which have broader spectral content. The Jazz ensemble is em-

ployed as the test stimuli for localisation quality, which is elucidated below:

(1) Piano at both 0 degrees azimuth and elevation, 12 seconds duration.
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(2) Male speech at both 0 degrees azimuth and elevation, 12 seconds
duration.

Listening Test for HRTF Comparison

(3) Jazz ensemble with all instruments at 0 degrees elevation. Drums

are located at 15 degrees azimuth, guitar at 60 degrees azimuth, bass at

-30 degrees azimuth and piano at -50 degrees azimuth. See Figure 2 as a
schematic diagram
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Figure 3.7: Schematic diagram for instruments’ position in Jazz ensemble stimuli
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3.2.4 Test Paradigm and Rating Scale

Impacted by COVID-19 restrictions, this test was performed completely
online using the Web-MUSHRA framework , which could be achieved

within the web browser without installing any additional software.

The listening test followed the MUSHRA (MUltiple Stimuli with Hidden
Reference and Anchor) paradigm with methodological adaptations tailored
to the objectives of this study. In a conventional MUSHRA test, the refer-
ence signal is typically a lossless version of the stimulus and serves as the
upper-quality benchmark; test items are rated according to their perceptual
proximity to this reference. A low anchor, by contrast, is an intentionally
degraded version of the reference signal and defines the lower bound of the
rating scale, helping listeners calibrate their scoring behaviour.#°"e>° In the
present study, the original stereo mix was included as a reference condition
and the lower anchor is a 3.5 kHz low pass filtered mono audio; however, the
reference here was not treated as a traditional upper anchor in the scoring
interpretation. This decision was a conscious methodological choice rather
than a constraint. The primary objective of the experiment was to evalu-
ate general perceptual preference and timbral naturalness of different HRTF
renderings, rather than to assess degradation relative to a technically “ideal”
signal. Since the majority of commercially distributed music content is pro-
duced and consumed in stereo format, the original stereo mix represents a

widely accepted perceptual baseline in everyday listening contexts. Honsbo

Consequently, the stereo reference served as a comparative benchmark to
contextualise listener judgments, rather than as a strict top-scoring anchor.

This approach allowed the evaluation to focus on whether HRTF-based spa-
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tialisation maintains perceptual quality and listener preference without in-

troducing undesirable timbral deviations from familiar stereo reproduction.

General Preference test 2

Please rate the overall preference, the reference is the original audio without binaural filter, you are required to rate the most prefered at 100 and the least prefered at 0.

A Ay

Stop
0.00 10,50
Reference Condi  Cond2  Cond3  Cond4  Cond5  Cond6  Cond7  Cond8
Play Play Play Play Play Play Play Play Play
w -—m———— — - -
Most Prefered

L e e e —
Highly Prefered

o— N B u N 3§ § B
Fairly Prefered

wo—— & B BN N 3 § B
Less Prefered

»—@ B B B B
Least Prefered

0

Previous Next

Figure 3.8: A screenshot of the Ul from the test website
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Thirty participants took part in the study. Participants’ ages ranged from

20 to 45 years old(mean age = 26).Honsbo

All participants were students or practitioners in audio or music produc-
tion and had prior experience in listening tests. Participants were recruited
through internal university mailing lists and professional networks, and all 30
participants completed the test in full. Each participant received a £10 on-
line shopping voucher as compensation.°"8"® The test began with one short
training session to familiarise participants with the Web-MUSHRA interface
and rating procedure. The main evaluation consisted of three stimulus types:
male speech, piano solo, and a jazz ensemble recording. General preference,
high-frequency coloration, low-frequency coloration, and externalisation were
assessed for all three stimulus types (12 rating tasks in total). In addition, lo-
calisation quality was evaluated for the jazz ensemble stimulus (1 additional
task), resulting in 13 evaluation tasks per participant.t°n&b® Stimuli were
presented in randomised order to minimise order effects. The sequence of at-
tributes and stimulus types was independently shuffled for each participant.
For example, one participant might first evaluate externalisation for the male
speech stimulus, whereas another might begin with high-frequency coloration
for the piano stimulus. Ho"&b° Participants were asked to complete the test on
a personal computer using circumaural headphones. Beyerdynamic DT990

Pro headphones were recommended, although this was not mandatory. The

expected completion time was approximately 2540 minutes Al-partieipants
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Figures 3.9-3.14 show spectrograms of the azimuthal energy at 0 degrees
elevation for the 6 HRTFs databases used in this experiment.For clarity and
conciseness, only the left-ear responses are presented.!°"8™° We see that
although they are all measured on a KU100, they exhibit different spectral
responses. Accordingly, besides the conventional spatial properties of ex-
ternalisation, localisation quality and general preference, we also focus on
the frequency colouration of the above filters. The rating scales were de-
signed based on established subjective audio evaluation paradigms, particu-
larly the MUSHRA framework [71], which employs continuous 0-100 scales
for perceptual quality assessment. The 0-100 scales used for externalisation,
general preference, and localisation quality follow this convention to allow
fine-grained perceptual discrimination. For spectral colouration assessment,
a symmetric 50 to +50 scale was adopted to facilitate direct comparison with
the stereo reference (defined as 0), enabling listeners to indicate both positive
and negative deviations in perceived bass and treble balance. Similar bipolar

scales have been widely used in timbral evaluation studies [47]. They are
listed in the Table 3.2Ratingseales-are-also-listed-in-table-below:longbo
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Table 3.2: Rating Scales for Stimulus

Attributes Description Rating standard

0-100, no actual reference
S The locatedness of sources .
Externalisation . . . proportional to the level
to distant points in space ..
of externalisation

High Frequency Level of treble compared with -50 - 50, reference at 0
Coloration the reference audio more treble higher the score

Low Frequency Level of bass compared with -50 - 50, reference at 0
Coloration the reference audio more bass higher the score
General Preference The overall preference of 0 - 100, no actual reference

the test audio rate the more preferred audio higher
Spatial separation of the sounds

and the accuracy of those 0 - 100, no actual reference

Localisati lit, . . Co
ocalisation Quality different sounds locate according | rate the more accurate audio higher

to the description

3.3 Preliminary observation on experimental

results

A preliminary observation is shown in this section.H°"e*°30 Results were
collected with 15 of those using DT-990 headphones. One potential con-
cern is that the use of circumaural headphones, rather than in-ear monitors,
may introduce additional acoustic filtering due to interaction with the lis-
tener’s outer ear. However, the present study was conducted fully online
due to COVID-19 restrictions, which limited the possibility of controlling
hardware conditions across participants.Circumaural headphones were rec-
ommended primarily because most participants were students or profession-
als in audio and music production, for whom over-ear studio headphones are
the standard monitoring tool. The Beyerdynamic DT990 Pro, in particu-
lar, is widely used in professional and academic audio contexts and has a
well-documented and relatively stable frequency response, making it a rea-
sonable practical reference device. The recommendation was not mandatory,

in order to accommodate remote participation and increase accessibility. A
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] . . :I . . ] . ] . . Hongbo

3.3.1 Result of frequency coloration test

The three different types of audio signals in this listening test - piano,
male speech and jazz ensemble were marked as 1, 2 and 3, respectively.
In both frequency coloration tests, we expected the reference audio to be
rated as close to zero as possible, with higher scores for the remaining audio
indicating more treble and vice versa.

The high-frequency coloration test results revealed that references were
all rated approximately to zero which was in line with our expectations. The
results also indicated that speech with THK, speech with SADIE I and Jazz
ensemble with THK were rated as the three options closest to the reference
audio. Furthermore, all audios using I'TA filters received the highest scores,
indicating that the participants felt that ITA was had more treble, while
IRCAM and TRCAM XMod were rated as less treble. To more effectively
illustrate the differences between individuals, diverging scales were adopted

to present the above results, as presented in Figure 3.15.
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11111

HRTF

vvvvv

Figure 3.15: Diverging scales of the result from high frequency coloration com-
parison test

In the low-frequency coloration test, the results indicated that the speech
with SADIE II was rated with most bass, following by all audio with SADIE
I. On the other side, all audio with the IRCAM filters were rated least bass,

as presented in Figure 3.16.6tonebo

Tables3.3 and 3.4below! 8P present the calculated score for each stimuli,
where the total score is the sum of the absolute value of each sub score; the
higher the score, the more the coloration. As we could roughly observe from
two tables, in the high-frequency coloration test, some HRTF scores were
more stable than others. For instance, IRCAM, IRCAM XMod were rated
to have less treble, ITA was perceived to have more, and THK tended to
be stable and generally close to the reference audio, this result are coincided

with the slight attenuation at 4kHz to 8kHz range in the spectrograms for
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IRCAM and IRCAM XMod. Interestingly, in SADIE I, the piano solo and
jazz ensemble sections scored higher, while the male speech test was close to
zero; in SADIE II, the male speech section scored higher, and the jazz en-
semble section scored slightly lower. It was therefore revealed that although
we used the same HRTF, participants could have perceived significantly dif-
ferent frequency coloration with different audio convolved with this HRTF.
It was speculated that the above finding was achieved because the selected
stimulus had different frequency bands: the bass part of the jazz ensemble
had more bass than the piano solo and male speech, while the hi-hat in
the drum kit(also in the Jazz ensemble) had a significantly sharper sound.
The above characteristics were potentially enhanced by participants during
the test. This would be also true for the low frequency colouration test: in
the male speech test the ITA scores were slightly higher, and the SADIE II
scores were significantly higher. Results for theat!°"s>° low frequency col-
oration test also coincide with"°"eP° the fact that low frequency extension
existed in the spectrograms for SADIE I and SADIE II. It may be argued
that the use of circumaural headphones could introduce additional individual
filtering effects due to interaction with each listener’s outer ear, potentially
influencing perceived spectral balance. While such effects cannot be entirely
excluded in a remote listening setup, several factors suggest that this was

unlikely to be the primary cause of the observed differences.tonsbo

First, the spectral variations discussed above were stimulus-dependent
and systematically differed across specific HRTF databases, rather than ap-
pearing as random inter-subject deviations. Second, no consistent relation-

ship was observed between headphone model and rating patterns in the
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dataset. Finally, all stimuli were evaluated within the same playback con-
dition for each participant, meaning that any individual ear-related filtering

would have acted as a constant factor across all comparisons.Horsbe

Therefore, although circumaural headphone reproduction may introduce
minor individual spectral modifications, the relative differences observed be-
tween stimulus types and HRTF databases are more plausibly attributed to
interactions between source spectral content and HRTF characteristics rather

than outer-ear re-filtering effects alone.tonebe

Hongbo
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Figure 3.16: Diverging scales of the result from low frequency coloration com-

parison test
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Table 3.3: Calculated score of high frequency coloration comparison test

HRTF Piano solo Male speech Jazz ensemble Total score
IRCAM -4.57 -4.33 -12.17 21.97
IRCAM XMod -4.43 -7.70 -14.90 27.03
ITA 19.00 12.67 14.97 46.64
SADIE 1 13.30 -0.23 8.17 21.70
SADIE II 1.60 9.67 -5.83 16.65
THK 3.17 0.10 -0.40 3.67

Table 3.4: Calculated score of low frequency coloration comparison test

HRTF Piano solo Male speech Jazz ensemble Total score
IRCAM -16.47 -12.57 -17.47 46.51
IRCAM XMod -9.83 -7.13 -5.60 22.56
ITA -4.83 3.27 0.67 8.77
SADIE 1 17.73 8.63 14.67 41.03
SADIE II -6.37 19.30 -5.87 31.54
THK -1.47 -1.87 6.7 10.04

Where Total Score = | Piano | + | Speech | + | Jazz |
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3.3.2 Externalisation and localisation quality test

In the externalisation test, THK and IRCAM XMod scored relatively
high, whereas all of the HRTFs were rated very close to each other, except for
the reference. As expected, since the stereo mix reference is not spatialised,
participants could easily perceive a lack of externalisation of the reference
compared to the other HRTFs. However, we also tentatively speculated that
the reason for the similarity of scores across all HRTFs is that the test was
conducted at statically and the stimulus were rendered at 0 degree in the
front, subjects could not clearly distinguish between each other. The result

is presented in Figure 6 and Table 5.

Table 3.5: Score of Externalisation test

HRTF Piano solo Male speech Jazz ensemble Total score
IRCAM 58.43 61.17 59.47 179.07
IRCAM XMod 66.90 58.73 59.60 185.23
ITA 60.77 59.03 57.22 177.02
SADIE I 54.37 59.33 56.43 170.13
SADIE II 58.03 52.57 61.07 171.67
THK 63.07 61.20 61.97 186.24
Reference 37.13 40.37 41.40 118.9

Where Total Score = | Piano | + | Speech | + | Jazz |Hovsbe
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Figure 3.17: Boxplot of the results from the externalisation test

Since the localization test requires multiple sources for comparison, only
the jazz ensemble was evaluated for this attribute. As revealed by the results,
the Reference and IRCAM XMod scored lowest, whereas other databases
were rated close to each other. The relevant results are presented in Figure
3.18Figure—71onebe and listed in Table 3.6Fable—61me>  Both results for
Externalisation and Localisation tests should be further validated through

statistical analysis, which is elucidated in the next section.
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Figure 3.18: Boxplot of the result from localisation quality test



3.3 Preliminary observation on experimental results 65

Table 3.6: Score of Localisation quality

HRTF Jazz ensemble
IRCAM 59.60
IRCAM XMod 56.73
ITA 61.40
SADIE 1 59.23
SADIE II 67.17
THK 64.50
Reference 54.20

3.3.3 General preference test

The term general preference indicates how well the audio was perceived
and how comfortable the listener was with it. In this test, the majority of
participants scored the reference audio (original stereo mix) the highest, and
this score was well ahead of the other HRTFs, as presented in Figure 3.19 and

Table3. 7Tfollowingfighres-and-tablesto"b° (a further statistical verification is

presented in the next section).

Table 3.7: Score of General Preference

HRTF Piano solo Male speech Jazz ensemble Total
IRCAM 53.17 40.13 41.30 134.60
IRCAM XMod 53.87 40.53 51.10 145.50
ITA 57.37 58.87 56.93 173.17
SADIE I 41.73 60.60 54.37 156.70
SADIE II 57.50 61.70 56.20 175.40
THK 53.0 60.23 61.33 174.56
Reference 73.70 78.40 63.37 215.47

Where Total Score = | Piano | + | Speech | + | Jazz |Horsbe
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Figure 3.19: Boxplot of the result from general preference test

3.4 Statistical Analysis on the Experimental

Results

3.4.1 One-Way ANOVA for Results

In the statistical analysis of the results, we followed the ITU-R BS.1534-3
guidelines and first performed a one-way ANOVA test on the above results,
as presented in the following table. For visual clarity, statistically sig-
nificant results (p 0.05) are highlighted throughout Tables 3.9-3.13. Tables
3.8-3.10 present the ANOVA outcomes, while Tables 3.11-3.13 report the
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corresponding Tukey’s HSD post-hoc pairwise comparisons.fonsbe

Table 3.8: One-way ANOVA for results

DF=6 GP1 GP2 GP3 EXT1 EXT2 EXT3 LOC HF1 HF2 HF3 LF1 LF2 LF3
P Value <0.001 <0.001 0.012 <0.001 0.007 0.003 0.331 <0.001 <0.001 <0.001 <0.001 <0.001 <0.001
Significant Difference(ANOVA) Y Y Y Y Y Y N Y Y Y Y Y Y

P < 0.05 means there is a significant difference DF = degree of freedom Y=Yes N=NO Highlighted cells indicate SDHo"&>>

In the first ANOVA, except for the localisation quality test where no
significant difference was found, there were significant differences in all the
other tests. It wasWe'°"sb° initially speculated that the reason foreftionsbo
the significant differences wasexisted—is'°"¢P° because of the the addition
of the reference audio. Moreover, since the use of the Beyerdynamic DT-
990 headphones might also affect the results, the reference audio was then

removed, and the headphone factor was added to conduct a two-way ANOVA.

Table 3.9: Two-way ANOVA for results(reference removed)

DF=5 * GP1 GP2 GP3 EXT1 EXT2 EXT3 LOC HF1 HF2 HF3 LF1 LF2 LF3
P Value 0.069 <0.001 0.030 0.246  0.710  0.903 0.445 <0.001 <0.001 <0.001 <0.001 <0.001 <0.001
Significant Difference(ANOVA) N Y Y N N N N Y Y Y Y Y Y

P < 0.05 means there is a significant difference DF = degree of freedom Y=Yes N=NO Highlighted cells indicate SDT"b®

Table 3.10: Two-way ANOVA for results (with/without DT 990 headphones)

DF=5 * GP1 GP2 GP3 EXT1 EXT2 EXT3 LOC HF1 HF2 HF3 LF1 LF2 LF3
P Value 0.648 0.988 0.853 0.343 0.300 0.794 0.806 0.128 0.478 0.733 0.287 0.100 0.371
Significant Difference(ANOVA) N N N N N N N N N N N N N

P < 0.05 means there is a significant difference DF = degree of freedom Y=Yes N=NO Highlighted cells indicate SD"°e>®

According to the Table 3.9 and 3.10table-abeve©eP°  there was no sig-
nificant difference between the results foref°"8b° all test audio in the exter-
nalisation test, localisation quality test and piano solo for thein!'°"eP® general
preference tests when the reference audio was removed. The use or not of
theand-theuse-of°"b° DT-990 headphones ernet1°eP° had no effect on the

results.
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3.4.2 Post-hoc Test for Results

In accordance with ITU-R BS.1284 recommendation, for those tests where
a significant difference was found, Tukey’s Honestly Significant Difference
post-hoc test was performed to determine which two conditions had the sig-

nificant difference.

Table 3.11: Tukey's HSD test results for general preference test

IRCAM XMOD ITA SADIEI SADIEII THK

IRCAM 1 0.004 0.001 0 0.001

General Preference IRCAM XMOD 0.005 0.001 0.001 0.002
(speech) ITA 0.999 0.993 1
SADIE 1 1 1
SADIE II 1

IRCAM 0.595 0.112 0.27 0.147 0.015

General Preference IRCAM XMOD 0.931  0.995 0.96 0.548

(Jazz ensemble) ITA 0.998 1 0.979

SADIE I 1 0.863

SADIE II 0.959

Highlighted cells indicate SDTereb°

The values presented in the table above are p-values from Tukey’s HSD
post hoc test. A value < 0.05 indicates a significant difference (and in the
following tables).

It was observed from Table 3.11 that in the general preference test for
speech signal, there were significant differences between IRCAM and ITA,
SADIE I, SADIE II, THK; there were also significant differences between
IRCAM XMod and ITA, SADIE I, SADIE II, THK. This finding revealed
that ITA, SADIE I, SADIE II and THK actually scored the same, despite
the slight difference in scores. IRCAM and IRCAM CrossMod were approx-

imately scored the same and less preferred by participants.
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Table 3.12: Tukey's HSD test results for high frequency coloration test

IRCAM XMOD ITA SADIEI SADIEII THK

IRCAM 1 0 0.001 0.666 0.449

High Frequency IRCAM XMOD 0 0.003 0.796 0.593

Coloration(pianoc solo) ITA 0.832 0.004 0.012

SADIE I 0.136 0.268

SADIE II 0.999

IRCAM 0.973 0.002 0.938 0.021 0.915

High Frequency IRCAM XMOD 0 0.535 0.002 0.486

Coloration(speech) ITA 0.044 0.984 0.006
SADIE I 0.03 1

SADIE IT 0.002

IRCAM 0.985 0.801 0.136 0.022 0.052

High Frequency IRCAM XMOD 1 0.033 0.023 0.007

Coloration ITA 0.041 0 0.003

(Jazz ensemble) SADIE I 0.771 0.297

SADIE II 0.771

Highlighted cells indicate SDHensbo

According to Table 3.12Fable-abovel®sb°  there were more significant
differences between the HRTFs in the high-frequency coloration test. In
thefonebo piano solo section, the original score of THK was leading, and a
significant difference was only found between ITA and others; no significant
difference was found between ITA and SADIE I. Thus, in piano solo THK,
SADIE II, IRCAM and IRCAM XMod performed better, with SADIE I
following and ITA in the last place. Likewise, in thef°"¢b°speech section,
THK, IRCAM and IRCAM XMod were still leading, followed by SADIE I
where ITA and SADIE II were in the last place. In thet°""° Jazz ensemble
section, THK, IRCAM, SADIE I and SADIE II weret©"e>° performed better,
followed by IRCAM XMod and ITA.
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Table 3.13: Tukey's HSD test results for low coloration test

IRCAM XMOD ITA SADIEI SADIEII THK

IRCAM 0.744 0.161 1 0.299 0.027
Low Frequency IRCAM XMOD 0.906 0411 0.98 0.0415
Coloration(piano éolo) ITA ! ! 0.982
SADIE I 0 0.001
SADIE II 0.913
IRCAM 0.825 0.006  0.259 0 0.158
Low Frequency IRCAM XMOD 0.183 1 0 0.843
Coloration(speeéh) ITA 0.832 WL 0.857
SADIE I 0.161 0.174
SADIE II 0
IRCAM 0.059 0 0 0.069 0.012
Low Frequency IRCAM XMOD 0.671 0 1 0.994
Coloration ITA 0.013 0.63 0.935
(Jazz ensemble) SADIE I 0 0
SADIE II 0.99

Highlighted cells indicate SDfonebe

Table 3.13Fable-above!©"8>° shows that there were wide significant dif-
ferences in the low-frequency coloration test. As indicated by the results
of piano solo section, THK, ITA and SADIE II were leading in the table,
followed by IRCAM, IRCAM XMod, and by IRCAM and IRCAM XMaod,
where SADIE I was in the last place. In the male speech section, THK, IR-
CAM XMod and ITA had relatively better performance, followed by IRCAM
and SADIE I, where SADIE II was rated lowest coloured. In Jazz ensemble
section, THK, IRCAM XMod, ITA and SADIE II had the same results, in
which IRCAM had less bass, and SADIE I had much stronger low frequency

coloration.



3.5 Discussion of Listening Test 71

3.5 Discussion of Listening Test

In accordance with our results on the general preference evaluation that
the original stereo mix was rated far higher than all the other HRTF's, exist-
ing studies from Amstrong et al. demonstrated that there was a correlation
between the attributes richness and preference . This test verified the re-
sults to a certain extent: as the audio convolved with HRTF's led to excessive
coloration in some content, while participants preferred the more balanced
timbre of the stereo reference. Accordingly, the timbre was found as a vital
factor that cannot be neglected when designing binaural filters. It is impor-
tant to clarify the rationale behind the emphasis on user preference in the
preliminary tests. Previous work by Carl et al. (2018) on the SADIE II
database demonstrated that listeners often preferred the timbral characteris-
tics of KU100-based HRTFs over their own individualised measurements.
This finding suggests that KU100 exhibits strong perceptual robustness and

general acceptability across listeners.Hongbo

The present study aims to develop a simplified binaural filter derived
from existing HRTF measurements. In such a context, the selection of an
appropriate base HRTF is crucial. Rather than focusing exclusively on local-
isation precision, the preliminary evaluation therefore prioritised perceptual
acceptability — particularly frequency balance and overall preference — to
ensure that the selected database would provide a reliable and well-accepted

spectral foundation for subsequent simplification.tonebe

Moreover, according to the results of the present listening test, except
for the reference audio, ITA, SADIE I, SADIE IT and THK HRTF databases

were rated higher in general preference; however, I'TA was more coloured at



72 Listening Test for HRTF Comparison

high frequencies, and SADIE I was more coloured at low frequencies. Thus,
SADIE II and THK could be the two most suitable databases for next stage
research because of their higher rating in general preference and frequency

coloration.

Nevertheless, this study still had several limitations. First, due to the
global pandemic, the experiment was conducted entirely online. As a result,
several uncontrolled variables were introduced. These include differences in
listening environments (e.g., background noise levels, room acoustics), vari-
ability in playback equipment (different headphone models and frequency
responses), and differences in listening levels across participants. Such fac-
tors may have introduced additional variability into the perceptual ratings,

particularly in the frequency coloration assessments.fonebe

However, these influences are likely to have contributed primarily to ran-
dom variation rather than systematic bias, as the presentation order of stim-
uli was randomized for each participant and no single database was associ-
ated with a specific listening setup. Furthermore, a two-way ANOVA analysis
(Table 3.10) indicated no statistically significant effect of headphone model
(DT990 versus others) on the results, suggesting that equipment variability

did not systematically skew the findings.Horsbo

Second, since the test was performed under static binaural listening con-
ditions and all stimuli were rendered directly in front of the listener, the per-
ception of externalisation may have been diminished [7274]. Consequently,
the externalisation ratings may not fully reflect performance under dynamic

listening conditions. Future work should investigate whether incorporating

head tracking alters the perceptual outcomes Nevertheless—this—study—stilt
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Listening Test for Interaural Time Difference

Simplification

4.1 Background of the Second Listening Test

Building upon the findings from the initial study, which evaluated several
HRTFs from different databases, this subsequent listening test aims to delve
deeper into the perceptual differences and preferences identified. In the first
test, participants evaluated HRTFs measured on the KU100 dummy head
using various stimuli—piano, male speech, and a Jazz ensemble—and as-
sessed attributes such as externalization, frequency coloration, general pref-
erence, and spatial quality. While no significant differences were observed
in externalization and spatial quality, likely due to the static listening en-
vironment, distinct preferences emerged in the frequency coloration tests.
Notably, the THK database excelled in both high- and low-frequency col-
oration tests, SADIE II was favored in the high-frequency coloration, and
ITA showed superior performance in the low-frequency coloration. Interest-
ingly, the original stereo mix without binaural filtering received the highest
overall preference ratings in the present study. Previous work by Carl et al.
(2018) on the SADIE II database similarly demonstrated that KU100-based

HRTFs were often preferred over individualised measurements. Together,
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these findings suggest that perceptual preference in headphone-based spa-

tial audio may be influenced more strongly by spectral balance and timbral

familiarity than by anatomical individualisation alone. [29|faterestingly—the

Given the more convenient access to the SADIE II database, further re-
search will be conducted based on this resource to continue exploring these

perceptual evaluations.

In order to reduce computational complexity while preserving key bin-
aural cues, the present study adopts a decomposition-based signal model in
which each HRTF is represented as the combination of a minimum-phase
spectral component and an independently simulated Interaural Time Differ-
ence (ITD). The minimum-phase component retains the magnitude charac-
teristics of the original HRTF while removing excess phase, thereby preserv-
ing the essential spectral shaping cues responsible for elevation and timbral
perception . Under the assumption that the primary interaural temporal
information can be approximated as a pure delay, the I'TD can be separated
from the minimum-phase representation and modelled independently .
HongboThis decomposition has been widely adopted in binaural signal pro-
cessing as a practical simplification strategy, as it enables separate manip-
ulation of temporal and spectral cues while maintaining perceptual plau-
sibility. @, Accordingly, the present framework forms a perceptually
motivated and computationally efficient basis for the proposed simplification

approach.fonsbo
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4.2 Experimental Design

4.2.1 Interaural Time Differences Simulation

The accurate simulation of Interaural Time differences (ITDs) is criti-
cal for spatial auditory perception in virtual acoustic environments. Several
methodologies have been developed to model ITD characteristics. Analytical
models, such as the spherical head approximation, [15,76] provide computa-
tionally efficient solutions by deriving ITD from geometric diffraction prin-
ciples, though their accuracy diminishes at frequencies above 1.5 kHz due
to oversimplified anatomical assumptions. For higher precision, numerical
simulations like the Boundary Element Method [77] and Finite-Difference
Time-Domain techniques [9]solve wave equations using 3D head scans, albeit
at significant computational cost. Modern data-driven approaches leverage
HRTF databases [6] to"°"¢*°predicts personalized ITDs from anthropometric
features, balancing accuracy and practicality for real-time applications. The
choice of method ultimately depends on the trade-off between computational
efficiency, frequency bandwidth requirements, and anatomical fidelity. This
study aims to explore a more efficient and practical ITD estimation strategy
suitable for real-time binaural rendering. The model proposed by Duda et
al. [15] was selected because it provides an analytically derived approximation
of I'TD based on anthropometric parameters, offering a balance between phys-
iological plausibility and computational efficiency. Unlike full wave-based
numerical simulations such as the Boundary Element Method (BEM) [77[7§]
or Finite-Difference Time-Domain (FDTD) techniques [79], which require

detailed 3D geometries and significant computational resources, the Duda
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formulation offers a lightweight analytical alternative. This makes it partic-
ularly suitable for the proposed simplification framework, where computa-
tional cost and scalability are key considerations.Fhisstudy—aims-to-explore

i | . hition:—therefore—it—will wtilize_the JTE

estimationmmodel ]E]’S]ESSE?} ]Ej‘ Puda—et-al ;5 Hongbo

TITD(a7 57 S) =
[0.255x5(s) + 0.0095z1(s) + 0.0924(s) + C]
c
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The equation was expanded to accommodate three dimensions as method-
ology based on Woodworth’s formula, [80] where x5 represents the maximum

head width, z; denotes the head height, and x4 signifies the head depth.

4.2.2 Processing the HRTFs

The minimum phase versions of the HRIRs from the KU100 manikin
mannequin'°8"° in the SADIE II database were initially extracted. Sub-
sequently, equation 4.1 was applied to various directional points of these
HRIRs. In the upcoming stages of the experiment, potential participants
will be asked to input their corresponding anthropometric data, details of

which will be discussed in the subsequent sections.

4.2.3 The Reference HRTF's

Apart from the HRTFs generated by the previously mentioned method,
two different HRTFs were used as references for comparison. The first set
comprises the KU100 HRTFs from the SADIE II database, and the second
set includes personalized HRTFs developed using the rapid method described
by Armstrong!orebe [81], where each participant’s personalized HRTFs were

measured.

4.2.4 Test Paradigm

The second listening test was conducted in a controlled Virtual Reality
(VR) environment using Meta Quest II equipment. Fourteen participants,
all students or professionals in audio-related fields, took part in this stage of

the study. All participants had previously undergone individualized HRTF



80 Listening Test for Interaural Time Difference Simplification

measurements as described by Armstrong , including detailed anthro-
pometric head measurements as defined by CIPIC Database [6] obtained

in an acoustically treated listening laboratory. Head width, height, and

depth were measured using precision calipers, and photographic documen-

tation was archived to ensure measurement reliability. Fhe-Histening-test—was

Stage I: The chosen anthropometric parameters (head width, head height,
and head depth) were entered into a MATLAB-based implementation of the
Duda ITD estimation model described in Section 4.2.3. The computed in-
teraural delay was then combined with the minimum-phase version of the
SADIE IT KU100 HRTFs to generate an I'TD-modified HRTF for each par-
ticipant. The resulting HRTF set, together with the original KU100 and the
participant’s individualized HRTF, was subsequently implemented within
a custom Max/MSP patch developed by the author, based on the SPAT5

spatial audio toolkit . This stage lasted approximately 3-5 minutes.

een erated—within-3-5-minttes Hongbo

Stage II: Once the ITD-modified HRTF was generated, participants were
asked to wear the VR headset and headphones to conduct the sound local-
ization test. Head-tracking data were obtained in real time using the SALTE

system developed by Johnston et al. . Audio rendering operated indepen-
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dently from the visual display pipeline to ensure synchronization accuracy.
The VR visual environment, implemented in Unity and developed according
to the framework described in , allowed participants to indicate the per-

ceived direction of the broadband noise stimulus (3 seconds duration) within

the virtual scene. The stimulus was plaved hack through the headphones,

There were 25 spatial directions tested in total. Twenty-four of these
were derived from combinations of azimuths (150°, 120°, 0°, 30°, 60°, and
180°) and elevations (30°, 0°, 30°, and 60°), with one additional direction at

0° azimuth and 90° elevation.tonebo

Three HRTF conditions were evaluated: (1) the proposed ITD-modified
HRTF (HRTF1), (2) the original KU100 HRTF from the SADIE II database
(HRTF2), and (3) the participant’s individualized HRTF measured previ-
ously (HRTF3).Hengbo

For each spatial direction, each HRTF condition was presented twice.

Therefore, the total number of trials was:Horsbo

25 directions x 3 HRTFs x 2 repetitions = 150 trials.Honebe

All trials were randomized for each participant to minimize order ef-

fects. The full test session lasted approximately 50 minutes. Participants re-

ceived a £20 online shopping voucher as compensation. Fhere-were25-different
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4.3 Analyse on the Results

14 Results were collected, A preliminary observation is shown in this

section.

Table 4.1: HRTF1 Localization Accuracy: MAE and CR for 25 Target Directions

Target AZI (°) Target ELE (°) MAE AZI () MAE ELE (°) CR AZI (%)

-150 -30 16.52 16.97 20.0
-150 0 22.06 0.43 0.0
-150 30 49.30 8.00 40.0
-150 60 41.35 9.74 20.0
-120 -30 9.28 11.73 0.0
-120 0 7.72 13.31 0.0
-120 30 8.93 19.49 0.0
-120 60 21.64 23.68 20.0
0 -30 35.89 13.55 60.0
0 0 0.76 30.95 0.0
0 30 29.56 25.53 40.0
0 60 30.34 59.84 60.0
0 90 36.05 89.90 80.0
30 -30 23.74 12.31 0.0
30 0 23.10 8.78 0.0
30 30 40.49 6.18 20.0
30 60 19.47 23.19 0.0
60 -30 19.34 9.89 0.0
60 0 21.64 0.32 0.0
60 30 30.91 14.71 20.0
60 60 29.21 40.28 40.0
180 -30 36.36 14.12 60.0

180 0 1.54 6.21 0.0
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HRTF1

Target AZI (°) Target ELE (°) MAE AZI (°) MAE ELE (°) CR AZI (%)

180 30 44.05 9.23 40.0
180 60 36.16 45.96 60.0

Note: MAE = Mean Absolute Error; CR = Confusion Rate (error ;90°).

Table 4.2: HRTF2 Localization Accuracy: MAE and CR for 25 Target Directions

Target AZI (°) Target ELE (°) MAE AZI (°) MAE ELE (°) CR AZI (%)

-150 -30 13.85 29.11 0.0
-150 0 15.72 0.17 0.0
-150 30 22.43 23.75 20.0
-150 60 49.98 19.74 60.0
-120 -30 12.52 3.55 0.0
-120 0 12.10 0.27 0.0
-120 30 12.61 14.86 0.0
-120 60 17.98 31.87 20.0
0 -30 35.93 26.81 60.0
0 0 35.82 25.94 60.0
0 30 36.04 29.43 60.0
0 60 0.90 25.94 0.0
0 90 0.72 42.46 0.0
30 -30 26.81 9.99 20.0
30 0 28.14 12.88 20.0
30 30 43.23 2.60 40.0
30 60 29.22 31.99 20.0
60 -30 20.79 6.34 0.0
60 0 29.69 23.07 20.0
60 30 31.95 7.34 20.0

60 60 18.95 34.36 20.0
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HRTF2

Target AZI (°) Target ELE (°) MAE AZI (°) MAE ELE (°) CR AZI (%)

180 -30 0.23 3.84 0.0
180 0 0.88 0.89 0.0
180 30 89.85 4.99 80.0
180 60 88.51 20.87 80.0

Note: MAE = Mean Absolute Error; CR = Confusion Rate (error ;90°).

Table 4.3: HRTF3 Localization Accuracy: MAE and CR for 25 Target Directions

Target AZI (°) Target ELE (°) MAE AZI (°) MAE ELE (°) CR AZI (%)

-150 -30 32.42 9.18 0.0
-150 0 46.59 0.84 60.0
-150 30 39.46 17.95 40.0
-150 60 34.49 34.99 40.0
-120 -30 21.99 27.60 0.0
-120 0 28.72 0.72 20.0
-120 30 17.90 26.88 0.0
-120 60 30.19 20.92 20.0

0 -30 10.39 8.48 0.0
0 0 40.55 12.38 60.0
0 30 71.61 10.17 80.0
0 60 36.80 23.14 40.0
0 90 23.63 0.58 0.0
30 -30 54.67 29.61 60.0
30 0 43.37 22.87 40.0
30 30 50.24 29.68 60.0
30 60 43.67 45.89 60.0
60 -30 20.84 4.68 0.0

60 0 39.71 2.54 40.0
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HRTF3
Target AZI (°) Target ELE (°) MAE AZI (°) MAE ELE (°) CR AZI (%)
60 30 25.59 29.43 20.0
60 60 34.06 59.66 60.0
180 -30 0.07 4.88 0.0
180 0 0.75 14.32 0.0
180 30 89.97 21.44 80.0
180 60 179.83 28.58 100.0

Note: MAE = Mean Absolute Error; CR = Confusion Rate (error ;90°).
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Table 4.4: Overall Localization Performance Across HRTF Conditions

HRTF Condition Mean AZI MAE (°) Mean ELE MAE (°) Mean CR (%)

HRTF1 (ITD-Simplified) 25.4 24.8 23.2
HRTF2 (KU100) 27.0 20.7 24.0
HRTF3 (Individualised) 40.7 18.9 35.2

Note: MAE = Mean Absolute Error; CR = Confusion Rate (error ; 90°).

To provide a clearer cross-model comparison, overall mean localization
metrics were calculated across all 25 spatial directions and demonstrated in
Table 4.4 Hengbo

For azimuth accuracy, HRTF1 (ITD-simplified) achieved the lowest mean
absolute error (25.4°), slightly outperforming HRTF2 (KU100, 27.0°), while
HRTF3 (individualized) showed substantially higher error (40.7°). This indi-
cates that the simplified ITD-based modification did not degrade horizontal
localization performance and, in this dataset, demonstrated improved overall
stability compared to individualized HRTFs.Honebo

In terms of elevation accuracy, HRTF3 (18.9°) and HRTF2 (20.7°) showed
marginally better performance than HRTF1 (24.8°). However, the differences
remained within a comparable range, and all models exhibited elevated errors
at extreme elevation (90°), suggesting inherent limitations in vertical spectral

cue reconstruction under the present VR conditions.onsbe

Regarding front-back confusion, HRTF1 (23.2%) and HRTF2 (24.0%)
showed comparable mean confusion rates, whereas HRTF3 exhibited a no-
tably higher average rate (35.2%), particularly in frontal and elevated regions.
This suggests that individualized HRTFs did not consistently reduce percep-

tual reversals and, in certain spatial quadrants, introduced greater instability.
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Hongbo

Overall, the results demonstrate that the ['TD-simplified HRTF maintains
functional localization performance comparable to the full KU100 reference
and, in horizontal localization, may provide improved robustness relative to
individualized measurements. These findings support the feasibility of the
proposed simplification framework as a computationally efficient alternative

without substantial perceptual compromise.fonsbe

Beyond the overall performance metrics, model-specific spatial patterns
were also observed. The comparative analysis reveals clear variations in
spatial localization capabilities across HRTF models, highlighting model-
specific strengths and limitations. While certain implementations demon-
strated stronger performance in posterior localization or median-plane preci-
sion, all models exhibited elevated errors at extreme elevation (notably 90°)

and persistent front-back confusions. Honsbo

Lateral asymmetries and hemispheric inversion errors further suggest in-
herent limitations in current spectral cue differentiation mechanisms under
VR listening conditions. These findings emphasize the importance of improv-

ing median-plane spectral modeling and refining anthropometric adaptation

strategies to address systematic localization variability across spatial quad-

rants. Where-HRTE1 2-and-3—refersto- HRIF—with I D-Simplified-method;
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Conclusions and future work

5.1 Conclusions

This study examined a simplified approach to binaural filtering through
two listening tests under controlled experimental conditions. The first test
employed a MUSHRA-based subjective evaluation to compare perceived tim-
bral quality and overall preference across binaural renderings, whereas the
second test investigated directional localisation performance in a VR envi-

ronment with head tracking.tonebe

Across the subjective evaluation, the simplified approach elicited com-
parable or, in some cases, more favourable perceptual responses than the
selected generalised HRTFs under the tested conditions, indicating that cue
simplification did not necessarily lead to unacceptable timbral degradation.
In the VR localisation test, the simplified approach did not achieve the same
level of spatial localisation accuracy as fully personalised HRTFs across all
directions; however, its horizontal localisation performance was comparable
to the KU100 reference and its overall confusion rate remained within a simi-
lar range to the KU100 condition. Taken together, these results suggest that
the examined approach is unlikely to replace fully personalised HRTFs in ap-

plications requiring high localisation precision, but it may represent a viable
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alternative in scenarios where rapid and cost-effective HRTF generation is

prioritised, subject to the constraints of the experimental design.°nebe

With respect to the experimental hypotheses proposed in Chapter 1, the

findings provide partial empirical support.Horsbe

Hypothesis 1, which proposed that generalized HRTF's retain value be-
yond strict localization accuracy, is supported by the subjective evaluation
results. Certain generalized HRTFs demonstrated competitive perceptual
performance in timbral quality and listener preference, indicating their con-

tinued relevance in practical applications.Horsbo

Hypothesis 2, which proposed that modifying generalized HRTFs using
individual physiological parameters could achieve satisfactory outcomes, is
partially supported. The ITD-simplified approach maintained horizontal lo-
calization accuracy and confusion rates comparable to the KU100 reference,
suggesting functional viability. However, the simplified model did not consis-
tently outperform fully individualized HRTF's across all spatial dimensions,
particularly in extreme elevation conditions. Therefore, while promising, the
approach cannot yet be considered a full substitute for comprehensive per-

sonalization Honsbo

Overall, the study demonstrates that simplified manipulation of specific
binaural cues—particularly I'TD components—can preserve listener-relevant
aspects of spatial perception and subjective quality in controlled listening

tests. Nevertheless, the extent to which these findings generalise beyond the

present participant sample, HRTF database, and experimental configurations

remains limited and warrants further investigation.Fhis—study—introduced
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5.2 Future work

Despite the promising outcomes observed under the tested conditions,
this study acknowledges several limitations. In particular, the scope of I'TD
simplification explored in this work was constrained, and the generalisabil-
ity of the results is influenced by the characteristics of the selected HRTF
database. Future research could explore more detailed personalisation of
ILD and spectral adjustments, with the aim of addressing a broader range
of auditory perceptual factors. Such developments may contribute to further
refinement of spatial audio customisation, including VR-based applications;
however, the extent and robustness of these effects would require system-
atic evaluation across a wider range of listeners, datasets, and experimental

conditions.
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Study design (if relevant — e.g. randomised control trial; laboratory-based)

The test will be carried in VR device (Oculus Quest 2) and based on the SALTE
localization test framework. Synthesised HRTF will be generated from part 1’s results
and will be convolved with several different test signals, namely an instrument solo, a
male voice, a jazz ensemble, and a pink noise signal in different frequency bands. Each
set of test stimuli will last 10-12 seconds.

If the study involves participants, how many will be recruited?
Approximate 10 - 15 People due to the restriction of hardware.

If applicable, what is the statistical power of the study, i.e. what is the justification for the
number of participants needed?
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SECTION 4 RECRUITMENT OF PARTICIPANTS

How will the participants be recruited?

PSEC Application Form V4

headset.

People from Audio Lab, and those experienced listener who has the Oculus Quest 2

‘What are the inclusion/exclusion criteria?

Exclusion:

People who:
1. Have hearing, vision or movement disabilities.
2. Are not comfortable with audio noise
3. Have motion sickness when wearing VR headset

Will participants be paid reimbursement of [YES | [No [V]
expenses?

Will participants be paid? [YES[N] [NO] |
If yes, pl btain signed agr t

Will any of the participants be students? [YES [V] [NOT |
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SECTION 5 DATA STORAGE AND TRANSMISSION

If the research will involve storing personal data, including sensitive data, on any of the
following please indicate so and provide further details (answers only required if personal
data is to be stored).

Manual files

University computers

Home or other personal computers
Laptop computers, tablets
Website

22 < fl2 <

Please explain the measures in place to ensure data confidentiality, including whether
encryption or other methods of anonymisation will be used.

Computers will be password protected. Stored participant data will be anonymised. No
paper documentation will exist for this study. Data will be stored in encrypted
files/folders.

Please detail who will have access to the data generated by the study.

Investigators only

Please detail who will have control of and act as custodian for, data generated by the study.

Investigators only

Please explain where, and by whom, data will be analysed.

By the investigators at the University of York Audio Lab and at the investigator’s
homes.

Please give details of data storage arrangements, including where data will be stored, how
long for, and in what form.

[ Data will be stored on investigators’ personal computers and at the University of York |
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Audio lab storage in encrypted files. Data will only be stored on the investigators’
laptops until the end of the PhD study.
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SECTION 6 CONSENT

Is written consent to be obtained? | YES | vV | | NO | |

If yes, please attach a copy of the information for participants
If no, please justify

Will any of the participants be from one of the following vulnerable groups?

Children under 18 YES NO [V
People with learning difficulties YES NO [V
People who are unconscious or severely ill YES NO [V
People with mental illness YES NO [V
NHS patients YES NO [V
Other vulnerable groups (if ‘yes’, please give details) YES NO [V
If so, what special arrangements have been made for getting consent?
Consent Form will be provided to participants.
SECTION 7 DETAILS OF INTERVENTIONS
Indicate whether the study involves procedures which:
Involve taking bodily samples YES NO [V
Are physically invasive YES NO |V
Are designed to be challenging/disturbing (physically or psychologically) | YES NO [V

If so, please list those procedures to which participants will be exposed:
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List any potential hazards:

There is a small risk of noise exposure, but this will be mitigated by guiding participants through a
set up procedure to set their computer to a safe volume.

There is a small risk of fatigue, which will be mitigated by reminding participants to take regular
breaks and by keeping the length of the experiment short.

There is a small risk of dizziness when wearing the VR device, which will be mitigated by
reminding participants to take regular breaks and by keeping the length of the experiment short.
List any discomfort or distress:

None.

‘What steps will be taken to safeguard

@) the confidentiality of information

Data will not be stored with participants names but using a unique ID.

(i)  the specimens themselves?

N/A

‘What particular ethical problems or considerations are raised by the proposed study?

None.

‘What do you anticipate will be the output from the study? Tick those that apply:

Peer-reviewed publications
Non-peer-reviewed publications
Reports for sponsor
Confidential reports
Presentation at meetings

Press releases

Student project

Is there a secrecy clause to the research? [YES] | [NO V]
If yes, please give details below
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SECTION 8 SIGNATURES

The information in this form is accurate to best of my knowledge and belief and I take full responsibility
for it.

I agree to advise of any adverse or unexpected events that may occur during this project, to seek approval
for any significant protocol amendments and to provide interim and final reports. I also agree to advise the
Ethics Committee if the study is withdrawn or not completed.

o K-
Signature of Investigator(s): ~ ..ieeveieiieiienienne. ]—%7 ....................................

Date: e, 27/May/2021....ccveniiiniiinenne.

Responsibilities of the Principal Researcher following approval
e If changes to procedures are proposed, please notify the Ethics Committee
e Report promptly any adverse events involving risk to participants
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University of York

Online-based listening test for the subjective perceptual evaluation of different
Binaural Filters for KU100 under static conditions.

31" Aug 2020 (v1.0)

PROJECT INFORMATION SHEET

Thank you for agreeing to participate in this study. We are working to

evaluate the perceived timbral and spatial differences between different binaural

databases for headphone based 3D audio. The results of the test will be used for
further simplification of binaural filters.

We will be querying your response to a number of different audio stimuli

with different filters. The test is a Web-MUSHRA based listening test GUI,
released online.

Please use the link http://audiolab.york.ac.uk/listening—tests/hh973/ to

conduct the test.

Once you begin the test, follow the instructions on each sub test and
please ensure you are using headphones and the L and R channels are on

your ears correctly.
During the test, you will be asked to evaluate: Externalisation, High
frequency coloration, Low frequency coloration and general preference

between different stimuli and the reference.

You are free to listen to each sound sample as many times as you like,

and you can go back to previous samples you have responded.

Once you have completed your tests, please fill out the information form .



If you have any questions about the process, or how your data will be
used, please don’t hesitate to ask. Further, if you wish to withdraw from
the study you are free to do so at any point. Please note however that
any data collected up to the point of withdrawal may still be used.

Contact details are provided opposite for your convenience.

Primary Investigator: Hongbo Hu
Affiliation: Audio Lab, Dept. of Electronic Engineering, University of York
Email: hh973@york.ac.uk

Supervisor: Gavin Kearney
Affiliation: Audio Lab, Dept. of Electronic Engineering, University of York

Email: gavin.kearney@york.ac.uk

Many thanks,

Hongbo Hu and Gavin Kearney
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THE UNIVERSITYW

Application Form for Physical Sciences Ethics Committee Approval

Adbvice for applicants on completing the form

Please ensure that the information provided is:

e Accurate and concise

. Clear and simple and easily understood by a lay person
e Free of jargon, technical terms and abbreviations

Further advice and information can be obtained from your departmental representative on the
PSEC and at: http://'www.york.ac.uk/admin/aso/ethics/cttee.htm

Please return completed (typed) form to your departmental representative via email to:

elec-ethics@york.ac.uk

Title of project:

Elevation Perception under dynamic condition in Binaural Rendering with Simplified HRTF.

SECTION 1 DETAILS OF APPLICANTS

Details of principal investigator (name, appointment and qualifications)

Hongbo Hu. BEng.
PhD Student

Names, appointments and qualifications of additional investigators (student applicants should
include their project supervisor(s) here)

Gavin Kearney, PhD.
Associate Professor in Audio and Music Technology.
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Location(s) of project

University of York, Audio Lab, Genesis 6, Science Park.
Experiments will be undertaken in participants’ homes.

SECTION 2 FUNDERS

What is the funding source(s) for the project?

This is a project from a self-funding PhD student, no external funding involved.

Please answer the following:

(i) Does the express and direct aim of the research or other activity raise ethical issues?

[YES| | [NO[V]
(ii) Is there any obvious or inevitable adaptation of research findings to ethically questionable
aims?
[YEs[ | [NO[Y]

(iii) Is the work being funded by organisations tainted by ethically questionable activities?

[YES] | [NO[V]
(iv) Are there any restrictions on academic freedoms — notably, to adapt and withdraw from
ongoing research, and to publish findings?

[YES| | [NO[V]

If you answered Yes to any of the above, please give details below:
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SECTION 3 DETAILS OF PROJECT OR OTHER ACTIVITY

Aims (100 words max)

This project is related to 3D audio perception over headphones using binaural filtering.
It aims to find out whether participants are able to perceive the relative height of sound
sources when using a generic binaural filter with and without personalised binaural cue
manipulation.

Background (250 words max)

Binaural filters known as Head Related Transfer Functions (HRTFs) describe how a sound is
filtered by the head, outer ear and torso as it reaches the ear canal. They are key to delivering
effective and dynamic immersive audio over headphones. It is shown throughout the literature
that using personalised HRTFs improves spatial audio perception and localisation in virtual
auditory displays significantly [1]. However, HRTF measurement is a complex, time consuming
process that has to be carried out in an anechoic chamber using calibrated equipment under
well-controlled conditions. Alternatively generalized HRTFs can be employed for correct
auralisation and perception, but these can suffer from timbral issues and localization errors [2].
This research aims to manipulate generalized HRTFs so that they can be more tailored to the
individual.

It has been suggested that the non-personalised HRTF may confound or defeat the elevation
perception in a particular frequency band (f > 1.5kHz) when subjects perform localisation tests
in the median plane, however such results need to be explored in more depth [3]. Therefore, in
this experiment, participants will be asked to use a generic HRTF synthesised by an innovative
optimisation technique to verify whether they can accurately perceive height information or not.

Reference

[1] Algazi,V.R.,Duda,R.0.,Thompson,D.M.,and Avendano, C., “The CIPIC HRTF database,” in
Proceedings of the 2001 IEEE Workshop on the Applications of Signal Processing to
Audio and Acoustics, pp. 99—102, 2001

[2] Mendonc, a, C., Campos, G., Dias, P., Vieira, J., Ferreira, J. P., & Santos, J. A. (2012). On the
improvement of localization accuracy with non- individualized HRTF-based sounds. In Audio
Engineering Society Convention 129. San Francisco, CA. Audio Engineering Society.

Hebrank J, and Wright D: “Spectral cues used in the localization of sound sources on the median plane,” J
Acoust Soc Am, 56 (6):1829-1834, 1974.
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Brief outline of project/activity (250 words max)

Consent and demographics will be collected via Qualtrics. Participants are then asked to
download a MATLAB application (app) which guides them through the experiment.

The listening test will be divided into two parts:
Part 1 (20 mins): Calibration.

Participants are required to measure their head size and report the value in the
MATLAB app. Wearing headphones, they will then be asked to distinguish whether
there is a perceived spatial shift between 2 presented pink noise signals, where 1 of the
signals is controlled via a slider which adjusts binaural cues. When the test is finished,
participants are required to send over the test result to the investigator, and these results
are used to derive a personalised test dataset for the individual.

Part 2 (60 mins): Localisation.

This part of the test required participants to wear an Oculus Quest 2 device for the test.
Parameters and information about the Oculus Quest 2 can be found in [1]. Participants
will be instructed to install the listening test software on their personal computer to
connect their Oculus Quest 2 device, after which they would run the software for the
listening test. Reference animated screens will appear on the Oculus Quest 2 device and
participants will be asked to respond using the corresponding buttons on the joystick to
indicate the location of the test stimuli they hear.

Test stimuli will be

A solo piano,

A male voice,

A jazz ensemble,

Pink noise signal in different frequency bands.

The stimuli will be presented binaurally using filters generated from Part 1 of the test.
Each set of test stimuli will last 10-12 seconds.

[1] https://www.oculus.com/quest-2/

7% May 2015



PSEC Application Form V4

Study design (if relevant — e.g. randomised control trial; laboratory-based)

The test will follow a within-subject design, where each subject will experience both
custom and generic binaural filtering. Data analysis will be conducted using analysis of
variance.

If the study involves participants, how many will be recruited?
Approximate 10 - 15 People due to the restriction of hardware.

If applicable, what is the statistical power of the study, i.e. what is the justification for the
number of participants needed?

Based on test requirements outlined in ITU BS-1116[1], on subjective rating of audio quality, a
lower number of participants is sufficient if expert listeners are employed. All listeners will come
from the proposer’s research group, who all have personal access to the hardware required for the
experiment.

[1] ITU-R "Recommendation BS 1116-1, Methods for the Subjective Assessment of Small

Impairments in Audio Systems including Multichannel Sound Systems", International
Telecommunications Union Radiocommunication Assembly, 1997.
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SECTION 4 RECRUITMENT OF PARTICIPANTS

How will the participants be recruited?

Researchers from the AudioLab, Department of Electronic Engineering.

What are the inclusion/exclusion criteria?

Exclusion:
People who:
1. Have hearing, vision or movement disabilities.
2. Are not comfortable with audio noise
3. Have motion sickness when wearing a VR headset.

Will participants be paid reimbursement of [YES[ | [No [V]
expenses?

Will participants be paid? [YES[V] [NO] |
If yes, ple btain signed agr t

Will any of the participants be students? [YES [V] [NOT |
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SECTION 5 DATA STORAGE AND TRANSMISSION

If the research will involve storing personal data, including sensitive data, on any of the
following please indicate so and provide further details (answers only required if personal
data is to be stored).

Manual files

University computers

Home or other personal computers
Laptop computers, tablets
Website

22|l fl2 <

Please explain the measures in place to ensure data confidentiality, including whether
encryption or other methods of anonymisation will be used.

Computers will be password protected. Stored participant data will be anonymised. No
paper documentation will exist for this study. Data will be stored in encrypted
files/folders.

Please detail who will have access to the data generated by the study.

Investigators only

Please detail who will have control of and act as custodian for, data generated by the study.

Investigators only

Please explain where, and by whom, data will be analysed.

By the investigators at the University of York Audio Lab and at the investigator’s
homes.

Please give details of data storage arrangements, including where data will be stored, how
long for, and in what form.

[ Data will be stored on investigators’ personal computers and at the University of York |
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Audio lab storage in encrypted files. Data will only be stored on the investigators’
laptops until the end of the PhD study.

7% May 2015
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SECTION 6 CONSENT

Is written consent to be obtained? | YES | N| | | NO I |

If yes, please attach a copy of the information for participants
If no, please justify

'Will any of the participants be from one of the following vulnerable groups?

Children under 18 YES NO [V

People with learning difficulties YES NO [V

People who are unconscious or severely ill YES NO [V

People with mental illness YES NO [V

NHS patients YES NO [V

Other vulnerable groups (if ‘yes’, please give details) YES NO [V
If so, what special arrangements have been made for getting consent?

Consent Form will be provided to participants.

SECTION 7 DETAILS OF INTERVENTIONS

Indicate whether the study involves procedures which:

Involve taking bodily samples YES NO [V
Are physically invasive YES NO [V
Are designed to be challenging/disturbing (physically or psychologically) | YES NO [V

If so, please list those procedures to which participants will be exposed:
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List any potential hazards:
There is a small risk of noise exposure, but this will be mitigated by guiding participants through a
set up procedure to set their computer to a safe volume.
There is a small risk of fatigue, which will be mitigated by reminding participants to take regular
breaks and by keeping the length of the experiment short.
There is a small risk of dizziness when wearing the VR device, which will be mitigated by
reminding participants to take regular breaks and by keeping the length of the experiment short.
There is a small risk when wearing the VR headset that the user may be less aware of their real
world surroundings. Participants will be instructed to ensure the ‘play’ area is clear of any
potential obstacles.

List any discomfort or distress:
None.
What steps will be taken to safeguard

@) the confidentiality of information

Data will not be stored with participants names but using a unique ID.

(i)  the specimens themselves?

N/A

What particular ethical problems or considerations are raised by the proposed study?

None.

What do you anticipate will be the output from the study? Tick those that apply:

Peer-reviewed publications
Non-peer-reviewed publications
Reports for sponsor
Confidential reports
Presentation at meetings

Press releases

Student project

Is there a secrecy clause to the research? [YES] | [NO V]
If yes, please give details below

7% May 2015
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SECTION 8 SIGNATURES

The information in this form is accurate to best of my knowledge and belief and I take full responsibility
for it.

I agree to advise of any adverse or unexpected events that may occur during this project, to seek approval
for any significant protocol amendments and to provide interim and final reports. I also agree to advise the
Ethics Committee if the study is withdrawn or not completed.

bo H-
Signature of Investigator(s): ~ ..eciviiiiiiiiieeinns H@? ....................................

Dates = asmssessveswesssd 10/Fal/202 1 s ssswnsmesnsespusnsss

Responsibilities of the Principal Researcher following approval
e If changes to procedures are proposed, please notify the Ethics Committee
e Report promptly any adverse events involving risk to participants
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Listening test for evaluating the localisation accuracy of ITD-modification binaural filters

PROJECT INFORMATION SHEET
30" November 2022

It has been suggested that the non-personalised HRTF may confound or defeat the elevation perception in a
particular frequency band (f > 1.5kHz) when subjects perform localisation tests in the median plane; however,
such results need to be explored in more depth. Therefore, in this listening test, you will be asked to use a
generic HRTF synthesised by an innovative optimisation technique (cross-head time delay method)to verify

whether you can accurately perceive a correct virtual sound source localisation or not.
The whole listening test will last for 45-60minutes.
The listening test procedure will be as follows:

1. We will take some physical measurements of your head size(width and depth). This process will take

approximately 2 minutes.

2. The data we gathered from step one will be input into the MATLAB software on the laptop, and a new

HRTF set will then be generated. This process will take approximately 5 minutes.

3. You will be asked to wear the VR headset(Meta Quest 2) and using the hand controller to conduct the

listening test, and following is the instruction:

a.  You will be instructed to adjust the volume to a comfortable level.

b. Pink noise signal will be played back to you, and you are free to move your head inside the green
circle(you will see it in the Ul in the VR headset), the sound will go off if you move your head out
of the green circle.

c. You will need to point out the direction of the sound source using your controller by clicking the
trigger(oral instruction will also be presented to you).

d. There will be totally 150 trials present to you.

4. The listening test on VR headset will be last for 30-45 minutes.
5. You will be paid £15 in amazon vouchers following the completion of the listening test.
6. If you have any questions about this participant information sheet or concerns, please contact Hongbo

Hu(hh973 @york.ac.uk) in the first instance.
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