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Abstract

Augmented reality (AR) telepresence systems aim to present visual and
auditory "holograms" of conversation partners via head-mounted displays
and transparent headphones. These systems require binaural audio that
adapts not only to the user’s orientation and position but also to their
acoustic environment.
Many fundamental technologies for such real-time, binaural auralization

systems have been developed over the years. These virtual acoustic systems
were often tested in direct comparison to a high-quality reference rendering,
so the implied objective for the system’s development was often indistin-
guishability from a reference. However, differences were usually audible
in such tests, at least for non-ideal, practically relevant systems. When
developing future AR systems, two questions arise: "Why exactly do such
discrepancies occur?" and "What are meaningful objectives and evaluation
paradigms other than indistinguishability from a reference?"
First, finding reasons for discrepancies involves a detailed understanding

of specific rendering methods, underlying models, and their violations. Two
fundamental properties of a parametric spatial room impulse response
processing technique are studied as examples.
Second, as an objective that leads to meaningful AR evaluation paradigms,

one option is to assess if auditory illusions are evoked, i.e., whether a
listener believes a virtual sound source to be real. This work introduces the
transfer-plausibility paradigm, which evaluates if a virtual source creates
an auditory illusion, even in the presence of other, real sound sources.
In summary, Publication I and Publication II discuss fundamental prop-

erties of spatial room impulse response processing techniques: Publication
I shows how direction-of-arrival estimation based on the pseudo intensity
vector depends on anisotropy in the late reverberation. Publication II in-
vestigates how perceptual roughness can occur in spatial room impulse
response rendering based on broadband directional assignment.
Publication III and Publication IV deal with problems more closely re-

lated to AR. Publication III proposes an approach for blind spatial room
impulse response estimation using a pseudo-reference signal. Publication
IV demonstrates auditory modelling-based quantification of impairments
caused by so-called transparent headphones used for AR.
Publication V and Publication VI introduce the notion of transfer-plausibility

and compare it against other paradigms. The results suggest that even non-
ideal virtual acoustic renderings are comparable in transfer-plausibility
tests. Publication VII presents an experiment about the inability for self-
localization using position-dependent room acoustic differences. The thesis
concludes by presenting opportunities for future transfer-plausibility tests
and a proposed model for describing differences in experimental paradigms
by their sensitivity to auditory similarity, context, and artifacts.
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1. Introduction: Transfer-Plausible
Virtual Acoustics

The primary motivation for studying transfer-plausible acoustics is the
vision of augmented reality (AR) telepresence, in which interlocutors are
shown visually via augmented reality glasses and their voices are ren-
dered dynamically in real-time, adapted to the room acoustics of the user’s
environment. The concept is demonstrated in Fig. 1.1.
Undeniably, such a system takes inspiration from the science fiction

world, in which blue hologram calls have foreshadowed such a technology
several decades ago. Although there are still various problems to solve,
functioning AR telepresence has become a much more realistic scenario
during the time span of this thesis, with major technology companies
developing AR technology.
This thesis contributes insights into the acoustic rendering technolo-

gies required for AR telepresence systems, such as spatial room impulse
response analysis, rendering and estimation methods, and transparent
headphones. Moreover, it discusses how AR systems can be evaluated.

Figure 1.1. Concept of an AR telepresence meeting. Two participants are in a room,
while a third remote-end participant is rendered using head-mounted displays
(HMDs) and headphones.
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It could be argued that many of the basic virtual acoustic rendering
technologies required for AR telepresence systems have been available for
many years. Obviously, technological differences exist between historical
systems and modern-day systems, mainly due to advanced hardware capa-
bilities. While a real-time convolution engine needed to be a specialized
piece of equipment in the early 1990s [3], it can now be accomplished by
freely available, open-source software tools and regular laptops [4–6], open-
ing up many opportunities for experimentation and application. But aside
from technological advances, we argue that the main difference between
previous virtual acoustics research and the topics discussed in this thesis
is their objective. Earlier virtual acoustic systems were often evaluated by
comparing their output against a high-quality reference rendering, with
the goal of maximizing similarity in direct comparison. However, even
today, complete indistinguishability under all conditions is not achieved
— at least not in practically relevant systems. When attempting to apply
virtual acoustic technologies in practice, two questions naturally arise.
The first one is why audible differences occur. Gaining an understanding

of this requires a detailed analysis of specific rendering methods. Apart
from doing derivations and experiments evaluating objective metrics, lis-
tening experiments directly comparing a rendering to a high-quality refer-
ence can be used as a diagnostic tool to determine the kinds of perceptual
impairments that the methods introduce. As examples, this thesis stud-
ies two properties of the spatial decomposition method (SDM). We argue
that errors are mostly due to mismatches between modeling assumptions
and the real world. Also, we provide arguments for why such errors are
principally hard to avoid in 6 degrees-of-freedom (6DoF) rendering.
The second question is how practical virtual acoustic rendering systems

for AR should be evaluated. We argue that here, the goal should not be
indistinguishability in direct comparison and that evaluation paradigms
must correspond closely to the goals of a system’s specific application. The
AR telepresence application provides us with the new, clearly defined goal
of creating stable auditory illusions [7], i.e., virtual renderings that are
believed to be real. Specifically, we introduce a paradigm for testing if
virtual sound sources evoke auditory illusions even if other, real sound
sources are present. We believe that this scenario is the closest to the AR
telepresense applications. We call this experimental paradigm transfer-
plausibility (TP) and define

A system is transfer-plausible, if virtual sound sources are believed to be real, in
the presence of real sound sources.

We argue that TPmight be achievable, even if complete indistinguishability
between real and virtual sources, defined as authenticity [8], is not reached.
In turn, the goal of reaching TP leads to a specific set of requirements
for the rendering system. Some potential technological building blocks of

20



Introduction: Transfer-Plausible Virtual Acoustics

such systems are discussed and studied here, but implementing a fully
operational, 6DoF AR rendering system that reaches TP was not the goal
of the thesis. Consequently, ample opportunity for future work remains,
which we hope to aid and encourage with the following contributions.

Contributions Apart from presenting transfer-plausibility and discussing
the evaluation of AR audio, the thesis deals with technological foundations
for AR audio systems and studies some of their fundamental properties
and limitations. Some are general technologies of virtual acoustics, such as
parametric spatial room impulse response (SRIR) analysis and rendering.
Others are more specific to sound in AR, such as blind SRIR estimation and
the evaluation of transparent headphones. The topics of the publications
can be summarized as follows.

– Publication I deals with a basic property of SRIR analysis: the behavior
of the pseudo intensity vector in late reverberant fields.

– Publication II deals with a specific aspect of SRIR rendering: rough-
ness perceived when rendering very transient sounds using the spatial
decomposition method.

– Publication III presents a simple idea for blind SRIR estimation based
on creating a pseudo-reference signal

– Publication IV presents ways of assessing headphone transparency based
on auditory models. The output is correlated to the results of listening
experiments.

– Publication V first introduced the idea of transfer-plausibility.
– Publication VI gives a precise definition of TP and the associated experi-
mental design. Moreover, it compares TP to other paradigms that test
for the emergence of auditory illusions.

– Publication VII allows insight into the perceptual relevance of position-
dependent room acoustic differences in a self-localization task.

Background on technologies for binaural virtual acoustic rendering dis-
cussed in Publication I, and II is provided in Chapter 2. Technologies more
specific to sound in AR, like blind room estimation and transparent head-
phones that are the topic of Publication III and IV are summarized in Chap-
ter 3. Finally, perceptual aspects and the notion of transfer-plausibility
are presented in Chapter 4 and in Publication V, VI, VII. Chapter 5 puts
the contributions into context and concludes the work.
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2. Virtual Acoustic Rendering

The following chapter revisits some of the existing technologies required
for dynamical, binaural rendering. As such, they are important prerequi-
sites for sound in AR telepresence but are not limited to this application.
Furthermore, the chapter provides background for Publication I and II,
the two studies regarding the fundamental properties and limitations of
SDM.
In the realm of virtual acoustics, the process of rendering sound audi-

ble from simulated, measured or synthesized data is often referred to as
auralization [9]. For the auralization of a specific room, spatial room im-
pulse responses (SRIR) need to be simulated or measured, processed, and
ultimately convolved with anechoic source signals. The resulting signals
are then fed to loudspeaker arrays or headphones. In case head-tracking
data are available, headphone rendering can be adapted according to the
listener’s orientation (3DoF), or position and orientation (6DoF). Such
dynamical virtual acoustic rendering systems were also called interactive
virtual acoustic environments in the past.
The first auralization techniques have already been implemented several

decades ago, following first ideas by Schroeder in 1963 [10]; for a review
of systems introduced before 1993, see [11]. Yet most early systems were
static, i.e., they did not include head-tracking. One of the first systems to
enable dynamical binaural auralization with head-tracking was the con-
volvotron, which allowed time-varying convolution by means of a dedicated
processor [3]. Some examples of room acoustic rendering and auraliza-
tion software developed over the past decades were the Binaural Room
Simulation software in [12], DIVA [13, 14], SLAB [15], RAVEN [16], or
RAZR [17].

2.1 Simulation, Measurement, Estimation

As the goal of auralization systems often was to aid room acoustic de-
sign [18], many early systems take room geometry, wall materials, and
source/receiver positions as input and render a simulation of the room.
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They were frequently based on geometrical acoustics [19] and to a limited
extent on wave-based simulation and hybrids of the two (see [20,21] for
recent introductions to wave-based room acoustic simulation). When the
acoustics of an existing room shall be reproduced, techniques based on mea-
sured SRIR are often more appropriate. This is because simulations would
require an exact model of the room including the acoustical properties of
all materials. The accuracy of the simulation might suffer from modeling
errors or insufficiencies of the simulator itself. Measurements of existing
spaces are used as references for testing simulations, as in the round
robin described in [22]. Also, the work presented in this thesis mostly
uses measurements. To obtain a SRIR, a measurement signal is played
back from a loudspeaker and recorded using one or more microphones in a
room. Exponential sine sweep [23,24] are commonly used as measurement
signals. After recording, the microphone signals are deconvolved with
the measurement signal, and one RIR is obtained for every microphone
channel.
We define a SRIR as consisting of several RIRs from different micro-

phones at different positions, which provides spatial information. A SRIR
could be measured using binaural microphones, where we speak of a bin-
aural room impulse response (BRIR) or different microphone arrays. If the
microphone array is compact, the term directional room impulse response
(DRIR) is used, too. Most binaural auralization methods can be applied
to both measured or simulated SRIRs. Such methods have been used in
listening experiments that are part of this thesis, e.g., in Publication II,
IV, V, VI, VII. For practical AR systems, simulations or measurements are
likely to be replaced by estimates, which is discussed further in Section
3.1.

2.2 Creating Binaural Auralizations

Some of the most fundamental approaches for binaural auralization of
rooms are summarized in the following section. More detailed treatments
of the topics can be found in [25–28], for example.

2.2.1 Binaural Room Impulse Responses

Conceptually, the simplest system for creating a binaural rendering of an
existing room is to measure a BRIR using microphones in the ears of a
human listener or an artificial head and torso simulator (HATS). A BRIR
consists of two impulse responses, bL(t), and bR(t), one for the left and one
for the right ear, where t denotes time. An example is shown in Fig. 2.1.
Once a BRIR is obtained, a virtual sound source can be reproduced using
headphones, by convolving the BRIR with an anechoic, monophonic input
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(a) (b)

Figure 2.1. (a) Visualization of the sound pressure in a room with a head in it, t= 10 ms
after impulse excitation at the position of the small black circle in the lower
left. After the excitation, sound is reflected from the walls and the head. (b)
Left and right channels of the BRIR measured at the ear positions, where
the direct sound is seen with a higher level and earlier arrival in the right
channel response and several reflections are visible in the response of both
ears.

signal s(t) to produce the binaural rendering y(t), as in

y(t)=
"
bL(t)

bR(t)

#

§ s(t). (2.1)

In addition, headphone compensation should be employed, for which differ-
ent approaches exist [29–31]. Ideally, headphones are measured using the
same binaural receiver. Such a minimal, static auralization method was
used for certain tests in Publication II, IV, and VII, where specific acoustic
aspects of a room at one position and orientation were of interest.
If head-tracking shall be taken into account, the BRIR needs to be mea-

sured for all possible head orientations, so that the response with the
orientation closest to the head orientation of the user can be loaded into
memory upon rendering. An open-source implementation of such dynamic
BRIR-based rendering is offered, for example, by the pyBinSim toolbox [4].
It uses partitioned convolution, studied in detail by [32]. The disadvantage
of BRIR-based 3DoF rendering techniques is that they requires a large
number of measurements to be taken and stored and that the specific
binaural cues of the employed binaural receiver, be it a human subject or a
HATS, are inseparable from the room response. More flexibility is offered
by techniques employing microphone arrays.
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(a) (b)

Figure 2.2. A simulation of a microphone array in a room, using the same method and
parameters as in Fig. 2.1. Now (a) shows the room with a schematic, rigid
sphere microphone array, (b) shows the response of six microphone channels.
Direct sound and reflections arrive at the microphone capsules at different
levels and at different times.

2.2.2 Microphone Array Measurements

Instead of using binaural receivers, microphone arrays can be used to
obtain microphone array RIRs, illustrated in Fig. 2.2. Different array
designs are available; Fig. 2.3 shows some examples like an open array
with omnidirectional capsules and one with cardioid capsules, as well
as a rigid array with omnidirectional capsules. All of these designs are
considered spherical microphone arrays (SMAs) [33], as the microphone
capsules lie on a sphere. In AR practice, non-spherical designs are also
relevant, as arrays of microphones placed on glasses or headsets will often
need to be used, as employed in [34–36], for example.
An M-channel microphone array RIR can be denoted as

p(t)=

2

666664

p1(t)

p2(t)
...

pM(t)

3

777775
, (2.2)

where pm(t) are the responses measured using M microphone capsules. A
microphone array response can not be auralized directly. It needs to be
processed to obtain a loudspeaker array or a binaural signal.
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(a) G.R.A.S. 3D Probe (b) SoundField ST450 (c) Eigenmike EM32

Figure 2.3. Different commercially available spherical microphone arrays, utilized in
different publications in this thesis.

2.2.3 Head-Related Transfer Functions

When the objective is to render binaural signals based on microphone array
measurements, head-related transfer functions (HRTFs) are required.
They are measured just as BRIRs, by recording a measurement signal with
binaural microphones, but are performed in an anechoic room. HRTFs
are measured using a grid of source directions, obtainable through setting
up an arc of loudspeakers and rotating the subject on a turning chair,
or through rotating the loudspeaker arc around the subject. For fast
measurements of many directions, interleaved exponential sine sweeps
can be used [37]. Plenty of comprehensive literature on HRTF acquisition,
analysis, and processing is available, e.g., [38,39]. Also, several datasets of
HRTF measurements are openly available, such as the ARI database [40],
HUTUBS [41], SONICOM [42], 3D3A [43], SADIE II [44], or the ITA HRTF
[45]. Nowadays, HRTFs are often stored in the spatially oriented format for
acoustics (SOFA), which is standardized by the Audio Engineering Society.
Currently, the most recent version is AES69-2022, details of which are
described in [46].
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Left Ear
Right Ear

Figure 2.4. HRIRs and HRTFs of the author, measured using PIRATE [1] microphones in
the multichannel playback room “Wilska” at the Aalto Acoustics Laboratory.
The selected directions on the sphere are indicated in the upper right by the
big black dots. All measured directions are indicated by the small dots.

A set of HRTFs is a collection of 2£L transfer functions measured at
directions £= {µ1, . . .µL} around a subject

H(£,!)=
"
hL(µ1,!) . . . hL(µL,!)

hR(µ1,!) . . . hR(µL,!)

#

, (2.3)

where ! denotes frequency. Fig. 2.4 shows some examples of HRTFs and
their time domain representations, called head-related impulse responses
(HRIRs).1 These examples show that the further the sound source moves
to the right (negative azimuth angles), the higher the level in the right ear
in relation to the level at the left ear (Interaural Level Differences, ILDs).
Furthermore, the sound arrives earlier at the right ear (Interaural Time
Differences, ITDs). Between the different elevations, spectral differences
are seen at high frequencies. These differences are highly individual
and if there is a mismatch between a person’s own HRTF and an HRTF
used for rendering, vertical localization performance is decreased and
front-back confusions become more likely [47]. Therefore, the topic of
HRTF individualization is often discussed. However, applications may
exist in which individualization is not required. Also, research has shown
that adaptation to a non-individual set of HRTFs is possible to some
1Note that in the following, we distinguish between time and frequency domain
quantities only by changing the argument, e.g., h(!) is the Fourier transform of
h(t).
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extent, as reviewed in [48]. A recent initiative [49] plans on fostering
long-term adaptation by standardizing one particular set of HRTFs that
all manufacturers would use as a default whenever no individualization is
employed. Like this, users would get the chance to adapt to one set over a
long period of time and across different applications.
A set of HRTFs alone can be used for rendering sound sources without

room information. Therefore, interpolation between HRTFs is required.
One common choice is to create a triangular mesh from the measurement
grid and to weight and add the HRTFs of the triangle that contains the
desired sound source direction. With a particular choice of weights, this
procedure is equivalent to vector base amplitude panning (VBAP) [50]. As
interpolating HRTFs directly can cause coloration through comb-filtering,
improved methods exist. A common option is to first estimate the time
delays contained in the HRTF using one of the methods compared in [51],
and to then design a minimum-phase filter with the same magnitude
response as the HRTF. The minimum-phase filters are then interpolated,
as well as the time delay values. Finally, the required time delay is re-
introduced. This approach has been used for a long time [13,52,53], and is
also implemented in [5], which was used in Publication V. Recently, it has
been shown to be improvable by additional magnitude correction [54].

2.2.4 Direct Binaural Decoding using HRTFs

With a set of HRTFs available, microphone array room impulse response
measurements can be converted to BRIRs. A simple method is to determine
a set of filters that minimize the squared difference between the array
directivity pattern and the HRTF at each frequency [55–58]. In addition to
the HRTFs and the microphone array RIR to be rendered, anechoic micro-
phone array measurements are required. For simplicity, we assume that
microphone array measurements were conducted at the same positions as
the HRTF measurements, £, so that

A(£,!)=

2

664

a1(µ1,!) . . . a1(µL,!)
...

aM(µ1,!) . . . aM(µL,!)

3

775 . (2.4)

is a set of so-called array transfer functions (ATFs). Now, a filter is sought
that, when applied to a microphone response, converts it to a binaural
response

b(!)=C(!)p(!) (2.5)

=
"
c
T
L(!)

c
T
R(!)

#

p(!), (2.6)
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where cL(!) and cR(!) are the transfer functions of filters converting the
microphone responses to left and right binaural responses, and .T denotes
transposition. Note that the following operations are carried out in the
frequency domain, for each frequency ! separately, but that the dependency
on frequency is dropped in the following equations for better readability.
The filter shall combine the microphone response so that the resulting

directivity patterns match those of the HRTFs in the least squares sense

C
LS = argmin

C

kCA°Hk2F , (2.7)

where k.kF denotes the Frobenius norm. This can be achieved using the
Moore-Penrose pseudoinverse, defined as A

† = A
H(AA

H)°1

C
LS =HA

†, (2.8)

where .H is the hermitian transpose and .°1 denotes matrix inversion.
In practice, a regularisation constant Ø can be used to limit the allowed
amplifications, which would otherwise lead to excessive boosts of sensor
noise

C
reg =HA

H(AA
H+ØI)°1. (2.9)

Different regularization approaches were compared in [57]. A limitation
of this approach is that a unique pair of filters needs to be computed (and
stored) for all possible head orientations of the listener [58].

2.2.5 Ambisonics Processing

Another method for auralizing microphone array signals relies on the prin-
ciples of Ambisonics [59–61]. Ambisonics processing is more versatile in
that HRTF and ATF measurement grids can be different, and a rendered
signal can efficiently be rotated to accommodate the listeners’ orientation.
The microphone array responses are first encoded into the spherical har-
monics (SH) domain. There, rotations of the entire field are easy to realize
and the rotated field can then be decoded to a binaural signal.
After the encoding stage, each channel of the response represents one

SH pattern. In acoustics, real SHs, as represented in Fig. 2.5, are usually
defined as

Ym
n (µ)=N |m|

n P |m|
n (cos#)

8
>><

>>:

p
2sin(|m|¡) m< 0

1 m= 0
p
2cos(m¡) m> 0

,

Nm
n = (°1)m

r
(2n+1)(n° |m|)!

4º(n+|m|)! ,

(2.10)

where Ym
n (µ) is the spherical harmonic of order n ∑ N and degree °n ∑

m∑ n evaluated at µ =
h
x y z

iT
2S 2 which is a direction vector on the
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Figure 2.5. Real spherical harmonics up to order N = 4.

unit sphere that can also be represented using the azimuth angle ¡ and
elevation angle #. Pm

n are the associated Legendre polynomials.
For convenience and practical implementations, it is useful to define

a matrix/vector notation for SH processing. The most common way to
stack the spherical harmonics Ym

n into a vector uses Ambisonics Channel
Numbering (ACN), which is defined in the AmbiX format [62]. The index
for each SH component of order n and degree m is found by i = n2+n+m.
Like this, a vector of spherical harmonics can be written as

yN (µ)=
h
Y 0
0 (µ) Y°1

1 (µ) Y 0
1 (µ) Y 1

1 (µ) ... YN
N (µ)

iT
, (2.11)

SHs evaluated at several directions can be stacked into a matrix as in

YN (£)=

2

666664

yN (µ1)T

yN (µ2)T
...

yN (µL)T

3

777775
=

2

666664

Y 0
0 (µ1) Y°1

1 (µ1) Y 0
1 (µ1) . . . YN

N (µ1)

Y 0
0 (µ2) Y°1

1 (µ2) Y 0
1 (µ2) . . . YN

N (µ2)

. . .

Y 0
0 (µL) Y°1

1 (µL) Y 0
1 (µL) . . . YN

N (µL)

3

777775
. (2.12)

Encoding A filterbank of encoding filters can be found from the ATFs.
The process is analogous to the direct decoding approach. Only now, the
target is not the binaural directivity patterns, but the SHs [63]

E =Y
T
NA

H(AA
H+ØI)°1, (2.13)

where YN is a matrix of the SHs up to order N, evaluated at the ATF
measurement positions £, and E(!) is a multiple-input, multiple-output
(MIMO) filterbank with (N+1)2£M different filters. The encoder is then
applied to yield the SH domain room response. In the frequency domain,
this can be written as

h̆(!)=E(!)p(!), (2.14)

where the inverse Fourier-Transform of h̆(!) is the n-th order SH domain
RIR, referred to as SH-RIR or Ambisonics RIR (ARIR).
In the special case of a spherical microphone array, this MIMO system

can be factored into an (N+1)2£M matrix of real coefficients Ē and a bank
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of only N unique filters [33, 61]. In the frequency domain, the encoding
process with such a system can be denoted as

h̆(!)=diagN { fn(!)}Ēp(!), (2.15)

where diagN creates a diagonal matrix that repeats the n-th order coeffi-
cients 2n+1 times.
Once an SH-SRIR is obtained, it can be convolved with a monophonic,

anechoic input signal to create the Ambisonics signal x̆

x̆(t)= h̆(t)§ s(t). (2.16)

To account for listener orientation, this entire “scene” can be rotated by
means of matrix multiplication with the appropriate rotation matrix [64]

x̆rot(t)=RN (°∞,°Ø,°Æ)x̆(t), (2.17)

where Æ,Ø,∞ are Euler angles describing the head orientation of the listener.

Binaural Decoding After possible rotation, the signal is decoded using
a so-called binaural decoder. A simple decoder D

LS is the least squares
decoder, for which the difference between the SH patterns and the HRTF
is minimized in the least squares sense

D
LS = argmin

D

��YND°H
T��2

F (2.18)

D
LS =Y

†
NH

T. (2.19)

When using low orders, e.g., N = 1, such a decoder yields inaccurate local-
ization and loss of high frequencies. Partially, this can be compensated by
diffuse field equalization [65]. What has been shown to be highly beneficial
is to modify the phase of the HRTFs when creating the decoder [66]. While
time differences at high frequencies increase the order that is required to
represent the set of HRTFs, they do not contribute strongly to localization.
Hence, removing time differences above a certain cut-on frequency (e.g.,
1.5 kHz) through time- or phase alignment [66] reduces the required or-
der for achieving a good magnitude fit while not reducing the perceptual
localization accuracy. Another approach is to formulate the problem as a
magnitude least squares problem above the cut-on, effectively simplifying
the phase as well [67–69].

Beamforming No matter how the weights are found, each of the two rows
of D can also be interpreted as one SH-domain beamformer (sometimes
called “modal” beamformer) in that it takes the SH signals and weights
and combines them to create a certain directivity pattern; in the case of
binaural decoding, this pattern approximates the directivity of a human
ear. In general, a beamformer can be written as

xs(!)= d
T(!)x̆(!), (2.20)
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where d(!) is a vector of coefficients. Stacked into matrix D(!), multiple
beamformer outputs can be obtained, as in the case of the binaural decoder.
A special case is axis-symmetric SH-domain beamforming, where the
coefficients can be real, frequency-independent, and equal for all 2n+1
components belonging to each order n., i.e., one row in Fig. 2.5. Specific
axis-symmetric beamformer designs are often found by globally optimizing
a certain objective, such as the directivity index (DI) or the length of the
rE vector. Fig. 2.6 shows the directivity of a left ear at 1 kHz and these
two beamforming patterns with N = 4 as solid lines. The dotted lines show
the patterns achieved based on encoding microphone array signals from
an Eigenmike em32. A max-rE beamformer based on em32 signals is used
in Publication III.

(a) Left ear at 1 kHz. (b) max-DI

Target
Mic array

(c) max-rE

Figure 2.6. Target beampatterns as solid lines and achieved beampatterns using an
Eigenmike em32 as dashed lines. Encoding filters and plots are based on
measurements from [2].

Real-time implementations of Ambisonics-based processing are avail-
able through combinations of VST plugins for example from [5] or [70],
or through the python toolbox introduced in [71,72]. Real-time binaural
decoding of Ambisonics signals is an appropriate approach for 360± videos
in VR, like the production we presented in [73]. So far, YouTube imple-
mented first-order Ambisonics, whereas HOAST2 allows for up to fourth
order [74].

2.2.6 Parametric SRIR Methods

The main idea of parametric SRIR processing is to employ a general SRIR
model, which is parameterized using a specific measurement. Tab. 2.1
gives an overview of existing methods. All methods consist of a measure-
ment stage, an analysis stage, in which parameters are computed, and
a synthesis stage, in which responses for arbitrary reproduction setups
like loudspeaker arrays or head-tracked headphones are created. In addi-
tion, once spatial parameters are computed, they can be used for technical

2https://hoast.iem.at/
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Method SIRR [81] HO-SIRR [78] SDM [77] ASDM [82] Stade [83] RSAO [84] REPAIR [85]

MeasurementFO SMA HO SMA Open Array FO SMA Very HO
SMA

Circular Any

Analysis Narrowband
PIV,
Diffuseness

Narrowband
Sector
PIV, Sector
Diffuseness

Broad- [77]
or Narrow-
band [86]
TDoA

Broadband
PIV

SRP, Peak
Detection

SRP, Peak
Detection

MUSIC

Synthesis VBAP,
Diffuse
Rendering

VBAP,
Directional
Diffuse Ren-
dering

NLS [87] or
VBAP [77],
Spectral
Correc-
tion [88]

Ambisonics,
Spectral
Correction

Binaural,
Paramet-
ric Diffuse
Rendering,
coherence
matching

Object-
based,
Parametric
Diffuse
Rendering

Any

Table 2.1. Structure of SRIR processing algorithms, consisting of measurement, analysis,
and synthesis, and methods with their specific processing choices.

analyses of the response, as done in [75] and [76] for concert halls, and in
Publication VI and VII for the variable acoustics room used therein.
A multitude of parametric SRIR methods has been introduced over the

years, and to this point, it is unclear which provides the best results in
which situation. Although direct comparisons between methods have been
conducted in previous research [77–80], with many inter-dependencies on
specific microphone array choices, test signals, and testing methods, it is
not surprising that results disagree considerably between experiments. All
parametric methods have in common the reliance on a SRIR model, for
which they estimate parameters.

Spatial Decomposition Method Undoubtedly, the simplest sound field
model underlies SDM [77]. It assumes that the sound field consists of a set
of plane-waves arriving at the receiver array. Exactly one plane-wave is
assumed to arrive at each time instance. Assuming an ideal, first-order
SH-RIR, the model can be written as

h̆(t)= p(t)y1(µ(t)). (2.21)

As the pressure p(t) is readily available from omnidirectional capsules or
the 0th order SH channel, the only parameter to estimate is the direction
of arrival at each time instance, µ(t). This can be done through several
directional estimators. Two possible methods were already proposed in
early work regarding SRIR analysis [89]: Time Difference of Arrival (TDoA)
estimation and pseudo intensity vector (PIV) estimation.
The method first presented in the context of SDM was TDoA estimation

[77] (see full equations in [75,90]). A method studied in more detail by the
author is the instantaneous PIV. It was also used in [91–93], where the
SDM variant employing it is called Ambisonics SDM (ASDM).
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The PIV is straightforward to compute from an SH-RIR, as

PIV(t)= h̆w(t)

2

664

h̆x(t)

h̆y(t)

h̆z(t)

3

775= h̆0(t)

2

664

h̆3(t)

h̆1(t)

h̆2(t)

3

775 , (2.22)

where the indexing in the second expression corresponds to the ACN
convention as in Eq. (2.11).
In the early part of the response, the PIV points to the direction of

individual early reflections. This can be seen on the left of Fig. 2.7 for three
different room configurations of the variable acoustics room “Arni”. The
room has been used extensively in several studies, e.g., Publication I, VI,
and VII, and is described in more detail in [94]. Both the direct sound as
well as the left wall reflection, and several other reflections are visible in
the analysis.
However, the reflection density quickly increases. In a shoebox-shaped

room, for example, the number of reflections per time instance has been
shown to increase quadratically [95]. Consequently, it becomes impossible
to estimate individual reflections later in the response correctly. The reason
for this failure is a discrepancy between modeling assumptions and reality:
more than one reflection occurs per time instance.
Nevertheless, it is easy to see in Fig. 2.7 that less energy is assigned to the

left when the left wall was made absorptive and also the back when that
wall was made absorptive as well. To explain this behavior, Publication
I derives the directional distribution of the PIV in anisotropic late fields,
as they are studied in [96–98], for example. For the derivation, a variant
of the PIV is used, for which the first-order responses are divided rather
than multiplied by the pressure, as in

µ̂(t)= 1
h̆w(t)
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775= 1
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h̆1(t)

h̆2(t)

3

775 . (2.23)

This variant could be called “self-normalized” or “pressure-normalized”
PIV, or it could be seen as a special case of the generalized time-domain
velocity vector [99]. In the presence of a single plane wave, it has unit
length. Independent of the field, it points to the same direction as the PIV
defined in Eq. (2.22). For the derivation in Publication I, the pressure-
normalized PIV was used, because it most easily led to an analytical
solution of the directional distribution in a late field. The main result is
that the directional distribution of µ̂ follows the directional distribution
of the late field to some extent. The result can predict that it is less likely
to obtain directional estimates from the directions of the absorbing walls
in the late field as it is seen in Fig. 2.7. However, the results also clarify
that it can not capture complicated spatial variation, as the resulting
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(a) All walls in a reflective setting.

(b) Left wall in absorbing setting. The first-order left wall reflection is weaker,
also in the late part there is less energy from the left.

(c) Left and rear wall in absorbing setting. The first-order left wall reflection is
weaker, the back-wall reflection is not seen at all. Also, in the late part, there
is less energy from the left and from the back.

Figure 2.7. Analysis of early (0 – 80 ms) and late parts (80 ms – 250 ms) of the response
in Arni in three different room acoustical settings.

expression has limited degrees of freedom. Thus, if the PIV is used as the
basis for parametric rendering in AR audio, one needs to consider that
the directionality of the late field is not ideally captured in all situations.
In [100], we show a listening experiment, which demonstrates that under
ideal conditions, such late-field directionality is, in principle, audible. As a
consequence, neglecting it may make a rendered response distinguishable
from a reference in some situations.
Note that while Publication I only studies the properties of PIV esti-

mation, [90, 100] also show observed directional distributions for TDoA
estimation.
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SDM Rendering Once the DoAs are estimated, SDM rendering uses them
to synthesize loudspeaker array responses, or binaural responses. The
simplest algorithm employs nearest loudspeaker synthesis (NLS) [77],
where each sample of the omnidirectional response is simply mapped to
one of the loudspeaker responses gl used for rendering, by the windowing
functions wl(t)

gl(t)=wl(t)p(t), (2.24)

with

wl(t)=
(
1 l = lNL(t)

0 l 6= lNL(t),
(2.25)

lNL(t)= argmin
l

kµ̂(t)°µlk, (2.26)

where µl are the directions of the L loudspeakers. As a consequence of this
assignment, all reproduction channel responses still sum up to the original
pressure response, if added coherently, i.e.,

X

l

wl(t)= 1. (2.27)

The summation of the reproduction channel responses at the listener’s
ears, however, is not equal to the original pressure. If the loudspeaker
responses are convolved with HRIRs to create a binaural rendering or a
listener is assumed to be sitting in a loudspeaker array, the ear signals are
instead equal to

b(t)=
LX

l=1
gl(n)§hl(t), (2.28)

where hl is the HRTF from the direction of the loudspeaker l. Now, the
head as a scattering object of finite size prevents perfect summation, as
it is further analyzed in Publication II. The main consequence is that
some properties of the sparse reproduction loudspeaker responses are
maintained in the binaural signals, which in turn leads to two perceptual
effects.
First, if very transient sounds are rendered, an effect described as “rough-

ness” or “graininess” can be perceived. The effect has been studied in detail
in Publication II. Since then, methods to compensate for it have been
proposed: In [101], binaural responses are convolved with a short allpass
sequence to increase temporal density. In [102], additional pulses are
assigned to other directions than the estimated one, based on the output of
four beamformers directed towards the vertices of a tetrahedron, rotated
such that one of them points to the estimated DoA.
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Second, the rendered responses have excess high-frequency content. This
phenomenon has been noticed early on in the development of SDM, and
corrections based on spectrogram inversion [88], octave-band envelope
correction [93], or exponential slope correction [101] have been proposed. In
listening experiments, SDM rendering has been shown to reach relatively
high levels of plausibility [101,103] and to reproduce important perceptual
features of the response. However, renderings are usually distinguishable
from a BRIR reference rendering [80,100,104].
Note that correcting these two effects post-rendering is the only possible

option, as the effect is inherent to the modeling assumptions of SDM. Any
attempt to reduce them by constraining spatial assignment, using fewer
loudspeakers or the like, would interfere with the functioning principle
itself.

Multidirectional Analysis and Rendering Other methods (summarized in
Table 2.1) assume more complex sound field models than SDM. A much
more advanced sound field model is adopted by higher-order spatial im-
pulse response rendering (HO-SIRR) [78], which is an improved version
of SIRR [81]. The main difference to SDM is that DoA estimation is
performed in time-frequency tiles, and in multiple, spatially constrained
regions. Additionally, a so-called diffuseness parameter is measured in
each time-frequency tile and sector. The sector analysis also permits a
more highly resolved representation of the spatial distribution in the late
reverberation. Instead of using constrained sectors, the method introduced
in [105] allows for multidirectional estimation with the MUltiple SIgnal
Classification (MUSIC). Its sound field model is much more advanced than
that of SDM, but in [105], we also demonstrate that parameterizing it
is more challenging. Although HO-SIRR and the method from [105] can
produce high-quality output, not all renderings are indistinguishable from
a binaural reference in all situations either [105].

2.3 Measurement-Based 6DoF Systems

All the methods for analyzing and rendering measured SRIR presented
so far only considered one response, measured at one configuration of
source and receiver. This allows for rendering at one listener position with
variable orientation. Now we will discuss the implications of allowing the
listener to move as well.
As mentioned in Sec. 2.2.1, in the case of 3DoF BRIR rendering, the cor-

rect response is selected depending on the orientation of the listener. This
requires a large dataset of measurements. In [106], the noticeable limit in
the directional resolution of a cross-fading-based HRTF rendering system
was approximately 5± for the most sensitive 5% of listeners. Assuming
an equiangular sampling grid with a resolution of said 5±, 2486 binaural
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measurements are needed. If, in addition, horizontal movements should
be allowed in a 2£2 m area with a grid resolution of 20 cm (as in [107]),
these 2486 measurements would need to be taken at 121 measurement
positions so that the total number of measurements would amount to
300 806. Note that in this calculation, we have neither considered different
head-above-torso positions [108], nor allowed for vertical movements, nor
for multiple sources, which all would increase the number of measure-
ments even further. Such measurement effort is rarely feasible, even in a
research context.
Using the same assumption of a 2D sampling grid, but employing a

rendering system based on microphone array SRIR (see Sec. 2.2.2), only
121 measurements with M channels each need to be taken, which is easier
to realize already. These measurements can then be encoded to the SH
domain. Upon rendering, the closest SH domain responses can then be
selected depending on the listener’s position and rotated according to the
listener’s head orientation before decoding it to a binaural signal. To realize
such systems, we have developed a tool called the 6DoF convolver [6];
similar software is presented in [109]. While measuring SRIR at 121
positions is feasible in a research context, especially if robotic measurement
systems are employed [110–112], using fourth-order SH domain responses
would still lead to 121 £ 25 = 3025 response to store and load. For practical
AR systems with resource constraints, this is likely too much.
The conclusion of these considerations is that 6DoF rendering based on

directly auralizing measurements is infeasible for most practical systems.
Such systems must, therefore, rely on sound field modeling assumptions,
such as those of existing parametric SRIR models introduced in Sec. 2.2.6,
or other sets of physical or perceptual assumptions. A good example
is [113], where certain assumptions about directional resolution and dis-
tance cues are made to minimize rendering effort. In a wider sense, even
treating direct sound and reverberant tail as separate implies modeling as-
sumptions. Furthermore, approaches introduced as interpolators crucially
depend on models. In [114], for example, we tried to find a parameteriza-
tion of the sound field in an extended region by employing SDM analysis
at several positions and combining the data to find spatially localized
“image sources” more robustly. In [115], we presented interpolation ideas
for such image sources. In both papers, we focussed solely on objective
measures. [116] proposed an algorithm for the analysis and position dy-
namic rendering of SRIRs measured at several locations. An interpolation
method that was only based on mitigating perceptual consequences was
proposed in [117]. Therein, microphone array measurements on a line were
used. Perceived similarity to a reference rendering with 5 cm resolution
was small for distances between measurements of up to 50 cm. However,
no comparison to a real reference was conducted; the rendering would
likely not have been indistinguishable.
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What has already been mentioned in the sections above is that although
many parametric models of SRIR have been proposed, along with algo-
rithms that estimate their parameters, their rendering outputs were usu-
ally not completely indistinguishable from a reference. In Chapter 4, indis-
tinguishability from a real-world reference is defined as authenticity [8].
Taking together the fact that 6DoF rendering necessitates models but that
model-based rendering usually does not lead to authentic reproduction
implies that other goals are required, like those discussed in Chapter 4.
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3. Developing Virtual Acoustic Systems
for AR Telepresence

The previous section discussed some of the fundamental methods and
limitations of binaural auralization methods for measured or simulated
SRIRs. In real-world AR telepresence applications, additional technological
challenges arise. First, SRIRs usually cannot be measured but must
be estimated blindly from limited information. Second, room acoustic
rendering will likely not be able to rely on convolutions but must employ
more efficient algorithms. And third, headphones that are transparent to
real-world sound need to be employed. These technologies are discussed in
the following sections. A sketch of a possible full AR telepresence rendering
system is shown in Fig. 3.1. A vision of an AR system, not only allowing
for telepresence, but also for modifying a users acoustic surrounding at
will is presented in [118].
Historically, the idea of augmenting the auditory space with virtual

sound sources has been pursued even before real-time visual rendering
with glasses was within reach. It was sometimes called audio augmented
reality (AAR) [119,120]. Even the specific telepresence application that
we opened the thesis with was already imagined 20 years ago [121]. One
early implementation of AAR was the augmented reality audio (ARA)
mixer [122], which was based on an earpiece that allowed for active hear-
through with built-in microphones, loudspeakers, and analog circuitry
to realize required filtering. Work on a digital implementation of such

6DoF
Rendering

Blind SRIR
Estimation

Room 1
(Source)

Room 2 (Destination)

Transparent
Headphones

Tracking

Audio
Anechoic
SpeechDereverberation

Virtual Source

Other Sources
Estimated SRIR 
or Parameters

Figure 3.1. An example of an AR telepresence system. The participant in Room 1 is
reproduced as a virtual sound source for the participant with headphones in
Room 2. Other sources are present in Room 2.
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(a) (b) (c)

Figure 3.2. Audiovisual speech recording. (a) Recording setup in the anechoic chamber
“Lampio”, incl. greenscreen, cameras, lights, and microphones. (b) The author
infront of the greenscreen. (c) The rendered 3D point cloud video of the author
in a room model of “Arni” — the visual equivalent of the virtual sound source
in Fig. 3.1.

Figure 3.3. Real room and room model of the variable acoustics room “Arni”.

active hear-through was presented, for example, in [123]. [124] gives a
recent overview of the technologies involved, as well as applications, and
challenges of such devices, which are now often referred to as hearables. In
such earlier developments of AR audio, the emphasis was on these active
hear-through technologies. Many of the more recent studies regarding
perceptual requirements for AR, however, decided to use passively trans-
parent headphones and focus more on other perceptual issues, such as
room acoustic match, as Publication VI.
As seen in Fig. 3.1, a source signal for an AR telepresence rendering

system should be anechoic, just as in any measurement-based virtual
acoustic system. Residual reverberation on the source signal would lead
to a room-in-room response [125, 126], which could potentially impair
rendering. An anechoic signal might be obtained by recording it close to the
user’s mouth. In addition, enhancement methods based, for example, on
near-field beam-forming or dereverberation [127] might be used to remove
residual room information. In a full duplex system, with identification
and rendering on both sides, having access to a dereverberated signal may
even aid blind identification, as we have argued in [128].
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Yet, dereverberation techniques are not part of this thesis. For experi-
ments without real-time communication between parties, we can rely on
recordings that are already anechoic, produced in the anechoic chamber.
For this purpose, a new dataset of anechoic speech with 21 participants
has been recorded. Participants were asked to read two sets of Harvard
sentences [129], as well as parts of scripted conversations. The speech
recordings were used for Publication VI. In addition to the audio data,
also 3D point cloud videos were made, see Fig. 3.2c. These videos can
be used for visual AR rendering using an HMD, which was done in [130]
for a study regarding audiovisual congruence. One could see the process
outlined in Fig 3.2 as the visual equivalent of AR audio rendering. Here,
a visual reproduction of the speaker is captured that it then placed into
the real environment of the user. Since no AR technology with good visual
passthrough for showing the real environment was available at the time,
in [130], the videos were shown in a model of the room, aligned to the real
space. Fig. 3.3 shows a part of that model. This room model also enabled
the experiments described in Publication VII, where not only the aligned
room was shown, but also misaligned versions of it.

3.1 Blind Room Estimation

Currently, matching the virtual room acoustics to a given real room is seen
as one of the important problems for the seamless integration of virtual
sound sources into the real environment [131,132]. In theory, this could
be achieved using room acoustic simulations of the user’s environment.
However, that would presuppose sufficient knowledge of the room geometry
and all surface properties. It may be possible to obtain this information
using computer vision techniques, which was explored, for example, in
[133–136]. Yet, currently, it appears challenging to infer acoustic properties
of different absorbing materials purely from vision, so it is unclear if the
accuracy of such techniques can be high enough to create auditory illusions.
A potentially more promising solution is to estimate SRIRs directly from

acoustic input. In estimation-based systems, sound in the room of the
user is used to gain an estimate of the room impulse response or of some
acoustic parameters that can be utilized for rendering in a parametric
reverberation algorithm. In principle, any signal present in the room may
be used to perform such estimation.
Various deep-learning methods have recently been employed to perform

single-channel RIR estimation. In general, they feature an encoder that
extracts room acoustic information from the recorded signals and a gen-
erator that uses this information to synthesize a RIR. One of the first
RIR estimation models with this structure was presented in [137]. Recent
improvements using different models are [138–140]. Also, [141] follows
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the same general architecture but employs efficient reverberators like
feedback delay networks (FDNs) or filtered velvet noise at the synthesis
stage so that rendering is computationally more efficient for real-time sys-
tems. Another related, early approach is the signal-to-signal room acoustic
matching task in [142].
In most cases, a single, monaural speech source is assumed as the input.

For AR practice, however, real scenes from which information can be
extracted are likely to be more complex, featuring several different sound
sources. So far, only [143] deals with multiple sources. It uses the same
architecture as [137] but is trained to predict one RIR at a given distance,
independent of the number of sound sources.
Special cases of the general estimator/generator architecture are systems

in which one or both of the stages are not data-based, or the two are not
trained together. The estimator may, for example, be designed to output a
set of well-interpretable room acoustic parameters such as reverberation
time (RT) and direct-to-reverberant energy ratio (DRR). An overview of
such parameter estimation techniques based on digital signal processing
(DSP) approaches for such parameter estimation is offered by the results
of the ACE challenge [144], conducted in 2016. Since then, more and more
deep learning methods have been employed for blind parameter estimation,
see for example [145,146].
Deep learning methods for complete RIR estimation, or for parameter

estimation provide promising directions for future work. However, classical
DSP approaches should not be neglected completely, for they may provide
robust and computationally inexpensive solutions that are more easily
applicable in practice. In the past, DSP-based blind RIR estimation has
often used cross-relation methods employing multiple distributed micro-
phones [147–149], or adaptive filtering techniques, like LMS or frequency
domain LS [150] that identify the response between a close reference and
a more reverberant target. The problem with the latter is to find a suitable
reference signal.

Estimation using a Pseudo-Reference Signal In Publication III, a simple
DSP-based SRIR estimation approach was proposed. It is based on creating
a pseudo-reference signal (a term not used in Publication III yet, but coined
in [151] and adopted in [128]).
For the included publication, the pseudo-reference was obtained by beam-

forming. For this, a speech signal was recorded using a spherical micro-
phone array, and the output signal was encoded to the SH domain. Then,
an axis-symmetric, SH-domain beamformer, see Eq. (3.1), was applied to
the SH-domain mic array signal as in

xs(!)= d
T
x̆(!), (3.1)

to obtain an estimate of the source signal xs as a pseudo-reference signal.
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(b) Estimate from speech input signal.

Figure 3.4. Comparison of pressure and DoAs between measured and estimated SRIR in
the early part. The source was placed on the left of the array. A first-order
floor reflection and back wall reflection are marked in (a), which are clearly
identified in (b) — the output of the algorithm proposed in Publication III.

The next step can be thought of as deconvolving the Ambisonics signal
with the beamformer signal, i.e., dividing them in the frequency domain

v̆(!)= x̆(!)
d> x̆(!)

= h̆(!)s(!)
d>h̆(!)s(!)

= h̆(!)
d>h̆(!)

, (3.2)

where we refer to v̆(!) as a relative transfer-function. Note that in [152],
a similar concept is called “relative harmonics coefficient”, and it can be
seen as a special case of the “generalized frequency domain velocity vector”
in [153], too. Having plugged in the SRIR convolved with the source
signal h̆(!)s(!) in the above, it becomes clear that if the beamformer were
able to extract the direct sound only, i.e., d

>
h̆(!) = 1, then v̆ would be

equal to h̆. In practice, however, the beamformer output will also contain
some room information. d>

h̆(!) might not even be minimum-phase as a
consequence and the inverse (d>

h̆(!))°1 might not be stable and causal.
In Publication V, these issues were not addressed explicitly. Rather, the
acausal part of the estimated SRIR is simply removed. In addition, it was
found that if the order of the beamformer is sufficiently high, the acausal
part has low energy compared to the causal part and the identified response
approximates the true response reasonably well in terms of reverberation
time, and spatial features. Recently, [153] has extended the approach to
retrieve estimates of h̆ from v̆ even in cases where impairments through a
non-ideal reference are present.
What is considered in Publication V is that performing direct, instan-

taneous deconvolution of a block of signal as above does not give stable
results in practice. Therefore frequency-domain, recursive estimation was
applied to estimate the response between the pseudo-reference signal and
all other SH channels.
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For each frequency !, the update equations are

v̆(k)= v̆(k°1)+ 1
¡(k)

x§s (k)"(k) (3.3)

¡(k)=∏¡(k°1)+ x§s (k)xs(k) (3.4)

≤(k)= x̆(k)° v̆(k°1)xs(k), (3.5)

where k is the index of a block of signal of a given length L that should
be at least as long as the estimated response. An estimated response is
compared to a measured response in Fig. 3.4.
In addition to the recent developments by [153], in [128] the method

was improved upon by including dereverberation to remove more room
information from the pseudo-reference, thereby improving estimation.
Also, we report estimation based on smart glasses rather than a spherical
microphone array.

3.2 Acoustically Transparent Headphones

Another AR-specific question regards the used headphones. Interestingly,
in earlier AAR research, active hear-through was the main focus [122–
124], whereas more recently, passively transparent open headphones have
been the more common choice for research regarding sound in AR. These
headphones achieve transparency only through their open design. Fig. 3.5
shows the most common headphone models employed in AR tests. The AKG
K1000, for example, was used in several AR-related experiments [154–156],
as was the Mysphere 3 [36,107,117]. STAX electrostatic headphones were
employed in plausibility tests [157,158], although different models were
used there. The modified AKG K702 is an inexpensive DIY solution [159]
that was used in the so-called augmented practice room project [160], and
in Publication V. The BK211 was a custom design [161], used for example
in the authenticity test in [8]. Sennheiser HD650 and HD800 are mid- and
high-quality regular, open headphones. The MushRoom headphone is a
recent design [162,163] that was employed in Publication VI.
The reason for choosing passive solutions over active hear-through for

certain AR experiments is to avoid active DSP influencing real-world
sound sources. However, also passively transparent headphones cause
some perceptual impairments to real world sound. Since the real condition
in real/virtual tests always depends on these impairments, they need to be
thoroughly assessed, which was done in Publication IV.
Objectively, the transparency can be described through head-related

transfer function measurements of subjects wearing the device and relating
these measurements to the HRTF of the listener without wearing it. A
simple ratio of the transfer functions, however, does not reveal any of the
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(a) Open ears (b) MushRoom (c) BK 211

(d) K1000 (open) (e) Mysphere 3 (open) (f) STAX SR-303

(g) AKG K702 (mod.) (h) Sennheiser HD 800 (i) Sennheiser HD 650

Figure 3.5. All tested models on the KEMAR HATS. (Pictures by Alexander Mülleder)

perceptual consequences. The most important effects on real-world sound
when wearing headphones are changes in coloration and impairments of
localization ability. In Publication IV, auditory models were employed for
predicting these two perceptual implications.

Coloration Impairments in coloration can be modeled using a very simple
auditory model. In Publication IV, we employed the composite loudness
level (CLL). Therein, the model predictions were correlated with perceptual
results from a listening experiment. A large difference in CLL implies a
large perceived coloration. Based on these results, maps of CLL differences
can be created, illustrating how much coloration of real-world sounds is
expected when wearing a pair of headphones. Note that in Publication IV,
evaluation was based on five head-worn devices and one set of measure-
ments with a KEMAR HATS. During a later measurement campaign, the
models depicted in Fig. 3.5 were measured with the help of eight partici-
pants replacing each headphone 15 times.1 Fig. 3.6 shows CLL maps for
these headphones. For the figure, the mean of the CLL values for eight
participants and all replacements was computed. The least coloration is
predicted for the special, extra-aural BK211.

1A publication with more detailed analysis of this data is in progress.
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(a) MushRoom (b) BK 211

(c) K1000 (opened) (d) Mysphere 3 (opened) (e) STAX SR-303

(f) AKG K702 (modified) (g) Sennheiser HD 800 (h) Sennheiser HD 650

Figure 3.6. Model-based evaluation of coloration of all headphones, based on measure-
ments on eight participants.

Yet the BK211 is also special in terms of its weight and form factor. The
MushRoom headphone, developed in [162] appears to have the second low-
est coloration, which is mainly concentrated in the lateral directions. As
already observed in Publication IV, extra-aural like the K1000 or the My-
sphere 3 impose much less coloration than traditional, “open” headphones
like the Sennheiser HD650.

Localization Impairments Localization impairments can also be predicted
using auditory models. The largest effects were shown for vertical localiza-
tion; horizontal localization ability is usually affected to a lesser extent, as
shown in Publication IV and in [164], where the influence of wearing STAX
headphones on horizontal localization was on average 0.6±. For evaluation
of vertical localization Publication IV proposed to use the sagittal plane
localization model by Baumgartner [165], as implemented in the Auditory
Modelling Toolbox [166]. It compares a set of HRTF templates with a set of
target HRTFs. Here, the templates were regular, open-ear HRTFs and the
target were HRTFs measured while wearing the headphones. The model
relies on positive spectral gradients as features and outputs probabilistic
estimates of sagittal plane localization. Fig. 3.7 shows predicted quadrant
errors based on these outputs for the tested headphones, using data from
eight participants, replacing each headphone 15 times each. Like this,
distributions can be compared rather than single values as in Publication
VI. BK211, K1000, and MushRoom show the lowest impairments.
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Figure 3.7. Predicted quadrant error when wearing different headphones. Histograms on
the right in black, and violin plots on the left in gray.
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4. Introducing Evaluation Paradigms for
Sound in AR

Now that contributions to virtual acoustics technology in general and tech-
niques specific to AR have been presented, evaluation methods for sound in
AR are discussed. In the history of virtual acoustics, rendering was often
evaluated in “virtual only” tests by direct comparison to a high-quality, yet
virtual, reference. In such tests, participants are asked to rate similarity,
overall quality, or specific auditory attributes of the rendering in relation to
the reference. The International Telecommunication Union (ITU) provides
several recommendations for running such tests. ITU-R BS.1116-3 [167]
defines a method that is based on direct comparison of a stimulus to an
open and a hidden reference; ITU-R BS.1534-3 [168] defines the Multiple
Stimuli with Hidden Reference and Anchor (MUSHRA) method, where
several stimuli are compared to each other, as well as to a reference and
to anchors. MUSHRA or MUSHRA-like designs are commonly employed,
also in the context of AR/VR [169]. A more detailed discussion of these
methods, as well as other evaluation methods used for AR/VR can be found
in [170]. Often, the results of tests involving direct comparisons to a ref-
erence indicate that virtual acoustic rendering quality is very good, but
that some differences to the reference remain; see [14, 22, 171–174] for
results using different room acoustic simulation techniques from different
decades, and [77, 80, 100, 104, 175] for techniques based on microphone
array measurements.
Fortunately, situations exist in which audible differences are tolerable;

the specific requirements always depend on the application. Publication
VII shows a good example. It demonstrates that clearly audible, position-
dependent room acoustic differences oftentimes do not help subjects localize
themselves in a room. Listening to the acoustics from one zone within
a room does not keep participants from firmly believing that they are
positioned in a completely different zone, given that the direct sound
remains the same. This result in itself matters more for VR than for AR,
where it could mean that not too much effort should be spent on position-
dependent room acoustic differences. In any case, it highlights that the
importance of room acoustic differences is task- and application-dependent.
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Figure 4.1. Overview of paradigms for evaluating sound in AR based on the emergence
of auditory illusions. In the Yes/No plausibility test, only one stimulus is
presented, either real or virtual, and the subject must decide whether it is
virtual. In the 3AFC transfer-plausibility experiment, the task is to detect
the virtual source amongst three sources using different signals. There are
always two real sources and one virtual source. In authenticity, all renderings
are presented using the same signals from the same spatial locations, and
subjects need to decide if “A” or “B” is the same as the reference ,“X”, which
can be either real or virtual.

Consequently, sound for AR should be tested using experimental paradigms
specifically tailored to AR, matching its special requirements. The first
idea that suggests itself when thinking about possible tests for AR is to use
paradigms involving both real and virtual sound sources. The earliest ex-
amples of tests that compare real and binaural virtual sound are [176–178].
They all tested anechoic sources under various paradigms.

Amongst all paradigms involving real and virtual sources, we distinguish
between those that test whether an auditory illusion [7] is evoked and
those that do not. In this context, an auditory illusion is said to take place
if a participant believes a virtual sound source to be real. In previous
literature, authenticity [8] and plausibility [158] have been proposed as
two possible paradigms that indicate such illusions. In the following,
we discuss these concepts, along with the notion of transfer-plausibility.
Fig. 4.1 gives an overview of these three paradigms and their associated
experimental designs. Publication VI compares them in a test regarding
mismatched room acoustics.
Moreover, this chapter proposes a conceptual model encompassing the

different paradigms, technical and perceptual factors mentioned so far.
Instead of classifying paradigms by their reliance on inner and external
reference, it distinguishes them by the degree to which they depend on
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auditory similarity, artifacts, and context. At the end of the chapter, we
offer opportunities for future AR audio experiments, for which groundwork
has been laid throughout this work.

4.1 Auditory Illusions and the Edison Test

The goal of reproducing sound to evoke the illusion of being real is imma-
nent in audio technology. Between 1915 and 1925, thousands of so-called
“tone tests" were conducted to promote the new, diamond disk phonograph
by the Edison company [179]. In these tests, listeners compared sound
reproduced using the device to performances of real musicians. Conse-
quently, the comparison was between a loudspeaker reproduction and
the real physical sources. In the AR tests conducted today, the virtual
condition is a headphone rendering, and the real condition is usually a
loudspeaker reproduction already. The reason for using loudspeakers as
real sources is the increased reproducibility and controllability compared
to using other physical sound sources. However, the paradigms introduced
in this chapter could, in principle, be applied to comparisons between
headphone rendering and any kind of physical sound source, too.
What is surprising about the historical “tone-tests” is that several news-

paper reviews from the time reported that correctly identifying the real
source was difficult. In retrospect, it is unclear whether these reviews were
overly enthusiastic, or whether listening to recorded sound was still so
unfamiliar to many people that they were not sensitive to noise and limited
bandwidth, which is expected from a phonograph of that time. Unfortu-
nately, no response data for specific tests are available today. After all, the
purpose of these tests was advertisement, not scientific research. Given
this purpose, it is not surprising that when looking at specific programs
that are reported, it appears that a mix of different kinds of performances
was presented, under no strict experimental paradigm. For example, mu-
sicians played in ensembles, with recorded accompaniment, or singers
sang duets with recordings of themselves, sometimes simultaneously and
sometimes alternating between real performance and recording between
phrases [179]. It is also reported that a musician left the stage in the
dark [179], with the machine creating the illusion of a real musician on
stage. Interestingly, these different scenarios correspond rather closely to
different versions of the paradigms that test for auditory illusions shown
in Fig. 4.1 and discussed in more detail below.
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4.2 Tests not requiring Auditory Illusions

Even experimental designs that include both real and virtual sound sources
do not necessarily require auditory illusions to take place. Examples of this
are all designs in which participants rate one or more virtual conditions
compared to a real reference, regarding different auditory attributes. At-
tributes could stem from the spatial audio quality inventory (SAQI) [180],
the inventory shown in [181], or the recent immersive music experience
inventory [182], for example. In [183,184], participants rated virtual sound
sources in reference to a real sound source concerning the attributes “rever-
berance”, “source width”, “source distance”, “source direction”, and “overall
quality”. Such attribute ratings can give insights into specific differences.
One disadvantage, however, is that participants need to be skilled enough
to interpret the attributes correctly, whereas an auditory illusion test can
be done by anyone.
Other tests that do not require auditory illusions per se use “plausibility”

as an attribute, rated on a scale [155, 185–187]. This implies an under-
standing of plausibility as a matter of degree, which allows for gradual
differences in rating. The thorough discussion of the term by Kuhn-Rahloff
adopts this view [188, p. 42]. Following from his considerations and
experiments, he defines plausibility in the following way:

Plausibility is the result of a perceptual process determining to which extent
perceptual objects (German: Wahrnehmungsobjekte) agree to an inner reference,
which depends on individual previous experience. [...]

This definition of plausibility is wider than those we discuss in the next
section; it also encompasses cases, in which no real counterpart to the
simulation exists. Such cases are more likely to occur in VR than AR.
Another important type of experiment that does not directly require

auditory illusions tests for externalization, i.e., the perception that a sound
source is outside of the head [189]. The most common experimental design
testing for externalization lets participants indicate the position of a sound
source on a continuous scale reaching from inside the head to a fixed dis-
tance in external space [189]. In our view, externalization is a prerequisite
for creating an auditory illusion, i.e., a sound that is perceived inside the
head will not be perceived as real. However, we have observed that cases
exist in which sound is well externalized, but still recognizable as virtual.
For example, in [107], where participants were asked to indicate reasons
for not perceiving a source as real, externalization was only the fourth
most commonly mentioned issue. Externalization was the main outcome
variable in experiments regarding the so-called room divergence effect,
where it was shown to be reduced when there was a mismatch between
the acoustics of a real room and a reproduction [190]. Next, we discuss
paradigms that test whether an auditory illusion took place or not.
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4.3 Plausibility

Lindau and Weinzierl define a plausible rendering as

a simulation in agreement with the listener’s expectation towards an equivalent
real acoustic event.

This wide definition is similar that of Kuhn-Rahloff, but replaces the
notion of the “inner reference” with that of “expectation” and excludes
“perceptual objects” that do not occur in the real world. It can serve as
a general, overarching theme for several experiments discussed in the
following sections. The experimental design proposed in [158], provides a
specific operationalization of plausibility. Therein, the question is whether
a single sound source presented in isolation is believed to be real, i.e.,
whether it evokes an auditory illusion. To test this, a single stimulus is
presented at the time and participants need to decide if it is real or virtual,
see the left column of Fig. 4.1. Note that this presupposes a completely
different interpretation of the term as in Kuhn-Rahloff, not as a matter
of degree, but as a binary variable: either an illusion is created in a
particular trial, or it is not. Plausibility tests in this sense were conducted
in [156–158,191,192].
In the light of the operationalization as a Yes/No test, another under-

standing of a “plausible” system is implied.

A rendering system is plausible if virtual sound sources are believed to be real
when presented in isolation.

Note that when we speak of “plausibility in the sense of [158] or “plausi-
bility in a yes/no task” in the following sections and in Publication V and
VI, it is the precise experimental design and this understanding that we
refer to. In experiments in this sense, listeners should rely only on their
expectation of a sound in the real world when listening to the rendering,
without the possibility of comparing it to a real reference. Thus the term
inner reference as discussed by [188] is used here as well.
A possible risk of plausibility experiments in this particular sense is

that this inner reference could be variable throughout the test so that
subsequent trials influence each other. For example, [156] has shown that
leaving real trials out of the experiment influences the results. This points
to the fact that comparisons rarely occur only to an inner reference but
also to other stimuli presented in the test, which is especially problematic
when different rendering conditions are to be compared in one test — a
common scenario when developing new systems. The term “plausibility
with a tuned reference” [156] has been used when other sound sources may
influence the outcome. Such sequential effects are attempted to be reduced
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by using different signals and different spatial locations in subsequent
trials. However, it is unlikely that they can be removed completely.
Regarding data analysis, a Yes/No task requires taking individual bias

into account. This is usually done by signal detection theory (SDT) analysis,
where the outcome measure is the sensitivity, d0. SDT analysis is described
in more detail in [158] and Publication VI.

4.4 Authenticity

Picturing the plausibility paradigm in the sense of [158] on one end of a
scale, where no comparison to an external reference should be possible, the
authenticity paradigm would be on the other end. There, the aim is to test
if a real source and a virtual version thereof cannot be distinguished at all.
We could define

A virtual source is authentic if it is indistinguishable from its real reference.

Blauert [193, p. 358] introduces authenticity in the following way: “If the
reproduced signals in the ear canal correspond exactly to those during
recording, the spatial attributes of the auditory events also correspond
exactly to those that the subject had during the recording. An ‘authentic’
spatial reproduction thus takes place”.
Taking a closer look reveals two concepts, which could be framed as

“physical authenticity” and “perceptual authenticity”. The quote could be
understood as saying that if physical authenticity is achieved, i.e., the
pressure at the eardrum is reproduced correctly, “perceptual authenticity”
follows. When speaking of authenticity in the following, we always refer
to “perceptual authenticity”, as exact reproduction will never be achieved
up to arbitrary precision. Some physical differences will always persist,
may they only be due to time-dependent variation of the room acoustics,
whereas perceptual indistinguishability is at least theoretically possible.
To assess perceptual authenticity in the sense of indistinguishability,

discrimination experiments between real sound sources and virtual ren-
derings need to be performed. In the case of authenticity, subjects are
not asked to decide whether renderings are real or virtual, but the test
is designed to check for any perceivable difference between them. Any
audible difference would contradict indistinguishability and, thereby also,
authenticity. A suitable experimental design is the ABX test as used for
the authenticity experiment regarding virtual acoustic rendering in rooms
by [8]. The outcome variable simply is the proportion of correct responses.
Authenticity is an extremely strict requirement for evaluating AR sys-

tems that is difficult to meet in practice. As discussed in several places
throughout this thesis, indistinguishability between a rendering and a
reference is rare in virtual acoustics, even if the reference is only a high-
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quality reference rendering; using a real source cannot be expected to
make comparison less sensitive. Fortunately, direct comparisons between a
real source and a virtual version thereof are usually impossible in practical
AR applications. Note that even if authenticity experiments might not be
the most relevant choice for evaluating practical AR systems, there exist
cases in which they are highly valuable. Also, if it was possible to show
that a virtual acoustic system is authentic, it could be used as a reference
instead of the real world in future developments of practical AR systems.

4.5 Transfer-Plausibility

In a practical AR telepresence application, it can be expected that different
real sound sources are active alongside virtual sources, emitting different
signals from different spatial locations. This allows for a certain degree of
comparability between real and virtual sound. As opposed to authenticity
tests, this comparison is not direct. Instead, listeners need to cognitively
transfer properties between real and virtual sources. In the case of room
acoustic differences, for example, listeners first need to separate the source
signal from the room acoustics, which has been shown to be possible
through the statistical regularity of reverberation [194]. Still, in [195] we
have shown that differences between room acoustical conditions become
less noticeable when different speech signals are used. The same was
found when different musical excerpts were used for comparing concert
hall acoustics [196].
To arrive at an experimental paradigm, we define

A virtual sound source is transfer-plausible if it is believed to be real in the
presence of real sound sources.

This is operationalized by a test in which at least three different sound
sources are presented, one of which is virtual. Participants then need
to decide which one of them is the virtual source. With three sources,
this is a 3-alternative-forced-choice (3AFC) task. Out of the three sources,
two are always real, see Fig. 4.1. If only one real and one virtual sound
source were used, participants may detect a relevant difference, but not
know which of the two versions belongs to the real world. Even though
it is conceptually different, such a 2AFC experiment can be conducted as
well. It is included in Publication VI, where the results are compared to
the Yes/No (Plausibility in the sense of [158]) and the 3AFC (Transfer-
Plausibility) test just described.
These choices and definitions were not as clear when first introducing

the idea of transfer-plausibility in Publication V. Therein, a simultaneous
detection and identification task was performed. That is, there were also
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renderings without virtual sources at all. While this is a possible, and
interesting experiment as well, it makes interpretation of the results more
difficult. Decision models would need to be adapted from lineups performed
in eyewitness testimonials, e.g. [197].
One could say that transfer-plausibility makes the comparison to a real-

world sound explicit, which is implicit and hard to control in plausibility
tests. In TP, it is clear that other, real sound sources are available to
the listener. Apart from this, an advantage compared to Yes/No tasks
is that transfer-plausibility tests are AFC designs rather than Yes/No
tasks so that they do not depend on individual bias; the proportion of
correct identifications of the virtual source can simply be averaged across
participants, as in the ABX authenticity test, without having to compute
d0 scores for each participant. Especially in tests comparing different
rendering conditions, there may be very few answers for each condition
and each participant to do so. d0 estimates from a low number of trials are
seen as problematic, an issue that is discussed in Publication VI. What
all paradigms share is that changes in performance might occur during
the experiment. Also, while systems can be compared within and between
tests, an absolute threshold at which a system could be called “plausible”
or “transfer-plausible” will always be an arbitrary definition.
The concept of transfer-plausibility is similar to what has been introduced

as co-immersion by [198, 199]. However, therein no experiments with
real and virtual sound sources have been conducted. The real condition
corresponded to a high-quality rendering rather than a sound source in a
room. In [195,200], we called a similar test “transferring task”; properties
of different sources are transferred, but not between real and virtual
sources.

4.6 Comparing Paradigms

The experiments presented in Publication VI illuminate the influence of
room acoustic match on the emergence of auditory illusions. For the test,
a simple, static rendering system was used, in order to exclude effects
of tracking or impairments caused by interpolation. Four experimental
designs were implemented in Publication VI: authenticity (in an ABX test
using the same source signals), plausibility (in a Yes/No task), transfer-
plausibility (in a 3AFC task, where always two sources were real), and a
2AFC task (with one real and one virtual source).
The main result of the study is that transfer-plausibility, as a new ex-

perimental paradigm, can resolve differences between non-ideal rendering
conditions. In contrast, in the authenticity test, all non-ideal rendering
conditions featuring room acoustic mismatch were detected with almost
perfect accuracy. This shows that the authenticity paradigm is not well
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suited for comparing different non-ideal rendering conditions, which is
commonly of interest when developing AR systems.
Moreover, the test studied differences between the 3AFC transfer-

plausibility test and the 2AFC task, in which one real and one virtual
source were presented in each trial. After considering the different
guessing rates, participants were more sensitive in the 3AFC transfer-
plausibility paradigm than in the 2AFC test. This highlights that the
presence of a second, real source provides participants with more informa-
tion.
Comparing the results between tests also revealed that the Yes/No plau-

sibility test led to higher sensitivity values than expected from the decision
theory when compared to the 2AFC test. We attribute this to the fact
that some comparison is indeed possible across trials in a Yes/No task.
A similar result can be observed for the comparison of Yes/No task, and
2AFC task in [178], where anechoic real and virtual sound sources were
rendered using the same source signals. Therein, the percentage correct
for both paradigms is nearly identical, whereas detection theory would
predict a difference.

4.7 The Auditory Similarity / Artifacts / Context Model

In Publication V and VI, it was shown that different experiments involving
auditory illusions lead to different results, and one may naturally ask
why this is the case. In the following section, a hypothetical model is
proposed to explain some of these differences. It should aid in relating
other experiments that do not involve creating illusions to the discussed
tests and clarify the influence of certain percepts. We suggest the model to
encompass three aspects: auditory similarity, context and artifacts.
Therein, auditory similarity depends on auditory sensory memory (ASM).

ASM is a construct used to explain the first stage of working memory,
and is especially important in memory for non-verbal qualities of sounds
[203–205]. ASM is expected to decay within a few seconds. During this
time, a listener retains access to a heard signal, and information can
be extracted from it, which is encoded into working memory. If another
signal is presented during this time span, much smaller differences can
be detected between the two than after longer retention intervals. After
longer times, only high-level, verbal descriptors that were extracted from
the sound are left in memory. There are good arguments for the existence
of ASM. First and foremost, almost all sounds have some temporal extent.
To recognize a unit of sound, e.g., a phoneme, the signal needs to be
“buffered” until the unit can be processed and meaning can be extracted.
Nevertheless, the memory of non-verbal sounds is studied far less than the
memory of verbal sounds [206]. Particularly, research on the memory for
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Figure 4.2. Experimental designs and certain percepts and their hypothetical mapping
onto the similarity / context / artifact model. Experiments testing for auditory
illusions are highlighted.
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room acoustics, which can be a deciding factor in the emergence of auditory
illusions, has only recently begun [207,208].
Context includes aspects of a sound that are available past this sensory

memory decay , either through cross-modal input (typically visual) or
through accessing long-term memory of other sounds encoded from sensory
memory at earlier times.
Finally, artifacts refer to auditory aspects that can be judged completely

without context, other than all of a human’s experience of the world,
encoded over the lifespan.
This model may seem abstract at first, but we now concretize it by

showing that different perceptual factors can be arranged according to
their influence on the three model aspects and that different experiments
are sensitive to the model aspects to various degrees, see Fig. 4.2. Special
emphasis is put on aspects that relate to the studies in this thesis.
Tracking problems like jumps caused by loss of head tracking, or drag

caused by excessive latency are typical examples of artifacts. They can
be noticed completely independent of a specific context and do not depend
on similarity to a reference. The same is true for audio dropouts, or
specific artifacts of certain virtual acoustics rendering methods, like the
roughness that can be caused by uncompensated SDM rendering of very
transient sounds that Publication II deals with. Another example would be
the “metalicness” that is sometimes associated with small, very ill-tuned
FDNs, and is due to insufficiently dense and equal modal excitation [209].
Such aspects are noticed in reference-free tests. For example, by letting
participants rate a single stimulus according to “naturalness”, or “realness”,
which are attributes that refer to the real world as a whole.
Room acoustic mismatch, on the other hand, is not an artifact. Whether

there is too much or too little perceived reverberation, cannot be judged in
isolation. It can, however, easily be judged based on auditory similarity
and, to some extent, by context; the required accuracy of acoustic match
differs between experiments that depend on similarity and experiments
that depend on context. As an example, the acoustics of two office rooms
may be distinguishable in direct comparison, but both may be equally
valid in an acoustic expectation test akin to [201,202], in which a visual
rendering of an office is shown and the question is if an acoustic rendering
matches it. An auditory rendering of a cathedral, however, might not even
be deemed fit in the expectation task, where a visual representation of an
office is shown. The same is true for a slightly ill-adjusted reverberator.
Even though it may be free of artifacts that are noticed when listening in
isolation, and the rendering might fit a visual context, a difference may
still be detected in terms of similarity to a reference. Loudness is another
example of a percept that more strongly influences similarity experiments
but also matters to some degree if context judgments take place. Subtle
errors in rendering the spatial distribution of the late reverberation as
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those analyzed in Publication I might mostly be detectable in tests that
depend on similarity.
Furthermore, the self-localization test shown in Publication VII is an

example of an experiment that only depends on context. There was no
chance to check for auditory similarity, and even if there had been artifacts
in the loudspeaker playback, they would have had no direct effect on the
result. Tests for audiovisual congruence, e.g., [130] form another test class
that only depends on context. If there were no visual cues in an audiovisual
congruence test, it would be impossible to tell if a sound source originates
from the correct direction.
More delicate differentiations need to be made when mapping the dis-

cussed auditory illusion tests onto the model. If a plausibility test is
implemented as in [158], the goal appears to be that only context and
artifacts are rated. However, as we argued in Publication VI, possible
comparability across trials allows for auditory similarity that might have
some influence on the result, making the test reach relatively far to the
right in Fig. 4.2. In transfer-plausibility, auditory similarity plays a more
explicit role, but since acoustic transferring is required, and audiovisual
offsets might influence TP results, which can be seen as a kind of context.
Clearly, there is no complete dependence on auditory similarity. In authen-
ticity tests, any perceivable dissimilarity contradicts indistinguishability,
so it depends strongly on auditory similarity. Artifacts influence all three
paradigms equally.
It should be emphasized that the model just discussed is hypothetical so

far. However, it is testable through future work by evaluating the same
stimuli under different paradigms and quantifying the contributions of
certain percepts, like errors and mismatches, to the outcome of all tests.

4.8 Outlook: Other Factors

Obviously, room acoustic mismatch studied in Publication VI is only one
example of a factor that can be studied under the TP paradigm, and the
influence of various other errors could be tested, too. Regarding some of
these questions, we have laid the groundwork in this thesis and in other
publications, but many aspects have not yet been tested in auditory illusion
tests. The following aspects appear especially promising for future tests.

Scene complexity When the idea of transfer-plausibility was introduced
in Publication V, it was tested in scenes of different complexity. In other
words, different numbers of sound sources were presented simultaneously
and the virtual source had to be selected amongst them. The percentage of
correct answers was reduced when the number of sources was increased.
At this earlier stage, the TP paradigm was not as well defined as above,
and the fact that also the answer “there are no virtual sources” was pos-
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sible made evaluation difficult. A future test could try to disentangle the
effect of scene complexity as the number of simultaneous sources and the
number of alternatives in the test by always conducting a 3AFC test as in
Publication VI, while presenting different numbers of interfering sources.
It is, however, worth discussing if very complex scenes are an important
test case, regarding that many AR telepresence applications may involve
only a few participants.

Position Dependency Publication VII indicated that self-localization from
position-dependent acoustical differences is very difficult for untrained
listeners. Publication VI showed that a response measured at a different
position was slightly less (transfer-)plausible than the matched response.
This difference should be evaluated further. A possible test could be a
6DoF test, where room acoustic rendering is either position-dependent, for
example, by employing microphone measurements on a grid, or remains
constant.

Objective Acoustic Parameters In Publication VI, the physical properties
of the room were changed between rendering conditions, which had an
influence on various room acoustic parameters. Instead of making physical
changes, one measured response could also be manipulated, so that they
only vary in certain objective parameters. Results in terms of reverberation
time or direct-to-reverberant energy mismatches on TP, could help to inter-
pret results from blind parameter estimation algorithms better. It should,
however, be considered that not only are these parameters dependent in
the sense that they both change when the physical room is changed, but
they might also be perceptually dependent. In [200] we presented a 2D
threshold test in a transferring paradigm, which could be converted to a
transfer-plausibility test in the future.

Audiovisual Congruence For evoking auditory illusion, localization mat-
ters only in the sense that no incongruence between auditory and visual
rendering should be noticed in order not to destroy the illusion. In [130],
we described an audiovisual congruence test using speech stimuli, present-
ing either 3D point cloud videos of avatars or loudspeakers. Congruence
was tested by moving the position of the visual rendering in relation to
the sound source. For the avatar, the median of the offset at which 50%
of renderings were perceived as incongruent was approximately 11± for
horizontal offsets. The 50% point for detecting incongruency with vertical
offsets was hardly reached in our test, where the maximal offset tested
was about 20±. Assuming that localization errors only destroy auditory
illusions if the audiovisual congruence range is exceeded, it seems that
localization errors should not be a dominant problem, yet this should be
tested explicitly.
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Individual HRTFs Another obvious, related question is whether individual
HRTFs are required for creating auditory illusions. Using non-individual
HRTFs is known to increase vertical localization errors and front-back
confusion rates [47]. Yet most auditory illusion tests conducted so far
used non-individual HRTFs and some reached high confusion rates, e.g.,
Publication VI. This is likely because localization errors do not exceed the
audiovisual congruence range, as explained above. Still, more front-back
confusion could occur that breaks the illusion. They may partially be
prevented in head-tracked systems, where front-back confusion caused by
non-individual rendering is generally reduced [210,211].

Headphones In Publication IV we have developed tools for assessing the
perceptual transparency of headphones. What has not been tested yet
is the influence of strongly impairing headphones on auditory illusions.
Clearly, in practical applications, headphones should be as transparent
as possible, as impairments to the real world are generally undesirable.
Transfer-plausible rendering of virtual sources, however, could even be
easier to achieve if both real and virtual sound sources are impaired. If,
for example, localization accuracy is reduced for real sources, too, higher
audiovisual mismatches for virtual sources may be tolerable when the aim
is to evoke an illusion.
Moreover, in real-life implementations of AR telepresence systems, it can

be expected that the used transducers may not deliver sufficient output
at all audible frequencies. The influence of limited bandwidth would be
straightforward to test in auditory illusion experiments as well.

Latency We introduced a simple method to measure the latency of 3DoF
and 6DoF systems in [212]. The detectability of latency has been deter-
mined to be at approximately 50 - 60 ms [106]. If we take latency to
belong to the artifact category, we would assume its detectability to depend
relatively little on the paradigm, but TP tests could confirm this.

Reproduction Level The spectral content of speech changes depending
on the vocal effort [213], amongst other features. Thus, human listeners
might use it as a cue to form an expectation of absolute speech level. If
the reproduction level is incorrect, which is likely to happen in practical
systems, sources may tend to be perceived as virtual. In the future, mis-
matches in real and reproduced speech levels should be tested in auditory
illusion tests.

Source Directivity So far, source directivity has not been mentioned at all,
although direction-dependent spectral changes are often noticeable. As a
whole, the directivity can have an influence on room acoustic perception.
The directivity of human speech had recently been assessed rather exten-
sively, e.g. in [214,215], and TP tests could be conducted, which evaluate
how precisely these need to be taken into account to create illusions.
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Other system factors In addition to all these questions, the influence of
specific technical choices in rendering systems could be tested directly. For
example, [216] conducted a plausibility test for anechoic HRIR rendering
based on Ambisonics of different orders. Obviously, the same could be
done for checking the required order for SRIR, as it is done in [217] in a
MUSHRA-like test. Also, different parametric SRIR rendering algorithms
should be evaluated regarding auditory illusions as, for example, in [154],
putting the results of Publication I and II into context. Ultimately, the goal
of the field is to implement and evaluate complete systems, also involving
blind estimation as in Publication III and efficient real-time rendering.
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5. Summary and Conclusion

The beginning of this thesis described techniques for auralizing measured
room acoustics. We have shown parametric SRIR processing as a method
for creating 3DoF virtual acoustic rendering based on microphone array
measurement. A particularly straightforward variant for this is SDM. Two
fundamental properties and limitations of analysis and rendering stages
in SDM were studied: Publication I showed that DoA estimation based
on the pseudo intensity vector can capture anisotropy in the late part of
a SRIR, but only to a certain extent for which an analytical model was
derived. Since the resulting expression only has three degrees of freedom,
complicated directional distributions are not detectable.
In SDM rendering, the spatial assignment can lead to roughness, which

is audible when rendering very transient sounds. It was shown to be due
to head shadowing in Publication II. Since then, methods for compensating
roughness have been proposed [101,102].
We have further argued that full 6DoF rendering will always need to

apply sound field models similar to those employed in parametric SRIR
processing methods where model-based SRIR processing has so far not
led to results that were perceptually indistinguishable from a reference.
Rendering is expected to be even less perfect in practical AR systems,
where SRIRs need to be estimated rather than measured, by techniques
such as the one proposed in Publication III. Therein, blind SRIR estimation
based on forming a pseudo-reference signal based on beamforming was
proposed. It was shown that if the order is high enough, certain temporal
and spatial features can be estimated in this way. The approach was later
extended in [128].
Publication IV demonstrates how real-world listening is impaired when

wearing transparent headphones. Auditory models are introduced to
predict the effect. They revealed that no headphones used in AR studies so
far could be considered perfectly transparent but that the influence of the
MushRoom headphones [162] used in Publication VI is relatively small,
also when compared to the DIY model used in Publication V.
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Summary and Conclusion

The expected limitations of parametric rendering, blind estimation, and
headphone reproduction highlight that authenticity, i.e., the indistin-
guishability between real and virtual, is not an appropriate goal for AR.
Publication VI demonstrated that cases exist, in which rendering is not
authentic, but it can still cause an auditory illusion, i.e., a virtual sound
source appears to be real. Different experimental paradigms that test
for auditory illusions were discussed and tested in Publication V and VI.
Apart from showing that (transfer-)plausible rendering is possible even in
non-ideal conditions, it was demonstrated that plausibility does not solely
rely on a so-called internal reference, or that the internal reference needs
to be understood as constantly varying throughout the test. At the end of
the last chapter, we have presented a hypothetical model for understanding
the relationships between percepts and certain experiments by arranging
them based on their contributions to three aspects: auditory similarity,
artifacts, and context.
Finally, opportunities for future studies regarding the influence of certain

perceptual factors on the emergence of auditory illusions were described.
One question that has only been touched upon in Publication VI is the
importance of correctly rendering acoustical differences that exist within a
room. Publication VII has shown that at least, using such differences to
localize oneself in a room is nearly impossible for untrained listeners.
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