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ABSTRACT

Multimodal research and applications are becoming more commonplace as Virtual Reality (VR) technology
integrates different sensory feedback, enabling the recreation of real spaces in an audio-visual context. Within
VR experiences, numerous applications rely on the user’s voice as a key element of interaction, including music
performances and public speaking applications. Self-perception of our voice plays a crucial role in vocal production.
When singing or speaking, our voice interacts with the acoustic properties of the environment, shaping the
adjustment of vocal parameters in response to the perceived characteristics of the space.

This technical report presents a real-time auralization pipeline case study that leverages three-dimensional Spatial
Impulse Responses (SIRs) for multimodal research applications in VR requiring first-person vocal interaction. It
describes the impulse response creation and rendering workflow, the audio-visual integration, and addresses latency
and computational considerations. The system enables users to explore acoustic spaces from various positions
and orientations within a predefined area, supporting three and five Degrees of Freedom (3Dof and 5DoF) in
audio-visual multimodal perception for both research and creative applications in VR.

1 Introduction

Multimodal research in Virtual Reality (VR) has gained
significant attention due to the possibility of VR tech-
nology to provide both audio and visual feedback [1].
Studies have explored aspects such as immersion, pres-
ence, effects on users’ physical and mental states, and
audio-visual perception in Immersive Virtual Environ-
ments (IVEs) [2, 3, 4, 5, 6, 7, 8].

In the context of audio-visual fidelity, studies have
shown that multisensory input can help increase real-
ism and immersion, and that the quality level of one
modality can influence the other and affect cross-modal
perception [2, 9], highlighting the advantages of mul-
timodality. However, for stimuli to be integrated into
a multimodal event, sensory feedback of all modes
involved must be congruent and synchronised [1, 10].
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Moreover, it has enabled multisensory studies focused
on practical applications that take advantage of this
integration [10], including vocal adaptation in virtual
room acoustics [11], a VR system for ensemble singing
[12], and public speaking training in immersive envi-
ronments [13].

Self-perception of one’s voice significantly influences
vocal production. Whether in singing or speaking, the
acoustic characteristics of a space (e.g., early reflec-
tions and diffuse reverberation) play a major role in
vocal perception, adaptation, and performance, particu-
larly affecting timbre and sound level [11, 14].

Acoustic simulation using three-dimensional Spatial
Impulse Responses (SIRs) captured using binaural and
Ambisonic techniques is a popular method for sound
auralization [12, 11]. Previous work has focused on
the recreation of real-world spaces to create virtual im-
mersive experiences for listeners. However, they are
mostly captured with the source and receiver at differ-
ent positions, meaning the listener (i.e., the receiver) is
not also the performer (i.e., the source), which makes
them unsuitable for self-perception in vocal interaction.

Building upon sound auralization and the tracking capa-
bilities of current VR systems, Acoustic Virtual Reality
(AVR) has emerged as a method in which both the
sound source and the receiver (most often the user)
can move freely in position and rotation while inter-
acting with the IVE [15]. This responsive framework
introduces design and computational challenges, as the
auralization must update in real time to reflect changes
in the source–receiver relationship, as well as the user’s
position and head orientation in the virtual space [16].

Within the scope of VR, several applications rely on
the user’s voice as an integral component of the experi-
ence and interaction, such as social and collaborative
VR environments, where speech is essential for com-
munication and engagement between users. Similarly,
VR applications for public speaking have gained pop-
ularity as many people experience speech anxiety, a
common concern in daily life, making these applica-
tions a useful training tool [13]. However, to the best
of our knowledge, virtual room acoustics are typically
not rendered, or are limited to objects within the vir-
tual space, lacking the auralization of the user’s voice,
whether in individual or collaborative settings.

Perceptual congruence between sensory stimuli is es-
sential, as mismatches can undermine the benefits of

multimodal integration, such as increased presence,
ecological validity, and overall user experience [17, 18].
Therefore, addressing audio-visual matching can pro-
vide more plausible and coherent IVEs, particularly
when vocal self-perception and acoustic feedback are
central to the experience. Beyond the benefits of richer
and congruent multisensory feedback, real-time vocal
auralization opens up possibilities for practical sce-
narios and applications within VR, such as in vocal
performance, training, and public speaking.

This work is a case study on the design and implemen-
tation of a pipeline that enables first-person real-time
sound auralization in VR. The system allows users to
perceive the acoustic response at different positions and
directions within a defined area, providing audio-visual
feedback for multimodal studies and practical applica-
tions. The pipeline has been split into two systems: the
production of SIR from a first-person perspective and
the audio signal processing to auralize the user’s voice
in real time within IVEs.

2 SIR Production

The SIR production closely follows the methods pro-
posed by Kearney et al. [19] and Mroz et al. [20].
While the dataset from Kearney et al. [19] includes a
small number of SIRs at the performer’s position, they
were recorded from non-adjacent locations, limiting
their application to three degrees of freedom (3DoF).
Therefore, the proposed system is an adaptation de-
signed to capture various adjacent positions and direc-
tions, providing the flexibility for users to teleport or
move freely within an area, thus enabling five degrees
of freedom (5DoF): three rotational (roll, pitch, and
yaw) and two translational (left-right and forward-back)
movements.

The system is limited to two translational degrees of
freedom, as the height remains fixed across all record-
ings. Capturing the third translational DoF would re-
quire additional layers of impulse responses recorded
at varying heights to account for elevation [21], which
would incur significant costs in terms of capture and
reproduction. Therefore, we deemed it unnecessary, as
performers typically maintain a relatively stable verti-
cal position, and this approach has been shown to be
effective in similar work [12, 20].
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Pre-recording Setup To allow for translational DoF,
a grid comprising 20 recording positions spaced 1 m
apart was defined, providing a total area of 12 m2 (4
x 3 m) for user exploration (see Figure 1). Initially, a
triangular distribution, as used by [20], was considered
since it is less computationally intensive; however, this
arrangement results in a smaller area for the same num-
ber of positions (approximately 9 m2 for 20 positions
spaced 1 m apart) with an irregular shape.

Fig. 1: Grid of recording positions.

To enable rotational DoF, four directions were consid-
ered for each position: front, right, back, and left. This
approach was necessary because the speaker used (Gen-
elec 1029A) to excite the environment has a somewhat
subcardioid pattern [22], comparable to the directivity
of the human voice. As a result, the acoustic response
varies depending on the speaker’s orientation within the
acoustic space (see Figure 2). A Digital Audio Work-
station (DAW) project was set up to streamline the

Fig. 2: Speaker directivity pattern.

recording process. The project included a mono audio
track set at -20 dBFS containing 80 sine sweeps, each
20 seconds long, corresponding to 20 positions with 4
directions each. Preceding each sine sweep, the project
included a voice identifier that specified the respec-
tive position and direction, followed by a sync-pop to
ensure synchronisation during subsequent processing.
Additionally, three reference recordings were included
for comparison against the convolved signal outputs.
A 5-second interval followed each sine sweep to allow
the reverberation to decay before the next recording.
In addition, the project included a 20-channel track to
record the input signal from the 19 omnidirectional
condenser microphone capsules of the Zylia ZM-1 mi-
crophone [23]. These recordings were subsequently
encoded into third-order Ambisonics (3OA) using the
Zylia Ambisonics Converter plugin.

Recording Process Acoustic recordings were per-
formed with a 3OA microphone (Zylia ZM1) to cap-
ture acoustic responses within a 360◦ sound field. The
speaker was set at a fixed height of 1.5 m, with the
microphone placed 2 cm above, simulating the relative
position of the mouth and ears of a person and repre-
senting a first-person perspective. The speaker output
was calibrated to 85 dBA using an SPL meter placed
1 m away. An SPL reading was also taken at the mi-
crophone position as a reference. The microphone gain
was then adjusted to peak around –3 dBFS to prevent
clipping caused by resonances in the acoustic space.
During the recording process, both the speaker and mi-
crophone were placed at each designated position. The
microphone was consistently oriented to the front of
the stage, while the speaker was rotated sequentially to
face each of the four directions: front, right, back, and
left.

SIRs Creation After completing the measurement
recordings, a single 16-channel WAV file (3OA) was
exported. A MATLAB script was developed to seg-
ment the file into 80 individual measurements, using
the sync-pops for precise segmentation. Each channel
was exported separately, resulting in 16 mono audio
files per measurement. These mono files were decon-
volved using Voxengo’s Deconvolver [24], chosen for
its reversed test tone deconvolution technique, which
effectively mitigates artefacts and improves the quality
of impulse responses. Processing was conducted on
mono files as the software is limited to a maximum of
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Fig. 3: Directional interpolation (left) and
Translational interpolation (right).

8 channels. Finally, all deconvolved files were recom-
bined into 16-channel SIRs.

3 Auralization Pipeline

This pipeline is responsible for auralizing the input sig-
nal, specifically the performer’s voice, based on the
user’s position and rotation within the virtual environ-
ment. To achieve the necessary level of freedom, the
system interpolates between different SIRs, which are
convolved in real time with the input signal from the mi-
crophone. Therefore, the interpolation happens across
different positions and four different directions (see
Figure 3).

3.1 System Setup

This section outlines the system setup essential for
real-time vocal auralization. It encompasses the signal
flow configuration, the amplitude compensation and
gain calibration procedures, and the processing and
alignment of SIRs for effective latency management.

DAW Project Setup The audio signal processing was
handled within Reaper DAW [25]. The project was
organised using folder tracks. Each folder track corre-
sponded to one position on the area grid and contained
four 16-channel audio tracks representing each direc-
tion (front, right, back, left). Each track correspond-
ing to a direction included a time adjustment delay
VST plugin and a multichannel convolver VST plugin
loaded with the corresponding SIRs as inserts. The
microphone input was assigned to a single 16-channel
track containing an Ambisonic encoder VST plugin
to encode the mono signal into 3OA, which was then
routed to the directional tracks of all positions for con-
volution. Finally, all position folder tracks were routed

to the Master track, which contained a binaural de-
coder VST plugin to decode the Ambisonic signal into
a binaural headphone signal (see Figure 4).

Direct Signal Amplitude Compensation Noise-
cancelling headphones were used to block the existing
acoustic response of the physical environment. While
some studies propose using open-back headphones to
allow direct sound to reach the musician [26], we opted
for noise-cancelling headphones based on the fact that,
unless users were in an acoustically transparent space
such as an anechoic chamber or heavily treated room,
open-back headphones would result in hearing a mix
of both the virtual auralization and the physical room’s
acoustic response. However, using headphones, espe-
cially noise-cancelling ones, results in a perceived am-
plitude loss of the user’s voice. To account for this, the
amplitude loss was measured by comparing white noise
recordings made with a Sennheiser KU100 dummy
head microphone, with and without headphones placed
on its ears, and a speaker positioned 1 m away. The
input of the microphone was then fed directly to the
headphones via the audio interface’s direct monitor-
ing feature, which allows listening to the input signal
with near-zero latency. The monitoring level was ad-
justed based on the measured amplitude loss to com-
pensate for the attenuation and ensure that the direct
voice signal reproduced over the headphones matched
the perceived level without headphones.

Fig. 4: Signal flow setup for two of the twenty
folder tracks in the Reaper project.

AES 158th Convention, Warsaw, Poland
2025 May 22–24

Page 4 of 10



Flores Vargas, Bates, and McDonnell First-Person Vocal Auralization in IVEs

Latency Compensation One of the biggest chal-
lenges in self-produced sound processing is the inher-
ent latency between producing a sound and hearing its
processed output. This latency is not fixed and arises
from multiple factors, including the audio interface and
the system’s digital processing and buffering before it
reaches the headphone output. Therefore, we aimed
for the lowest buffer size possible without performance
glitches or dropouts.

Since the direct sound is fed directly to the user via
direct monitoring, the SIRs were trimmed up to the first
reflection, removing both the direct sound and the Ini-
tial Time Delay Gap (ITDG). The trimmed SIRs were
then aligned within the Reaper project using a delay
plugin, with the delay time compensation determined
by subtracting the round-trip latency from the removed
portion. The ITDG to the nearest surface (the ceiling,
in this case) was calculated to accurately estimate the
arrival time of the first reflection, using the following
expression:

∆t = t1 − t0 =
(L1 +L2)−L

c

where t0 and t1 are the arrival times of the direct and
reflected paths respectively, L is the direct path length,
L1 +L2 is the reflected path length, and c ≈ 344m/s is
the speed of sound [27].

Most commonly, the first arriving reflection comes
from the floor as it is the closest surface to the per-
former. However, similar to Kearney et al. [12], we
did not consider this reflection due to its negligible
significance, attributed to the shadowing effect of the
singer’s torso and the voice’s directivity. Nonetheless,
we acknowledge that different scenarios may require
estimating the ITDG based on the floor reflection.

Input Signal Calibration Accurately reproducing
the auditory experience in IVEs requires matching
the loudness of the auralized signal reproduced over
headphones to the perceived amplitude of the physi-
cal acoustic space. Thus, calibrating the input level
ensures that the convolved signal results in a direct-to-
reverberant ratio (DRR) consistent with the acoustic
response of the physical space. To achieve this, white
noise was played through the speaker at 85 dBA, mea-
sured at a distance of 1 m, matching the SIR production
setup. With the microphone positioned 5 cm from the
speaker, corresponding to its distance from the user’s

mouth during auralization, the signal level was cali-
brated within Reaper to match the RMS amplitude of a
recorded sine sweep from the SIR production. This ap-
proach allowed the convolved signal to be reproduced
at the intended direct-to-reverberant balance between
the direct and auralized signals reproduced over head-
phones.

3.2 Real-time Signal Auralization

Following the system setup and calibration for direct
monitoring and auralization, we now describe the real-
time interpolation achieved by adjusting the output
levels of the convolved signal with different SIRs across
two independent stages: Directional and Translational
interpolation.

Directional Interpolation Interpolation between the
four directional SIRs (front, right, back, left) of each
position was performed using constant power panning
to adjust the gain of each corresponding audio track in
Reaper, based on the Head Mounted Display’s (HMD)
orientation relative to the IVE.
The VR experience was rendered using the Unity game
engine [28]. A C# script was developed to manage
the interpolation, continuously tracking the HMD’s ro-
tation each frame, wrapping the values to a 0–360◦

range to avoid negative angles, and applying 4-way
constant-power panning based on the yaw angle. Af-
terwards, the resulting four gain values were transmit-
ted to Reaper via the OSC protocol, controlling the
directional tracks. The gain Gd for each direction d
was calculated using cosine-based constant power pan-
ning. Since power is proportional to the squared am-
plitude, and cos2(θ)+ sin2(θ) = 1, assigning gains as
L(θ) = cos(θ) and R(θ) = sin(θ) provides constant
power panning [29].

Translational Interpolation Previous work has ex-
plored different interpolation strategies for 6DoF audio
rendering [21, 30, 31]. In the translational interpolation
stage of this pipeline, we opted to implement Inverse
Distance Weighting (IDW) due to its flexibility with
node distribution, perceptual robustness, and computa-
tional efficiency. IDW computes a weighted average
of surrounding node values, where each weight is in-
versely proportional to the node’s distance from the
listener [30]. The gain interpolation was defined as:

wi =

1
di

M
∑

i=1

1
di
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where di is the distance from the performer to the ith
impulse response position, and M is the number of
contributing nodes.

A second C# script was developed to perform IDW-
based interpolation between positions, using the
HMD’s location within the immersive virtual environ-
ment (IVE). The script dynamically tracked the user’s
position and computed normalised weights based on
the inverse distance to active IR nodes. These values
were then transmitted to Reaper via OSC to control
the amplitude of the corresponding folder tracks. To
improve functionality and performance, the script also
limited the number of active nodes and disabled audio
plugins in the Reaper project when a node was inac-
tive, using hysteresis thresholds to prevent unintended
on/off toggling.

4 Insights and Practical Considerations

Several considerations have been identified throughout
the development and implementation of this work.

Time constraints and limited venue access are signifi-
cant considerations when conducting acoustic record-
ings, as many venues operate under tight schedules. To
minimise setup time, a recording grid can be pre-traced
onto an acoustically transparent fabric in advance, al-
lowing for efficient setup and requiring only the place-
ment of the recording area on stage.

In addition to setup efficiency, the placement of the
recording grid is a key consideration, as the perceived
acoustic response within an acoustic space varies signif-
icantly depending on the performer’s (source/listener)
location. For example, on a performance stage, the
centre tends to provide stronger early reflections from
overhead canopies and walls, improving clarity and
vocal support acoustic parameters [32, 33]. In contrast,
positions toward the front of the stage present lower
early reflection energy, while diffuse reverberation be-
comes more apparent, reducing vocal feedback but
enhancing projection toward the audience [34]. Given
the translational DoF allowed by the system, a record-
ing placement that captures acoustic variation makes
the most practical sense.

However, expanding the spatial scope of the system
presents practical challenges, as it is inherently con-
strained by the number of acoustic measurements re-
quired to capture the defined exploration area, making
measurements in larger spaces potentially unfeasible.

Alternative strategies may accommodate larger spaces
or those with different spatial and architectural char-
acteristics. For instance, designing the recording grid
with greater spacing or irregular distribution could re-
duce the total number of required nodes or allow for a
larger exploration area, as reasonable increments might
not be perceptually salient. This approach is particu-
larly suited to IDW interpolation, which performs well
with sparse and non-uniform grids [30]. Furthermore,
incorporating satellite positions or grids recorded at key
spatial locations could further extend the exploration
capabilities of the system, enabling direct investigation
through teleportation-based locomotion within the IVE.
This method could enable the exploration of acoustic
variation derived from specific architectural features or
spatial attributes, such as ceiling height and geometry
variations.

Lastly, higher-order Ambisonic SIRs provide greater
rendering accuracy but come at the cost of significantly
increased computational load due to the number of im-
pulse response channels required [30]. Although 3OA
offers a balanced compromise between perceptual fi-
delity and computational efficiency [35], depending on
system resources, alternative formats such as first-order
Ambisonics or binaural SIRs may provide a suitable
trade-off, delivering plausible results at a fraction of
the computational cost required for convolution.

5 Discussion

While this work did not include a formal user eval-
uation, the pipeline was tested by several audio re-
searchers, who reported that the system delivered a
convincing spatial impression and that the interpolated
auralization felt responsive and perceptually plausible
for real-time vocal feedback in IVEs. Additionally,
feedback from users with professional singing experi-
ence was positive, commenting on the enjoyment of the
immersive singing experience and recognising its po-
tential value for musical applications such as rehearsing
and performing in virtual venues.

Moreover, the system has been successfully imple-
mented in perceptual studies on audio-visual percep-
tion and rendering quality, enabling the integration of
real-time first-person auralization into multimodal VR
research, vocal practice and performances, and pub-
lic speaking applications. With 3DoF interpolation,
the system delivers natural and seamless auralization,
while the addition of translational rendering enhances
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spatial continuity, granting users greater agency to ex-
plore acoustic virtual spaces in a more immersive and
dynamic way.

The proposed system supports real-time auralization
through convolution by leveraging the ITDG to account
for inherent system latency. Although latency con-
strains the minimum distance to the nearest reflective
surface, it still enables accurate acoustic reproduction
of realistic environments. In our case study, system
latency of approximately 13.1 ms remained below the
ITDG threshold for performance stages, achieving per-
ceptually coherent results. In a room with a more stan-
dard ceiling height, the ITDG was slightly shorter than
the system’s latency by approximately 2.6 ms; how-
ever, this difference remained below the perceptual just
noticeable difference for ITDG [27, 36], which is un-
likely to affect the auditory experience. Latency can be
further improved through hardware optimisation, using
audio interfaces with lower latency performance and
faster data transfer protocols than the Focusrite Scarlett
2i2 [37] used in this case study.

While audio latency was the main focus in the system
design, it is also important to consider motion-to-data
latency caused by the transfer of tracking data from
the HMD to the resulting audio update within the au-
dio rendering software. In our setup, directional and
translational motion-to-data latency using a tethered
Meta Quest 3 [38] was approximately 43 ms, remaining
below the 60 ms threshold identified as perceptually
acceptable in previous research [39], making it suitable
for immersive vocal auralization.

Some areas for optimisation were identified during
implementation, highlighting opportunities for perfor-
mance enhancement. The system used directional
SIRs for rotational interpolation, which significantly
increased the number of impulse responses required at
each grid position. This number could be reduced by
producing 360◦ SIRs using an omnidirectional speaker
instead. During auralization, the system could imple-
ment a directivity shaper to approximate the natural
directivity of the human voice, oriented in real-time
based on the user’s head direction. In addition, interpo-
lation methods present opportunities for further optimi-
sation. IDW was suitable for our case study due to its
flexibility and ability to perform gain-based interpola-
tion without frequency-dependent features. However,
alternative interpolation methods, such as dynamic SIR
selection across transitions [40] or object-based ren-
dering approaches [31], may offer better perceptual

realism and computational performance in more com-
plex or dynamic environments.

Beyond the technical design and the benefits of richer,
congruent multisensory feedback, the system demon-
strates clear relevance for practical scenarios and appli-
cations within VR that leverage audio-visual integra-
tion. Among these, the development of audio-visual
digital twins, which are high-fidelity virtual replicas
of physical spaces [41], is a significant area of focus
due to its broad range of potential applications. For
instance, acoustical heritage has gained recognition as
an essential component of cultural identity and mem-
ory, promoting interest in preserving the unique acous-
tic qualities of historical buildings and concert halls
[42, 43]. Emerging digital tools and methods, such
as VR and AR, enable the integration of coherent, im-
mersive auditory scenes with the visual presentation of
historical sites [43]. Therefore, the production of audio-
visual digital twins, particularly of performance venues
that allow for first-person vocal interaction, contributes
to the preservation of these acoustic sites, capturing
how performers perceived the stage’s acoustic response
during performances.

In addition to cultural heritage, audio-visual IVEs could
also enable real-time vocal auralization for actors and
singers, allowing for live performances within the meta-
verse. Since the rendering of acoustic features enhances
both the sense of presence and the quality of vocal per-
formance, providing performers with a coherent acous-
tic representation can potentially support their perfor-
mance and overall experience. Acoustic parameters,
such as room supportiveness and noiselessness, have
been shown to influence vocal performance and prefer-
ence [14]. Yet, research has found that music practice
rooms often lack adequate acoustic conditions, forc-
ing musicians to adapt their playing according to their
present practice room [44]. In this context, the produc-
tion of virtual audio-visual rehearsal rooms offers the
potential for more acoustically appropriate rehearsal
conditions, closely aligned with those of performance
venues. Furthermore, similar to the effects highlighted
in public speaking research, such environments may
help performers reduce anxiety and better adapt to the
acoustics of the actual venue.

Overall, the system demonstrates strong potential for
real-time vocal auralization in IVEs, supporting both
3DoF and 5DoF. The implementation shortcomings
identified highlight opportunities for further refinement
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in terms of hardware optimisation and computational
efficiency, while also opening pathways for practical
implementation and future research. Future work will
explore alternative translational interpolation methods,
formal user evaluation, and broader integration into
interactive or performance-based VR applications.

6 Conclusion

In this paper, we presented the design and implemen-
tation of a first-person vocal auralization system that
enables real-time 5DoF vocal interaction within im-
mersive IVEs. The pipeline uses 3OA SIRs captured
from a first-person perspective to deliver 360◦ acous-
tic representation of the space. We described in detail
the process of impulse response generation as well as
the real-time amplitude interpolation across both rota-
tional and translational dimensions. This system allows
users to explore acoustic spaces in 5DoF, successfully
supporting audio-visual perception in both multimodal
research and creative applications within IVEs.
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[9] Potter, T., Cvetković, Z., and Sena, E. D., “On
the Relative Importance of Visual and Spatial Au-
dio Rendering on VR Immersion,” Frontiers in
Signal Processing, 2022, doi:10.3389/frsip.2022.
904866.

[10] Geronazzo, M. and Serafin, S., Sonic Interactions
in Virtual Environments, Springer VS, 2022.

[11] Luizard, P., Steffens, J., and Weinzierl, S., “Adap-
tation of singers to physical and virtual room
acoustics,” in Proceedings of the International
Symposium on Room Acoustics, 2019.

[12] Kearney, G., Daffern, H., Thresh, L., Omodudu,
H., Armstrong, C., and Brereton, J., “Design of an
Interactive Virtual Reality System for Ensemble
Singing,” Proceedings of the Interactive Audio
Systems Symposium, 2016.

AES 158th Convention, Warsaw, Poland
2025 May 22–24

Page 8 of 10



Flores Vargas, Bates, and McDonnell First-Person Vocal Auralization in IVEs

[13] Poeschl, S., “Virtual reality training for public
speaking-A QUESTVR framework validation,”
Frontiers in ICT, 4, 2017, ISSN 2297198X, doi:
10.3389/fict.2017.00013.

[14] Redman, Y. G., Glasner, J. D., D’Orazio, D., and
Bottalico, P., “Singing in different performance
spaces: The effect of room acoustics on singers’
perception,” The Journal of the Acoustical Society
of America, 154(4), pp. 2256–2264, 2023, ISSN
0001-4966, doi:10.1121/10.0021331.

[15] Pind Jörgensson, F., Jeong, C.-H., Llopis, H.,
Kosikowski, K., and Strømann-Andersen, J.,
“Acoustic Virtual Reality – Methods and chal-
lenges,” in Proceedings of BNAM 2018, 2018.

[16] Sauer, J., Acoustic Virtual Reality: An Introduc-
tory Research For Application, Ph.D. thesis, Delft
University of Technology, 2020.

[17] Larsson, P. and Västfjäll, D., “When what you
hear is what you see: Presence and auditory-
visual integration in virtual environments,” Pro-
ceedings of the 10th Annual International Work-
shop on Presence, 2007.

[18] Khenak, N., Vézien, J.-M., Thery, D., and Bour-
dot, P., “Spatial Presence in Real and Remote
Immersive Environments and the Effect of Mul-
tisensory Stimulation,” PRESENCE: Virtual and
Augmented Reality, 27, pp. 287–308, 2018.

[19] Kearney, G., Daffern, H., Cairns, P., Hunt, A.,
Lee, B., Cooper, J., Tsagkarakis, P., Rudzki,
T., and Johnston, D., “Measuring the Acousti-
cal Properties of the BBC Maida Vale Recording
Studios for Virtual Reality,” Acoustics, 4(3), pp.
783–799, 2022, ISSN 2624-599X.
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