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Research has shown that visual cues influence the perceived sound externalization of binau-
ral reproduction. However, it remains unclear whether providing a virtual visual representation
of loudspeakers in addition to their binaural rendering influences their perceived external-
ization. Using augmented reality (AR), loudspeakers can be visualized within the listener’s
environment, potentially improving the externalization of binaural loudspeaker renderings.
This study presents a listening experiment using dynamic binaural rendering of a typical 7.0.4
immersive loudspeaker setup. Participants rated the externalization of noise bursts rendered as
single loudspeaker sources, phantom sources, and moving sources, as well as immersive music,
under three different visual conditions. Results show that the AR visualization significantly
improves the externalization for noise bursts reproduced by single virtual loudspeakers and
for immersive music excerpts reproduced by the entire virtual loudspeaker setup but not for
phantom and moving sources. Thus, shifting a percept farther away from the head seems to
work best when the acoustically perceived sound direction matches the visual source location.
The effectiveness of AR visualization for immersive music, on the other hand, may be due to
listeners’ familiarity with spatial music productions over loudspeakers.

Keywords: sound externalization, binaural audio, spatial
audio, virtual acoustic realities, virtual loudspeaker setups,
6DoF, augmented reality, mixed reality, auditory distance
perception, psychoacoustics

1 INTRODUCTION

Immersive audio and 3D audio technology continues to
grow in popularity in both consumer and professional en-
vironments, with consumer products such as Apple Air-
Pods and Apple Spatial Music and with Dolby Atmos and
MPEG-H production tools in the professional context. To
produce immersive audio content, current 3D audio stan-
dards recommend the use of multiloudspeaker systems with
surrounding loudspeakers at different heights in acous-
tically optimized control rooms [1–4]. However, such a
setup is not always affordable, which is why a number of
software solutions for binaural loudspeaker rendering and
headphone-based reproduction of virtual loudspeaker se-
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tups have emerged. These tools, including the proprietary
renderers of the aforementioned 3D audio standards as well
as audio plug-ins such as dearVR MONITOR, APL Vir-
tuoso, and Noisemakers Binauralizer Studio 2 provide an
accessible and portable method for simulating common im-
mersive audio loudspeaker setups in different rooms [5–7].

1.1 Binaural Rendering
Binaural rendering of a virtual loudspeaker array in a

room is typically based on a set of binaural room impulse
responses (BRIRs), where each BRIR describes the trans-
fer path from a particular loudspeaker to the listener. In
its simplest form, rendering is performed by convolving
the output of each virtual loudspeaker with its respective
BRIR, and summing the resulting signals channel-wise to
produce a two-channel binaural signal that is then delivered
to the listener via headphones. For binaural rendering with
three degrees of freedom (3DoF), where listeners can ro-
tate their head in yaw, pitch, and roll, BRIRs are required
for each head orientation. For rendering with 6DoF, where
listeners are also free to move around the room, BRIRs are
needed for every combination of listener position and head
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orientation. For any combination of such dynamic binau-
ral renderings, the listener is tracked and the convolution
pipeline dynamically switches between BRIRs correspond-
ing to the listener’s current position and/or head orientation
to update the rendering.

The required BRIRs can be measured either with a
dummy head or individually [8–10], synthesized based on
microphone (array) measurements [11–14] or solely based
on a given parametric sound field description [15–17], or
simulated using room acoustic simulation engines [18, 19].
The different techniques are often combined into hybrid
methods so that, for example, the direct sound and early
reflections are simulated, but the binaural reverberation
comes from a measurement or parametric synthesis.

Measuring BRIRs is the most time-consuming and least
flexible of these approaches, especially when dealing with
multichannel setups, as artifact-free 3DoF binaural render-
ing would require measurements of each loudspeaker with
a 2◦ resolution for yaw and pitch head orientations [20],
and 6DoF rendering would additionally require these mea-
surements to be made with a positional resolution as fine as
1 m with interpolation and 5 cm without [21, 22]. The mea-
surement effort can be reduced by measuring BRIRs for
only a few head orientations and positions in the listening
space and generating the remaining required BRIRs using
(non)parametric interpolation methods [23, 24]. However,
reducing the number of measurements, even when using
advanced interpolation methods, may result in a loss of
reproduction quality with audible artifacts.

BRIR synthesis based on microphone (array) measure-
ments further reduces the measurements effort, as one
measurement per loudspeaker is sufficient for 3DoF ren-
dering [25], and various interpolation and extrapolation
approaches exist to reduce the measurement effort when
aiming for 6DoF-rendering [14, 26, 27]. For BRIR synthe-
sis, measurements can be processed using nonparametric
methods—typically Ambisonics encoding and binaural de-
coding [28]—or parametric methods, where the sound field
is decoded into parameters used to generate the BRIRs
[29] (see also [30] for an overview). In addition, these ap-
proaches are more flexible in terms of listener individualiza-
tion, as any set of head-related transfer functions (HRTFs)
can be used for the synthesis.

Finally, room acoustic simulation or hybrids between
simulation and parametric synthesis are the most flexible
approaches, allowing real-time computation of individu-
alized BRIRs for any listener’s head orientation and po-
sition and, most importantly, being able to quickly adapt
to changes in the loudspeaker setup or the virtual listen-
ing room with its room acoustic properties. Notably, some
recent real-time room acoustic simulation engines do not
compute full-length BRIRs for convolution-based render-
ing, which requires significant computational effort. In-
stead, these engines process incoming audio buffers using
cascaded filter-delay structures to simulate direct sound
and early reflections according to an image source model
(ISM) and reverberation using feedback delay networks
and spatialize the ISM and feedback delay network signals
by convolution with short HRTF filters, making the sim-

ulation engine much more computationally efficient [31,
32]. However, the effort required to implement efficient
real-time simulation algorithms that provide perceptually
plausible binaural rendering remains high.

1.2 Externalization
Sound externalization, that is, the perception that a sound

source is outside of the head [33], is a key perceptual as-
pect of binaural rendering. Externalization is particularly
important for binaural rendering of virtual loudspeaker se-
tups, where the goal is for sound engineers to experience
the sound over headphones as if they were in a control room
with a loudspeaker array surrounding them. From the ear-
liest studies on externalization, researchers have found that
achieving externalized sound images requires the reproduc-
tion of “ear-adequate” signals, meaning that the binaural
rendering should contain all the cues of a natural external
sound, such as source, room, and listener characteristics
[34]. Subsequent studies then identified several factors that
influence perceived externalization, which can be broadly
categorized into acoustic cues in direct sound and reverber-
ation, as well as multisensory factors [33].

Regarding direct sound cues, researchers have found that
lateral virtual sound sources, which provide strong binaural
difference cues in the form of interaural time and level dif-
ferences, tend to be better externalized than median plane
sources, where interaural differences are small [35, 36].
Studies on the impact of individual HRTFs on perceived ex-
ternalization are inconclusive, with some results suggesting
no effect [37, 38] and others suggesting an effect [39, 40] of
individualization, with individualized renderings leading to
better externalization especially for median-plane sources
in the latter study. Summarizing the influence of individual
HRTFs on perceived externalization, Best et al. concluded
in their review that individual HRTFs may not be critical
for externalization in more realistic listening situations that
include reverberation and multisensory cues [33].

When the virtual sound source contains reverberation in
addition to the anechoic direct sound, it is generally more
likely to be perceived as externalized [37, 38]. Interest-
ingly, early reflections up to 80 ms after the direct sound
are sufficient to improve externalization, whereas including
the entire reverberation tail in the rendering does not further
improve externalization [37, 41]. Moreover, the spectral de-
tail in the reverberation is less important for externalization
than that in the direct sound [42]. Rather, sufficient binaural
information in the reverberant part is critical for external-
ization, such as binaural cues from lateral reflections or
fluctuations in interaural level difference and related in-
teraural coherence (IC) [43, 41, 38]. Further investigation
of these fluctuations revealed that for lateral sound sources,
especially the reverberation at the contralateral ear showing
strong fluctuations is critical for externalization [44].

In terms of multisensory factors, head movements and vi-
sion are particularly relevant to externalization. Head move-
ments do not only improve localization accuracy and help
resolve front-back confusion [45] but also contribute sig-
nificantly to externalization perception [36, 46], especially
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for median-plane sources for which head movements in-
duce binaural difference cues [33]. Interestingly, the effect
is stronger for self-motion than for source movements [47],
and externalization can persist even when the listener is no
longer moving [46].

In a multisensory scene, however, neither acoustic cues
nor head movements may be robust enough to provide an
externalized sound image. Rather, the binaural rendering
must also be consistent with the listener’s expectation of
the real room and its acoustic properties, as assessed vi-
sually and/or auditorily, in order to be perceived as exter-
nalized. If the binaural rendering is not congruent with the
listener’s expectation of how a source should sound in a
particular room, externalization may break down and the
listener may perceive the virtual sound source as (more)
internalized, which is called the room divergence effect
[40, 48–50]. Thus, a visual impression of the room that
is congruent with the binaural signals facilitates or even
improves externalization [40, 48, 49].

1.3 Aim of this Study
In summary, previous research has revealed important

acoustic and multisensory factors that influence perceived
externalization in binaural rendering, with visual cues of the
listening room congruent with the auditory scene being a
key factor for externalized perception. However, there is no
systematic and detailed research on how the visual presence
of a loudspeaker at the position of the virtual sound source
affects perceived externalization, and in particular, there
is no research on such possible effects in the case of a
virtual visual representation of the loudspeaker [i.e., when
the loudspeaker is augmented in the real listening room
using augmented reality (AR) technology].

Furthermore, previous externalization studies have
mostly considered discrete sound sources emitted by a sin-
gle loudspeaker but not static phantom sources, moving
sources, or even entire immersive audio productions, which,
however, is crucial for binaural reproduction of immersive
audio setups. It therefore remains an open research question
whether the visual augmentation of a loudspeaker or even a
loudspeaker array surrounding the listener, thereby creating
a stronger sense of being in an immersive audio setup, af-
fects and potentially enhances the perceived externalization
of the binaural reproduction of such a setup.

This paper addresses these questions by systematically
investigating how different degrees of loudspeaker visual-
ization affect the perceived externalization of a parametric
3DoF+ (see SEC. 2.3) binaural rendering of a 7.0.4 immer-
sive audio setup. To this end, a listening experiment was
conducted in which participants rated the perceived exter-
nalization of noise bursts rendered as single loudspeaker
sources, phantom sources, and moving sources, as well as
immersive music, under three visual conditions: (1) AR
visualization of the surrounding loudspeaker setup using
a mixed-reality headset, (2) 2D visualization of the loud-
speaker setup on a conventional computer screen, and (3)
no additional visual information.

2 METHOD

2.1 Participants
A total of 33 participants (age 23–43, M = 29.1 years,

Mdn = 28 years, SD = 5.02) with self-reported normal
hearing participated in the experiment. Most of them can be
considered experienced listeners, with nine of them being
members of the Audio Communication Group or working
for audio companies and 17 reporting active contact with
acoustics or music in their professional or personal lives.
All participants were naive as to the purpose of the study,
and all gave informed consent for participation in the study
and publication of the results.

2.2 Setup
The listening experiment was conducted in a control

room (L = 9.2 m, W = 7.8 m, H = 3.3 m, RT1 kHz = 0.34 s,
LAeq = 20 dB background noise) at TU Berlin, which re-
flects a typical immersive audio production environment.
To avoid any potential visual distraction for the partici-
pants, most of the permanently installed loudspeakers in
the listener’s line of sight that are normally installed in
the room were removed. The permanently installed ceiling
loudspeakers that could not be removed were covered with
visually opaque textiles. Overall, this resulted in an appro-
priate setup for the study without critical visual distractions
[see Fig. 2(a)].

Fig. 1 illustrates the technical setup used in the listening
experiment. A custom Python application running on a PC
controlled the test procedure as well as the binaural render-
ing software using Open Sound Control commands. The
graphical user interface (GUI) of the control application
was displayed on a large screen (diagonal width of about
80 in and a distance to the listener of about 2 m) to en-
sure that it was still usable while wearing the mixed-reality
headset.

An RME Fireface UFX+ audio interface running at a
sampling rate of 48 kHz and a buffer size of 512 samples
performed the digital-to-analog conversion. The analog
headphone output of the Fireface was connected to a
Sennheiser EW IEM G4 E-Band wireless monitoring sys-
tem, which fed Sennheiser HD 490 Pro headphones, allow-
ing the listener to move freely around the room.

A HTC VIVE Tracker 3.0 was mounted on top of the
headphones and tracked by four HTC VIVE SteamVR Base
Stations 2.0. The head orientation and position data were
processed with a custom Unreal Engine 5.1 application
and then sent via Open Sound Control at an update rate
of 100 Hz to the binaural rendering software, which was
implemented in Pure Data.

The 2D visualization of the loudspeaker setup [see
Fig. 2(b)] was displayed on a 19 in computer screen placed
directly in front of the subject, while maintaining a full
view of the large screen in the back. For the AR visualiza-
tion of the surrounding loudspeaker setup, an Apple Vision
Pro mixed-reality headset was used in combination with
a custom standalone visionOS application implemented in
Swift and with Apple’s own inside-out tracking mechanism.
Fig. 2(c) shows a screenshot of the image displayed in the
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Fig. 1. Overview of the technical setup used for the listening experiment.

Apple Vision Pro, with the virtual visual representation of
the loudspeakers augmented in the real room. Note that the
same visual scene of the complete 7.0.4 loudspeaker setup
was shown for both the 2D and AR visualization, and there
were no visual cues indicating which loudspeakers were
currently active.

2.3 Binaural Rendering Engine
For the room acoustic simulation and binaural rendering

of the virtual 7.0.4 loudspeaker setup, an ISM in a rectan-
gular (shoebox) room for real-time simulation and listener-
dependent adaptation of direct sound and early reflections
was combined with a static diffuse BRIR generated us-
ing frequency-dependent decaying noise for reverberation.
Fig. 3 shows the signal flow diagram of the Pure Data im-
plementation. As the diagram shows, the renderer accepts a
mono input signal for each channel of the loudspeaker con-
figuration, processes the audio buffers of these channels in
real time to generate the loudspeaker and room acoustic
simulation, and provides a two-channel binaural signal at
the output.

The implementation uses several finite impulse response
filters for room acoustic simulation and binaural render-
ing. The present study employed a dense full-spherical
set of Neumann KU100 HRTFs for spatialization, dense
full-spherical directivity measurements of the simulated
Neumann KH120 II to incorporate loudspeaker directiv-
ity, and a headphone compensation filter for the combi-
nation of Neumann KU100 and Sennheiser HD 490 Pro.
Further, the simulation employs custom wall reflection fil-
ters obtained for a collection of materials based on ab-
sorption coefficients from the room acoustic absorption co-
efficient database of the Physikalisch-Technische Bunde-
sanstalt [51]. For matching the simulation to the acoustics
of the control room (see SEC. 2.4), appropriate materials
were selected from this filter database.

Table 1. Virtual loudspeaker positions in azimuth φ and
elevation θ around the sweet spot.

No. Name φ θ

1 Left (L) 30◦ 0◦

2 Right (R) –30◦ 0◦

3 Center (C) 0◦ 0◦

4 Rear Left (RL) 135◦ 0◦

5 Rear Right (RR) –135◦ 0◦

6 Surround Left (SL) 90◦ 0◦

7 Surround Right (SR) –90◦ 0◦

8 Front Up Left (FUL) 45◦ 45◦

9 Front Up Right (FUR) –45◦ 45◦

10 Rear Up Left (RUL) 135◦ 45◦

11 Rear Up Right (RUR) –135◦ 45◦

Note. The radius for all loudspeakers was r = 1.50 m.

The simulation uses the closed-form ISM for efficient di-
rect sound and early reflection calculation [52, 53]. Based
on the room dimensions (in the present case, L = 9.23 m,
W = 7.75 m, H = 3.32 m), the dynamic listener position,
and the static loudspeaker positions in the room, the ISM
implementation constantly calculates the time and direc-
tion of arrival of the direct sound and the image sources for
each loudspeaker. Table 1 shows the loudspeaker positions
with respect to the initial listener position (i.e., the sweet
spot), which for this study was defined as X = 5.73 m,
Y = 4.01 m, and Z being the individual height of the par-
ticipant’s interaural axis.

For direct sound rendering (see upper path per input in
Fig. 3), the audio buffers of each input channel enter the
Direct renderer, where they are first delayed using a variable
delay implementation and gain-adjusted according to the
current distance between the loudspeaker and the listener.
Next, the renderer selects the correct HRTF according to
the current direction of arrival with respect to the listener’s
position and head orientation, as well as the correct source
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Fig. 2. Experimental setup showing a large screen at the back for
displaying the experiment software’s GUI and a smaller screen
in front of the listener for presenting the 2D visualization of the
virtual loudspeaker setup (a). 2D visualization of the virtual 7.0.4
setup, consisting of seven loudspeakers in a horizontal ring and
four in an elevated ring. Table 1 lists the exact position of each
loudspeaker (b). Screenshot of the view inside the Apple Vision
Pro, currently displaying three frontal loudspeakers of the aug-
mented 7.0.4 virtual loudspeaker setup in the real room (c).

directivity filter according to the current source exit angle,
and combines both filters by fast convolution to one direct
sound filter. Finally, this two-channel direct sound filter
is applied to the audio buffers using uniformly partitioned
convolution.

For the early reflections (see lower path per input in
Fig. 3), the input signals first pass through a global reflec-
tion delay and gain, which can be used to adjust the overall
time of arrival (similar to a pre-delay parameter) and level of
the early reflections. In the following Reflections renderer,
the positions of the image sources are calculated based on
the positions of the loudspeakers and the room dimensions.
In this study, only the first-order image sources were calcu-
lated, resulting in six image sources per loudspeaker. This
was deemed sufficient because the first order typically en-
compasses the most salient early reflections [54, 55], and

using only the first order makes the simulation less compu-
tationally demanding.

The image source positions are calculated once and up-
dated only when the loudspeaker positions change. For each
image source, a two-channel filter is generated as follows.
The renderer selects an HRTF for the direction of the lis-
tener’s current position and head orientation relative to the
position of the image source, delays and gain-adjusts this
HRTF according to the current distance between the image
source and the listener, filters this HRTF with the respective
wall reflection filter, and lastly applies the source directivity
filter based on the current source exit angle to this processed
HRTF. Next, the left and right channels of the six image
sources are summed, resulting in a single two-channel early
reflections filter per loudspeaker, which is applied to the in-
put signal using nonuniformly partitioned convolution.

For each loudspeaker, the direct sound and early reflec-
tion signals are summed channel-wise, resulting in a two-
channel signal per virtual loudspeaker. Finally, the left and
right channels across all virtual loudspeaker signals are
summed separately, yielding a two-channel binaural signal
that contains the direct sound and early reflection compo-
nents from all virtual loudspeakers corresponding to the
user’s current head orientation and position in the room.

To render the static late reverberation, all input channels
are summed first (see lower part of Fig. 3). The resulting
mono signal can be delayed and level-adjusted using global
reverberation delay and gain parameters, and is then con-
volved with a diffuse BRIR using non-uniformly partitioned
convolution. For this study, the diffuse BRIR was generated
using the MATLAB function AKdiffuseReverbTail
from AKtools [56], with the control room’s reverberation
times T20 in 1/3-octave bands as the input parameters. The
function uses the target T20 to generate a binaural dif-
fuse reverberation tail from frequency-dependent decaying
noise, including binaural coherence matching [57]. Addi-
tionally, a fade-in was performed toward the mixing time on
the late reverberation tail [58]. The resulting two-channel
binaural late reverberation signal is summed together with
the direct sound and early reflection components, providing
the full binaural simulation of the virtual loudspeaker setup.
Finally, the binaural signal is processed with the headphone
compensation filter and sent to the stereo output that feeds
the user’s headphones.

It is worth noting that in the present implementation of the
renderer, the distance-dependent gain adjustments for the
direct sound and the early reflections did not strictly follow
the inverse square law. Based on informal listening tests,
the distance-dependent gain adjustments were decreased to
reduce the influence of the listener’s transitional motion on
the loudspeaker and image source levels. This greatly sta-
bilizes the level balance at the sweet spot when the listener
moves their upper body, thereby improving the overall qual-
ity of the reproduction. In turn, changes in 6DoF rendering
are largely reduced to translation-dependent adjustments in
the localization cue, which, in agreement with Amengual
Garı́ et al. [50], is defined here as 3DoF+ rendering. How-
ever, the authors believe that this modification had no effect
on the experiment because the participants were instructed

J. Audio Eng. Soc., Vol. 74, No. 1/2, 2026 Jan./Feb. 9



SCHEER ET AL. PAPERS

Fig. 3. Signal flow diagram of the binaural 7.0.4 loudspeaker and room acoustic simulation.

to remain seated in the sweet spot and, thus, there were no
noteworthy changes in distance to the virtual loudspeakers
and their image sources.

2.4 Room Matching
To avoid room divergence effects, the simulated acous-

tics were matched to the real acoustics of the control room
through an iterative process in which the simulation was
adjusted according to acoustic parameters of the real room.
For this, a reference BRIR was measured with the swept sine
method using a real Neumann KH 120 II at the center loud-
speaker position of the 7.0.4 setup and a Neumann KU81i
dummy head at the sweet spot, facing the loudspeaker with
frontal head orientation.

This BRIR was used as a reference to estimate percep-
tually relevant room acoustic parameters, which served
as target values for the simulation. These included the
broadband parameters reverberation time (T20 = 0.364 s),
direct-to-reverberant ratio (DRR = 8.15 dB), and inter-
aural cross-correlation (IACC = 0.772). Additionally, the
average reverberation time of the control room was es-
timated in 1/3-octave bands. This estimation was based
on 15 measurements with an omnidirectional micro-
phone (NTI M2230) for three loudspeaker positions and
five microphone positions for each loudspeaker position.
The determined frequency-dependent T20 values of the
control room served as input parameters for synthesiz-
ing the initial late reverberation tail, as described above
in SEC. 2.3.

To obtain the simulated BRIR, the binaural rendering
engine was measured through the center channel using the
swept sine method. In an iterative process of comparing
the measured and simulated BRIR, the late reverberation

tail was adjusted by fine-tuning the T20 input parameters
of the synthesis, the fade-in toward the mixing time, and
the renderer’s reverberation gain parameter. Additionally,
during this process, the ISM parameters were thoroughly
adjusted, selecting suitable wall reflection filters from the
pregenerated material filters and adjusting the overall gain
of the early reflections to align their energy levels in the
simulated and measured BRIRs. The aim of this iterative
process was that the entire simulated BRIR (including di-
rect sound, early reflections, and late reverberation) would
match the measured BRIR in terms of the broadband pa-
rameters T20, DRR, and IACC.

With the final simulation settings, the measured and
simulated BRIR showed an absolute DRR difference of
0.89 dB, which is well below the just-noticeable differ-
ence (JND) of 2 dB [59]. Also, the absolute IACC dif-
ference of 0.052 was below the JND of 0.075 (according to
ISO 3382-1), as was the relative difference in broadband
T20, which was 4.65% and thus remained below the 5%
JND threshold [60].

Fig. 4 compares the measured and simulated BRIRs. The
broadband pressure BRIRs for the left ear [Fig. 4(a)] show
good similarity in their overall time-energy structure with
matching amplitude and time events. Similarly, the left ear
binaural room transfer functions (BRTFs) in Fig. 4(b) show
good agreement, although the analysis reveals magnitude
differences of up to 5 dB at higher frequencies (disregarding
the low-frequency roll-off in the measured BRIR), most
likely due to the fact that the measurement was performed
with a Neumann KU81i dummy head while the simulation
used Neumann KU100 HRTFs.

The reverberation times T20 of the simulated and mea-
sured BRIR also show good agreement [Fig. 4(d)]. The
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(a) (b) (c)

(d) (e) (f)

Fig. 4. Comparison of measured and simulated BRIRs of the center loudspeaker at the sweet spot in terms of time-energy structure (a,
c, and f), magnitude response (b), reverberation time averaged over left and right ear with error bars indicating the interaural standard
deviation (d), and IC (e). Note that (a) shows absolute values, and that the measured BRIR (yellow) has been inverted for easier visual
comparison.

deviation in the lower frequencies (especially at 160 Hz) is
most likely due to the matching of the diffuse BRIR syn-
thesis to the broadband T20 of the measurement and not to
the T20 in 1/3-octave bands.

The direct comparison of the frequency-dependent IC in
Fig. 4(e) shows a good agreement up to about 3 kHz, with
a generally rather high IC value above 0.6 for both BRIRs,
mostly because the sound source was in the front and the
room is rather dry, and without strong (uni)lateral reflec-
tions, leading to similar ear signals. Above 3 kHz, the IC
of the simulated BRIR decreases rapidly and deviates from
the measurement. This is most likely because the simulated
BRIR contains a reverberation tail with binaural coherence
for an ideal diffuse field, which is not fully satisfied in the
real room.

Finally, Figs. 4(c) and 4(f) illustrate both BRIRs on a
logarithmic amplitude scale, highlighting the similar decay
and energy structure of both BRIRs.

2.5 Stimuli
Table 2 shows the experimental conditions for which

subjects had to rate perceived externalization. The experi-
ment assessed externalization depending on the factors vi-
sualization (AR, Display, None) and source type (Single,
Phantom, Moving, Music), with different numbers of vari-
ants depending on the source type (four single sources, four
phantom sources, three moving sources, two music pieces).

Single, phantom, and moving sources were all differ-
ent spatial variations of the same 7.7 s long sequence of
100 ms pink noise bursts (including 2-ms cosine-squared

onset/offset ramps) with an interstimulus interval of 300 ms.
Pink noise was chosen because of its (well-describable)
broadband spectrum and because previous studies have pro-
vided some evidence that pink noise is perceived as more
externalized than, for example, speech [38].

Regarding the different source type conditions, single
sources describe stimuli where only one specific virtual
loudspeaker emitted the pulsed noise, phantom sources
describe stimuli that were statically panned to a position
between the virtual loudspeakers using vector-base ampli-
tude panning (VBAP) [61], and moving sources describe
stimuli that moved along prescribed trajectories within the
loudspeaker setup using VBAP. VBAP was used because it
is a widely adopted, robust, practical approach for ampli-
tude panning in immersive loudspeaker setups [28]. Table 3
summarizes the different variants per source type. The pre-
sentation level for all noise stimuli was LAeq = 54.2 dB,
measured as free-field sound pressure level next to the ear.
The supplementary material [62] provides static binaural
renderings of the different noise stimuli to give the reader
an impression of the reproduced sound.

For the music condition, two 90 s excerpts of 7.1.4 Dolby
Atmos pop mixes (“Rocket Man” by Elton John and “I
Didn’t Change My Number” by Billie Eilish) were used.
These were chosen because they are high quality produc-
tions with rather different mixing approaches. The “Rocket
Man” mix follows a more conventional approach to 3D
audio mixing, with the main vocal track placed mainly on
the center loudspeaker and the surround channels used pri-
marily for reverberation. In contrast, the “I Didn’t Change
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Table 2. Experimental conditions for which subjects had to rate perceived externalization, with different numbers of variants
depending on the source type.

Visualization AR Display None

Source type Single Phantom Moving Music Single Phantom Moving Music Single Phantom Moving Music

No. of variants 4 4 3 2 4 4 3 2 4 4 3 2

My Number” mix makes minimal use of the center loud-
speaker, leaving it free of the main vocals. In addition, the
surround channels are used not only for reverberation but
also for subtle effects, such as the dog sounds coming from
the back at the beginning. To reproduce the 7.1.4 mixes
with the 7.0.4 loudspeaker simulation, the LFE channel
was routed to the center channel of the virtual loudspeaker
system (input 3 in Fig. 3). The presentation level for both
(loudness equalized) music examples was LAeq = 72.2 dB,
also measured as free-field sound pressure level next to the
ear.

2.6 Procedure
The experiment was designed as a within-subjects study,

meaning that each participant rated the perceived external-
ization of all conditions listed in Table 2. Participants were
asked to rate the perceived externalization on a scale from 0
(perceived inside the head) to 1 (completely externalized),
following the rating paradigm proposed by Leclère et al.
[38]. The study followed a randomized block design, i.e.,
the experiment was divided into three blocks, presented
in randomized order, each containing all acoustic condi-
tions per visualization condition (AR, Display, None). Each
block was then divided into four sub-blocks, also presented
in randomized order, each containing all source type vari-
ants for one source type (Single, Phantom, Moving, and
Music). Within each sub-block, the order of source type
variants was again randomized.

Participants were given detailed instructions about the
test procedure and the concept of externalization, although
they were not informed about the aims of the study. Prior to
each experimental session, participants completed a train-
ing session to familiarize themselves with the test procedure
and experimental design. The examples used for training
were: a single source from the center loudspeaker, a phan-
tom source at (φ, θ) = (45◦, 0◦), a source moving from back
to front across the left side [i.e., (φ, θ) = (180◦–0◦, 0◦)],
and the excerpt of “Rocket Man” as a music example.

Participants rated externalization on a scale of 0 to 1 by
moving a continuous slider with extremities labeled “per-

ceived inside the head” and “completely externalized” dis-
played on the GUI with a computer mouse. Each rating
page per sub-block contained all variants for the current
source type, and participants could listen to each variant as
many times as they wanted. After rating all variants for the
current source type, clicking the “Next” button took par-
ticipants to the next rating page corresponding to the next
source type. They could not return to the previous page.

During the experiment, participants were instructed to
remain seated in the sweet spot, but to make typical head
movements as they would when working with audio mate-
rial in an immersive loudspeaker setup. The videos in the
supplementary material illustrate the experimental proce-
dure and the different visualization conditions [62].

2.7 Data Analysis
For the statistical analysis of the externalization scores,

a total of six different aggregations or subsets of the data
(further detailed in the results, SEC. 3) were created. Vi-
sual inspection of these and Shapiro-Wilk tests for nor-
mality, corrected for multiple hypothesis testing according
to Hochberg [63], revealed slight violations of normality
for only one condition in the moving source subset (con-
dition visualization AR, trajectory horizontal right). Given
the robustness of parametric testing to slight violations of
normality assumptions [64], the data was analyzed using
Greenhouse-Geisser (GG)–corrected [65] repeated mea-
sures analyses of variance (ANOVAs). All ANOVA post hoc
tests were Holm-corrected to adjust the initial significance
level of 0.05 for multiple comparisons. Single pairwise-
comparisons using t tests were Hochberg-corrected. Data
analysis was done with R, using the ezANOVA package for
the repeated measures ANOVAs and the superb package
[66] for calculating the within-subject confidence intervals
[67].

3 RESULTS

For an overall analysis of the effect of visualization on
externalization, aggregated results for visualization were

Table 3. The different variants for the four source types.

Single Phantom Moving Music

Loudspeaker Position (φ, θ) Trajectory (φ, θ) Song

Center (C) 45◦, 0◦ 180◦–0◦, 0◦ (Horizontal left) Elton John
Left (L) 115◦, 0◦ 0◦, 0◦–45◦ (Vertical front) Billie Eilish
Front Up Left (FUL) 45◦, 20◦ –180◦ to 0◦, 0◦ (Horizontal right)
Rear Left (RL) 115◦, 20◦
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Fig. 5. Results of the listening experiment as mean plots for the aggregated results (a, b) and the source type subsets (c, d, e, f).
The aggregated results for visualization (aggregated means) and source type (aggregated means) were obtained by averaging each
participant’s externalization ratings across source type and visualization, respectively. The error bars indicate difference and correlation-
adjusted (Loftus-Masson method) 95% within-subject confidence intervals [66, 67]. (a) Visualization (aggregated means); (b) source
type (aggregated means); (c) single; (d) phantom; (e) moving; (f) music.

generated by averaging each participant’s externalization
ratings across source types (i.e., 13 ratings per visualiza-
tion condition), resulting in one aggregated mean external-
ization rating per participant for each visualization condi-
tion. The results plot in Fig. 5 suggests that the AR condi-
tion yielded slightly higher externalization ratings than the
other conditions, and the corresponding ANOVA revealed
a significant effect of visualization (see Table 4). Post hoc
comparisons confirmed that the AR visualization led to
significantly higher externalization ratings than the display
visualization [t(32) = 3.14, p = 0.011, 0.57 ± 0.13 vs.
0.52 ± 0.15] or no visualization [t(32) = 3.15, p = 0.011,

0.57 ± 0.13 vs. 0.51 ± 0.14], whereas no significant dif-
ference was found between display and no visualization
[t(32) = 0.64, p = 0.53, 0.52 ± 0.15 vs. 0.51 ± 0.14].
However, as the following analysis will show, the effect
of AR visualization is not consistent across source types
and is mainly driven by the single and music source type
conditions.

To provide a more comprehensive view of the effect of
source type on externalization, aggregated results were also
generated for source type by averaging each participant’s
externalization rating across visualizations (i.e., 12 ratings
for single and phantom, nine ratings for moving, and six
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Table 4. Results of the six repeated measures ANOVAs to analyze the aggregated results for visualization and source type, as well
as the source type subsets. The aggregated results for visualization (aggregated means) and source type (aggregated means) were

obtained by averaging each participant’s externalization ratings across source type and visualization, respectively. The source type
subsets contain the corresponding raw data. The different source type variants are listed in Table 3.

Dataset df F MSE ε η2
p pGG

Visualization (aggregated means)
Visualization 2 , 64 6.76 0.005 0.95 0.18 0.003**

Source type (aggregated means)
Source type 3 , 96 6.66 0.019 0.60 0.17 0.003**

Single
Visualization 2 , 64 4.92 0.048 0.96 0.13 0.011*
Loudspeaker 3 , 96 16.36 0.058 0.83 0.34 <0.001***
Visualization × loudspeaker 6 , 192 0.84 0.028 0.65 0.03 0.501

Phantom
Visualization 2 , 64 0.81 0.044 0.78 0.03 0.425
Position 3 , 96 25.14 0.052 0.76 0.44 <0.001***
Visualization × position 6 , 192 1.23 0.032 0.63 0.04 0.304

Moving
Visualization 2 , 64 1.43 0.039 0.98 0.04 0.247
Trajectory 2 , 64 51.72 0.057 0.65 0.62 <0.001***
Visualization × trajectory 4 , 128 0.67 0.026 0.80 0.02 0.583

Music
Visualization 2 , 64 7.2 0.031 0.94 0.18 0.002**
Song 1 , 32 4.55 0.090 1.00 0.13 0.041*
Visualization × song 2 , 64 3.41 0.015 0.81 0.10 0.050

Note. GG correction is appropriate only for within-subject tests with more than one degree of freedom in the numerator.
*p < 0.05.
**p < 0.01.
***p < 0.001.
ε = GG epsilon, pGG = GG-corrected p values.

ratings for music), resulting in an aggregated mean external-
ization rating per participant for each source type condition.
The corresponding results plot in Fig. 5(b) indicates slightly
higher overall externalization ratings for phantom and mov-
ing sources. The ANOVA confirmed an effect of source type
(see Table 4), and subsequent post hoc tests revealed that
phantom sources [t(32) = 5.34, p < 0.001, 0.57 ± 0.12 vs.
0.47 ± 0.17] and moving sources [t(32) = 5.95, p < 0.001,
0.57 ± 0.14 vs. 0.47 ± 0.17] led to significantly higher
externalization ratings than single sources, with no other
significant pairwise comparisons.

Regarding the single sources, the analysis of the influ-
ence of the source type suggests that the AR visualization
led to higher externalization for single sources [Fig. 5(c)]
and that, in particular, the noise bursts presented from the
RL virtual loudspeaker were perceived as more external-
ized than those presented by the other loudspeakers. The
ANOVA yielded a significant main effect of visualization
and loudspeaker but no interaction effect (see Table 4),
confirming the observations from the plot, and post hoc
comparisons for the factor visualization further supported
the improved externalization through AR visualization, re-
vealing that the AR visualization led to higher external-
ization ratings than display visualization [t(32) = 3.03,
p = 0.015, 0.52 ± 0.24 vs. 0.45 ± 0.26] and no visualiza-
tion [t(32) = 2.63, p = 0.026, 0.52 ± 0.24 vs. 0.45 ± 0.24],
whereas there was no significant difference between display
visualization and no visualization [t(32) = 0.05, p = 0.964,
0.45 ± 0.26 vs. 0.45 ± 0.24].

Right-tailed t tests comparing the AR condition with
the display and no visualization condition for each sin-

gle source condition revealed significant differences for
five of the eight comparisons (AR-C vs. Display-C, AR-L
vs. Display-L, AR-RL vs. None-RL, AR-FUL vs. Display-
FUL, AR-FUL vs. None-FUL), with the largest effect sizes
for the C and FUL loudspeakers. However, when apply-
ing the Hochberg correction [63] for multiple comparisons,
only the AR-C vs. Display-C condition remained signifi-
cant [t(32) = 3.00, p = 0.0026, 0.44 ± 0.21 vs. 0.34 ± 0.25]
(which is smaller than the adjusted alpha level of 0.0063),
so some of the results for single sources might rather be
interpreted as strong trends.

Finally, post hoc tests for the factor loudspeaker fur-
ther confirmed the observations from the plot, revealing
that the RL loudspeaker provided significantly higher ex-
ternalization scores than all other loudspeakers (RL vs. C
[t(32) = 6.00, p < 0.001, 0.60±0.24 vs. 0.38±0.24], RL
vs. L [t(32) = 5.65, p < 0.001, 0.60±0.24 vs. 0.45±0.21],
RL vs. FUL [t(32) = 3.99, p = 0.001, 0.60±0.24 vs.
0.45±0.26]). Furthermore, the analysis revealed that stim-
uli presented from the C loudspeaker resulted in signif-
icantly lower externalization than those from the L loud-
speaker [t(32) = 2.96, p = 0.017, 0.38±0.24 vs. 0.45±0.21]
and the RL loudspeaker (see results above).

The results plot for phantom sources in Fig. 5(d) sug-
gests no clear influence of visualization, but some effect
of phantom source position. In line with this, the ANOVA
for the phantom source subset yielded a main effect only
for the position factor, but no other main or interaction ef-
fect (see Table 4). Most interestingly, the post hoc compar-
isons revealed that phantom sources with φ = 115◦ consis-
tently led to significantly higher externalization ratings than
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those with φ = 45◦ ((115◦, 0◦) vs. (45◦, 0◦) [t(32) = 8.32,
p < 0.001, 0.68 ± 0.20 vs. 0.46 ± 0.19], (115◦, 0◦) vs.
(45◦, 20◦) [t(32) = 4.58, p < 0.001, 0.68 ± 0.20 vs.
0.52 ± 0.21], (115◦, 20◦) vs. (45◦, 0◦) [t(32) = 6.74,
p < 0.001, 0.63 ± 0.20 vs. 0.46 ± 0.19], (115◦, 20◦)
vs. (45◦, 20◦) [t(32) = 3.09, p = 0.012, 0.63 ± 0.20 vs.
0.52 ± 0.21]).

A look at the results for the moving sources in Fig. 5(e)
also suggests no effect of visualization but a clear effect
of the trajectory, with the vertical front trajectory yield-
ing lower externalization ratings overall. Consequently, the
ANOVA yielded a strong significant main effect of trajec-
tory and no other main or interaction effects (see Table 4).
Not surprisingly, post hoc tests showed that the stimuli on
the vertical trajectory resulted in significantly lower exter-
nalization than those on the horizontal left [t(32) = 6.80,
p < 0.001, 0.41 ± 0.22 vs. 0.64 ± 0.2] and horizontal right
[t(32) = 8.37, p < 0.001, 0.41 ± 0.22 vs. 0.66 ± 0.22]
trajectories.

Finally, inspection of the results plot for the music ex-
cerpts in Fig. 5(f) indicates a slight influence of the song
and an effect of visualization, with a tendency for the AR
visualization to yield higher externalization ratings. The
ANOVA confirmed these observations, showing a signifi-
cant main effect of visualization and song, but no signifi-
cant interaction effect (see Table 4). Similar to the single
sources, post hoc comparisons for the visualization fac-
tor showed significantly higher externalization ratings for
the AR visualization compared to the display [t(32) = 3.26,
p = 0.005, 0.60 ± 0.26 vs. 0.51 ± 0.27] and no visualization
[t(32) = 3.56, p = 0.004, 0.6 ± 0.26 vs. 0.5 ± 0.26] but no
significant difference between display and no visualization
[t(32) = 0.636, p = 0.53, 0.51 ± 0.27 vs. 0.50 ± 0.26].

Hochberg-corrected right-tailed t tests comparing the AR
condition with the display and no visualization condition
for both songs revealed significant differences for all four
comparisons (all p < 0.015), emphasizing the clear effect of
AR visualization. The significant effect of song was because
Billie Eilish’s song yielded slightly higher externalization
ratings than Elton John’s song [t(32) = 2.13, p = 0.041,
0.58 ± 0.27 vs. 0.49 ± 0.26].

4 DISCUSSION

Binaural rendering of virtual loudspeaker setups has be-
come a popular method for listening to and working with
immersive audio, with perceived externalization being a
key factor in creating a realistic spatial impression. This
study examined the impact of AR, 2D display, and no vi-
sualization of a loudspeaker setup on the externalization of
a 3DoF+ binaural rendering of a multichannel loudspeaker
setup for different source types.

The results provide evidence that AR visualization of
loudspeakers can significantly enhance the perceived exter-
nalization of the binaural reproduction compared to 2D vi-
sualization of the loudspeakers or no visualization. Notably,
the main effect of visualization had a partial eta squared of
0.18, which is considered a medium to large effect in be-
havioral sciences [68], indicating that the impact of AR

visualization on externalization is substantial rather than
subtle. However, the effect does not equally apply for all
source types. It is more pronounced for signals reproduced
by single virtual loudspeakers and for the immersive mu-
sic excerpts reproduced by the entire virtual loudspeaker
setup. It is less pronounced for phantom sources appearing
between loudspeakers and for moving sources, where there
was no significant effect for visualization, even though a
trend towards higher perceived externalization with AR vi-
sualization can be observed for some source type variants.

Thus, enhancing externalization through AR visualiza-
tion seems to work best when the acoustically perceived
source direction matches the visual source location, so that
the visual object acts as an anchor that pulls the percept far-
ther away, similar to what is known from visual capture in
localization [69]. In contrast, the lack of such an anchor for
phantom and moving sources, where there is a mismatch be-
tween the visual and auditory location of the sound source,
may be the reason why perceived externalization did not
increase in these cases.

The significantly enhanced externalization of immer-
sive music playback through AR visualization of the loud-
speaker setup is particularly relevant for headphone-based
immersive audio rendering and production tools. The ef-
fect, however, cannot be explained by a direct audiovisual
consistency for individual sound sources, as observed for
the noise bursts reproduced by single virtual loudspeakers,
since typically, many sources in a multichannel mix are
placed between loudspeakers using panning. Nevertheless,
a higher audiovisual consistency is also given here when lis-
teners see a virtual multichannel loudspeaker system for a
spatial music mix, as this aligns with what the audio signal
would naturally lead them to expect, provided they have
gradually become accustomed and thus been sufficiently
socialized to spatial music mixes played over loudspeak-
ers.

A second effect evident in this study is the higher exter-
nalization for lateral sound sources than for sound sources
in the median plane, with externalization increasing with
lateralization. This applies to the signals presented by sin-
gle virtual loudspeakers as well as for phantom and mov-
ing sources. An increase in perceived externalization with
source lateralization was consistently found in previous
studies [36, 38, 33, 35] and can most likely be explained by a
lack of interaural differences for median plane sources. The
absence of a significant interaction effect between source
type variants and the visual conditions in this data (see the
interaction terms in Table 4) strongly suggests that this is a
purely acoustic effect. In line with this, when considering
the single sources as an example, the rear left (RL) loud-
speaker, which had the largest lateral angle, was perceived
as more externalized, even though it was not in the par-
ticipants’ field of vision, and audiovisual consistency thus
provides no explanation.

Furthermore, the aggregated results shown in Fig. 5(b)
might give the impression that phantom sources were gen-
erally perceived as more externalized than single sources.
However, this effect can be attributed to the variants selected
within each source type. First, among the single sources, the
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inclusion of the center loudspeaker significantly reduced
the average externalization across the group. Second, the
lateral phantom sources were positioned closer to the side
of the head than the lateral single sources (45◦ vs. 30◦

and 115◦ vs. 135◦), which tends to enhance the perceived
externalization [36]. Both effects can be clearly seen in
Figs. 5(c) and 5(d).

The different levels of externalization for the two immer-
sive music mixes might also be due to an acoustic effect. In
this experiment, a song by Billie Eilish (“I Didn’t Change
My Number”) was rated as significantly more externalized
than a song by Elton John (“Rocket Man”), which may
be related to different mixing decisions. While in “Rocket
Man” the center loudspeaker is the predominant source
for the main vocals, the center speaker is used very little
in the Billie Eilish mix. Since the main vocal is most of-
ten the most salient element of a pop song, it is possible
that participants focused most on it, resulting in an overall
lower externalization due to the predominance of the center
speaker in the mix.

5 CONCLUSION

This study examined whether loudspeaker visualization
enhances the perceived externalization of a binaurally ren-
dered multiloudspeaker setup. In a listening experiment,
participants listened to a 3DoF+ binaural rendering of a
7.0.4 loudspeaker setup and rated the perceived external-
ization under three visual conditions: (1) simulated loud-
speakers as AR objects in the participant’s surroundings, (2)
the simulated loudspeaker configuration on a 2D computer
screen, and (3) no additional visual information. For each
visual condition, participants were presented with noise
bursts rendered as four different single loudspeaker sources,
four different panned phantom sources, and three moving
sources with different trajectories, as well as two immersive
music mixes.

These findings demonstrate that AR visualization of
virtual loudspeaker setups significantly enhances the per-
ceived externalization of binaural rendering over head-
phones, both for single virtual loudspeaker sources and
for immersive multichannel music mixes. This enhance-
ment can be attributed to an increased audiovisual con-
sistency. For a single virtual loudspeaker, this means that
when the visualized loudspeaker location aligns with the
acoustically perceived source direction, the visual object
acts as a spatial anchor that pulls auditory perception
away from the head. For immersive multichannel music
mixes, audiovisual consistency might be achieved through
AR visualization because seeing the acoustically simulated
loudspeakers aligns with listeners’ expectations of spa-
tial music mixes played over loudspeakers. Conversely,
no significant improvement in externalization was ob-
served for phantom sources between loudspeakers or for
moving sources, where visual and auditory localization
cues mismatch.

The results highlight the importance of multisensory
integration, particularly in portable headphone-based im-
mersive audio tools, where AR visualizations can ef-

fectively serve as spatial anchors to enhance the real-
ism and externalization of binaural loudspeaker simula-
tions. Future work on multisensory factors influencing
perceived externalization should investigate whether the
present findings, especially for immersive music, can be
confirmed for room divergent conditions (i.e., studies are
needed to investigate whether AR visualization of loud-
speaker setups can also enhance externalization in con-
ditions where the listener is in a different room than the
one being acoustically simulated; a common use case with
portable virtual studio software solutions). The results of
such studies could provide further conclusive evidence for
the effects found in this study and provide new insights
into the fundamental multisensory processes involved in
how object visualization affects perceived sound source
externalization.
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[55] T. Jüterbock, F. Brinkmann, H. Gamper, N. Raghu-
vanshi, and S. Weinzierl, “Spatio-Temporal Window-
ing for Encoding Perceptually Salient Early Reflec-
tions in Parametric Spatial Audio Rendering,” J. Audio
Eng. Soc., vol. 71, no. 10, pp. 664–678 (2023 Oct.).
https://doi.org/10.17743/jaes.2022.0099.

[56] F. Brinkmann and S. Weinzierl, “AKtools - An Open
Software Toolbox for Signal Acquisition, Processing, and
Inspection in Acoustics,” presented at the 142nd Conv. of
the Audio Engineering Society (2017 May), eBrief 309.

[57] C. Borß and R. Martin, “An Improved Parametric
Model for Perception-Based Design of Virtual Acoustics,”
in Proc. of the 35th AES Intl. Conv. (2009 Feb.), paper 3.
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at TH Köln from 2015 to 2022. He received a B.Eng. de-
gree in media technology from HS Düsseldorf, Germany,
in 2011; M.Sc. degree in media technology from TH Köln,
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