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Abstract
Late reverberation involves the superposition of many sound reflections, approaching the properties of a diffuse sound field.

Since the spatially resolved perception of individual late reflections is impossible, simplifications can potentially be made for

modelling late reverberation in room acoustics simulations with reduced spatial resolution. Such simplifications are desired for

interactive, real-time virtual acoustic environments with applications in hearing research and for the evaluation of hearing sup-

portive devices. In this context, the number and spatial arrangement of loudspeakers used for playback additionally affect spa-

tial resolution. The current study assessed the minimum number of spatially evenly distributed virtual late reverberation

sources required to perceptually approximate spatially highly resolved isotropic and anisotropic late reverberation and to

technically approximate a spherically isotropic sound field. The spatial resolution of the rendering was systematically reduced

by using subsets of the loudspeakers of an 86-channel spherical loudspeaker array in an anechoic chamber, onto which virtual

reverberation sources were mapped using vector base amplitude panning. It was tested whether listeners can distinguish

lower spatial resolutions of reproduction of late reverberation from the highest achievable spatial resolution in different simu-

lated rooms. The rendering of early reflections remained unchanged. The coherence of the sound field across a pair of micro-

phones at ear and behind-the-ear hearing device distance was assessed to separate the effects of number of virtual sources and

loudspeaker array geometry. Results show that between 12 and 24 reverberation sources are required for the rendering of

late reverberation in virtual acoustic environments.
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Introduction
Room acoustics simulation enables the well-controllable and
repeatable presentation of reverberant acoustic environments,
whether they exist in reality or just in the virtual domain.
While artificial reverberation has historically been used as a
tool for artistic expression (Välimäki et al., 2012), room acous-
tics simulations are also utilized for planning of spaces (e.g.,
concert halls and classrooms; Rindel, 2001). Recently, room
acoustics simulations and virtual acoustic environments
(VAEs) have gained interest as tools for psychoacoustic
research and hearing aid development (Ahrens et al., 2019;
Grimm et al., 2019; Huisman et al., 2019; Pausch & Fels,
2020; Pausch & Fels, 2020; Rindel, 2001; Schutte et al.,
2019; Seeber et al., 2010), particularly in the context of eco-
logical validity, where the results of speech-in-noise and
hearing test with simplified “synthetic” stimuli have been
questioned with regard to real-world outcomes (Cord et al.,
2007; Jerger, 2009; Keidser et al., 2020; Miles et al., 2020).

Loudspeaker-based rendering of VAEs enables psycho-
acoustic tests with free head movement as well as the opera-
tion of (hearing aid) microphone arrays within the simulated
sound field. The use of VAEs for hearing research and devel-
opment and evaluation of hearing devices requires knowl-
edge about perceptual and technical limitations of the
rendered sound field: For perception and binaural hearing
aid algorithms (e.g., Dörbecker & Ernst, 1996; Kollmeier
et al., 1993; Srinivasan, 2008), the typical ear distance of
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receivers is relevant in addition to the closer spacing of multi-
microphone arrangements typically used to achieve spatial
directivity in behind-the-ear (BTE) hearing devices (e.g.,
Doclo et al., 2015; Thiemann et al., 2016; Yousefian &
Loizou, 2011).

Given that acoustic communication often takes place in
enclosed spaces, the simulation and rendering of late rever-
beration and sound reflections at boundaries of these spaces
are important for VAEs. While the direct sound and distinct
early reflections are typically rendered as individual sound
sources (e.g., Schröder, 2011; Wendt et al., 2014), diffuse
late reverberation results from a superposition of many
densely spaced reflections that are spatially more or less
evenly distributed. In rooms, diffuse reverberation typically
dominates the after the third reflection order (Kuttruff,
1995). Depending on room geometry and the spatial distribu-
tion of sound absorption at room boundaries, the resulting
late reverberation can be considered approximately spheri-
cally isotropic (Hodgson, 1996) or anisotropic when con-
taining limited spatial directivity (Alary et al., 2019a;
Lachenmayr et al., 2016; Luizard et al., 2015; Romblom
et al., 2016). For simplicity, cases with a spatially highly
uniform incidence of late reverberation are assumed to
approximate properties of a diffuse sound field and are
referred to as isotropic here, although the reverberant sound
field does not become isotropic in a strict sense (Polack,
1993; Jeong, 2016; Nolan et al., 2018).

In principle, the assumption of isotropy or anisotropy with
limited spatial directivity of late reverberation allows for a
reduced spatial resolution of the late reverberation rendering,
relevant for computational efficiency in interactive, low-
latency real-time VAEs. Considering hearing research and
hearing devices evaluation in VAEs, the minimum required
spatial resolution of late reverberation, depending on the
number of (virtual) sound sources or loudspeakers, is of inter-
est from both a perceptual and technical perspective.

Perceptually, localization of distinct sound sources or
specular reflections in space is related to interaural level dif-
ferences (ILDs) at higher frequencies above 1 kHz (see, e.g.,
Moore, 2003), and interaural time differences ITDs for lower
frequencies with sensitivity sharply decreasing at about
1.5 kHz (e.g., Klumpp & Eady, 1956). For diffuse late rever-
beration, incoherent ear signals are observed and the auditory
spatial impression involves a combination of several binaural
cues like the lateral distribution of energy impinging on the
listener in different frequency bands and interaural coherence
(see, e.g., Blauert and Lindemann, 1986; Hidaka et al., 1995)
in static or dynamic scenarios (e.g., Pöntynen et al., 2016). In
anisotropic late reverberation, ILDs can occur, caused by
more reverberant energy impinging from certain directions,
while (long term) ILDs cannot occur in isotropic conditions.
Additionally, fluctuations of ILDs and ITDs play a role in
the in the perception of interaural incoherence (Goupell &
Hartmann, 2006, 2007) for narrow-band signals (for an over-
view, see also Pulkki & Karjalainen, 2015). When

considering applications in VAEs, dynamic cues introduced
by head movement may also be relevant.

Overall, coherence at ear distance is considered relevant
for psychoacoustic processes (e.g., Faller & Merimaa,
2004; Grosse et al., 2015) and has been suggested to assess
the reproduction of diffuse sound fields (e.g., Hiyama
et al., 2002; Walther & Faller, 2011). Hereby the auditory
system is relatively insensitive to discriminate changes in
coherence close to zero (Culling et al., 2001; Robinson &
Jeffress, 1962; Walther & Faller, 2013). The spatial coher-
ence between omnidirectional microphones, often used as a
technical measure, is known to differ from that at the ear
canal entrance (Lindevald & Benade, 1986) and thus does
not represent exact psychoacoustic cues: Still, it can be
assumed that a correct reproduction of coherence may be a
necessary condition for the accurate reproduction of psycho-
acoustic cues.

Regarding the number of loudspeakers required to percep-
tually approximate the spatial impression of a diffuse sound
field, Hiyama et al. (2002) found that a specific horizontal
arrangement of four loudspeakers separated by 90° can
already be sufficient. With such a low number of loudspeak-
ers, however, the results were strongly dependent on the rota-
tion of the loudspeaker array with regard to the listener. In
VAE applications, where listeners can freely rotate their
head, such rotation dependency is problematic. Regarding
the perceptual impression of diffuse sound in three-
dimensional arrangements ITU-R, BS.2159-8 (2019) recom-
mends two vertically offset rings consisting of eight loud-
speakers each. Based on informal listening tests with
binaural reproduction, Laitinen and Pulkki (2009) reported
a number of 12–20 virtual loudspeakers to be adequate for
the reproduction of diffuse sound.

Grimm et al. (2015) evaluated different spatial loud-
speaker reproduction methods in a simulated two-dimensional
circular loudspeakers array. It was found that eight loudspeak-
ers are sufficient for localization of a sound source in the hor-
izontal plane according to an auditory model (Dietz et al.,
2011) that estimates ILDs and ITDs. Furthermore, it was
shown that a number of 8 up to 72 loudspeakers was required
for specific hearing aid algorithms using microphone arrays in
diffuse background noise.

Oreinos and Buchholz (2014) found similar signal-to-
noise-ratio (SNR) benefits for an adaptive, binaural, correla-
tion-based beamformer in a comparison between a real envi-
ronment and an auralization via a 41 loudspeaker spherical
array, driven by simulation and mixed-order ambisonics
(Favrot et al., 2011) recordings. In Oreinos and Buchholz
(2016), they additionally observed similar performance in
the VAE compared to the real environment for speech intel-
ligibility and acceptable noise level for hearing-aid
equipped listeners.

Taken together, these studies provide recommendations
for the rendering of diffuse sounds and demonstrate the
general function of hearing aid algorithms in VAEs.
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However, further systematic investigation of the minimal
spatial resolution required for rendering of late reverberation
in the context of VAEs is required, given that: (i) In contrast
to earlier studies focusing on approximated isotropic sound
fields, in VAEs late reverberation occurs in conjunction
with direct sound and early reflections. (ii) Earlier studies
often focused on cylindrically isotropic (two-dimensional)
sound fields with horizontal loudspeaker arrangements
(Grimm et al., 2015; Hiyama et al., 2002) in contrast to
spherically (three-dimensional) isotropic or anisotropic sound
fields occurring in the late reverberation. (iii) Rotation of the
listener in the loudspeaker array has been shown to be critical
for a very low number of loudspeakers (Hiyama et al., 2002).
(iv) A connection of technical limitations of the reproduced
sound field in a loudspeaker array and perception may help
to guideline their design.

In the current study, spatial resolution of late reverberation
was assessed in different simulated rooms by varying the
number of spatially evenly distributed virtual reverberation
sources (VRSs) rendered in a three-dimensional 86-channel
loudspeaker array. For the perceptual evaluation, two psy-
choacoustic experiments with normal-hearing listeners were
conducted using speech and transient stimuli: (1) The first

experiment used VAEs with homogenous boundary condi-
tions, resulting in approximately isotropic late reverberation.
(2) For the second experiment, inhomogeneous sound
absorption properties were assigned to the boundaries of
the virtual room in order to create an anisotropic late rever-
berant field. (3) In a technical evaluation, the ability to repro-
duce the coherence between omnidirectional receivers at
typical ear and BTE microphone distance in an isotropic
sound field (e.g., Cook et al., 1955) in the loudspeaker
array was investigated and related to the psychoacoustic find-
ings. Limitations imposed by number of VRSs and array
geometry are investigated by comparison of simulated
sound fields to the analytic reference coherence function
for the ideal spherically isotropic sound field. Additionally,
for an example test case representing a real-world environ-
ment with long reverberation time and containing direct
sound and early reflections, measured binaural room
impulse responses (BRIRs) and simulated BRIRs with differ-
ent spatial resolution of the late reverberation were compared
in terms of coherence between the microphones of a dummy
head and channels of typical BTE hearing aid devices.

The method used for simulation and rendering of the
VAEs is freely available at www.razrengine.com.

Methods

Room Acoustics Simulation
To vary the spatial resolution of late reverberation, the room
acoustics simulator (RAZR; Wendt et al., 2014) was used.
RAZR generates perceptually plausible room impulse
responses (RIRs) using a geometrical acoustics-based
image source model (ISM; Allen & Berkley, 1979; Borish,
1984), a shoebox approximation of room geometry and a
computationally efficient feedback delay network (FDN;
Jot & Chaigne, 1991) for late reverberation. Perceptual plau-
sibility of the resulting room acoustics simulations was dem-
onstrated by favorable performance in comparison to other
state-of-the-art approaches in (Brinkmann et al., 2019, see
their Figure 8). Early (specular) reflections up to the third
reflection order were generated with the ISM, including
effects of wall-dependent acoustic absorption as well as air
absorption accounted for by a perceptually motivated
low-pass filter, depending on the distance between image
source and receiver. The late reverberation tail was generated
by a 96-channel FDN which is fed by the last order of reflec-
tions from the ISM. The FDN parameters were derived to
account for the (measured) frequency-dependent reverbera-
tion time. The output channels of the FDN were used as
VRSs that were spatially evenly distributed around the lis-
tener (see Wendt et al., 2014 for details).

To adjust the spatial resolution of late reverberation, pairs
of FDN output channels were added together, resulting in
“downmixes” for a reduced number of 48, 24, 12, and 6
VRSs in addition to 96 VRSs. Average correlation coefficients

Figure 1. Number and spatial distribution of virtual

reverberation sources (VRSs) and arrangement of the 3D

86-channel loudspeaker array used for playback. The vertices of

the polyhedra at the top indicate the position of the VRSs. The

right-hand plot in the second row shows a 3D projection of the

loudspeaker positions, where the gray lines aid the visual

representation of the loudspeaker arrangement in five rings.

Polyhedra and loudspeaker array depiction are perspectively

aligned. The bottom panel shows the directions of the

loudspeakers (indicated as circles) and the VRS (other symbols,

depending on number of VRSs) in a 2D projection of the spherical

coordinates relative to the default listener orientation as indicated

by the nosed ball in the 3D projection of the loudspeaker

positions.
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< 0.03 between the VRS signals enable the approximation of
isotropic late reverberation as superposition of spatially dis-
tributed incoherent sound sources (see also Jacobsen &
Roisin, 2000). By using the fixed, high number of 96 channels
in the FDN, independent of the number of VRSs, the spatial
resolution of the late reverberation can be adjusted while main-
taining the spectro-temporal characteristics and thus avoiding
timbre changes in the resulting reverberant tail (see, e.g.,
Schlecht & Habets, 2015, 2017). Polyhedra centered around
the listener were used to determine the directions for spatiali-
zation of the VRSs, where the number of vertices corre-
sponded to the number of VRSs (see Figure 1). The
polyhedra were directionally aligned with the (shoebox)
room boundaries and were optimized for geometrical spheri-
city (Wadell, 1935), quantifying to what extent the shape of
the polyhedra formed by the VRS directions resembles that
of a perfect sphere (for which sphericity equals 1, while it is
0.81 for a cube). Sphericity values of the current polyhedra
ranged from 0.86 for 6 VRSs to 0.99 for 96 VRSs. For 6
VRSs, the resulting directions are orthogonal to each other
and for 12 VRSs, they correspond to points lying on the diag-
onals of a room aligned cube. Directions for VRS numbers of
24 and above were derived from a combination of one, two,
and four snub cuboctahedra (snub cubes) resulting in 4, 8
and 16 VRSs assigned to each of the six surfaces of the
room. The maximum number of 96 VRSs are assumed to be
a sufficiently high number to serve as a reference condition
for diffuse late reverberation.

In the case of a homogeneous distribution of acoustic
absorption on all surfaces, resulting in approximately isotro-
pic late reverberation, all VRSs radiate with the same power.
To render anisotropic late reverberation in case of inhomoge-
neous distribution of acoustic absorption, the output of each
VRS is scaled to represent the mean acoustic absorption for
the solid angle covered by the VRS (see Poppitz et al.,
2018 for more details). Thus, with a reduced number of
VRSs, the spatial sampling of anisotropic features of the
late reverberation is reduced.

Discrete early reflections and the VRSs were rendered
using an 86-channel loudspeaker array and vector base
amplitude panning (VBAP, Pulkki, 1997). VBAP is a three-
dimensional panning technique that utilizes the closest three
loudspeakers to render virtual sound sources in between the
loudspeakers. The simulated RIRs that have been rendered
for the loudspeaker array are referred to as multichannel
room impulse responses in the following. Due to path differ-
ences between the loudspeakers participating in the rendering
of a virtual sound source and the listener’s ears, spectral col-
oration artefacts can occur when using VBAP. These were
accounted for with filtering based on a statistical approach
described by Laitinen et al. (2014).

Virtual Rooms
A selection of four virtual, simulated rooms (denoted as aula,
laboratory, corridor, and staircase) was used with multiple
source–receiver combinations in some of the rooms. An
overview is provided in Figure 2.

For experiment 1, two source–receiver combinations were
set in a 12 m× 10 m× 30 m room (aula, Figure 2, top left)
with a reverberation time RT60 ranging from 7.2 s at
125 Hz to 1.5 s at 8 kHz. The virtual sound source was
spaced either 2.72 m from the listener position (Rec 1) or
13.01 m (Rec 2). A third condition was set in a 4.97 m×
4.12 m× 3 m room (laboratory, Figure 2, top right) with a
RT60 of 0.4 s in the 125 Hz–8 kHz range and a source–
receiver distance of 1.7 m. In all three conditions, the receiv-
ers were oriented towards the source and all room boundaries
had identical frequency-dependent absorption coefficients,
resulting in approximately isotropic late reverberation.

For experiment 2, anisotropic late reverberation was
assessed using a corridor (Figure 1, bottom left) with the
dimensions 24 m× 8 m× 6 m and inhomogeneous absorp-
tion coefficients: One of the small surfaces (shaded) at the
end of the corridor was highly absorbent (α = 0.99 for all fre-
quencies), while all other surfaces were quite reflective (α =
0.01–0.11 from 125 Hz to 8 kHz). The resulting RT60
ranged from ∼ 1.3 to ∼ 0.8 s in the frequency range from
125 Hz to 8 kHz. Several source–receiver–position combina-
tions were considered to vary the solid angle (or field of view,
FOV) occupied by the highly absorbing wall and thus the
spatial features of the resulting anisotropic late reverberation.
Source and receiver were always aligned on an axis parallel

Figure 2. Overview of the virtual rooms. Source positions are

denoted by crosses, receiver positions and orientation by the

nosed balls. The rooms are shown at a different scale as indicated

by the dimensioning provided in m. The Aula and Laboratory (top

row) were used in experiment 1, the corridor (bottom left) was

used in experiment 2, and the staircase (bottom right) was used

for the comparison with measured binaural room impulse

responses (BRIRs). The highly absorbing surface in the corridor

(bottom left) is shaded.
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to the highly absorbent surface, and were located at a height
of 1.8 m above the floor and 1.33 m from the sidewalls,
resulting in a fixed source–receiver distance of 5.33 m.
There were four source–receiver combinations at different
distances h to the highly absorbing wall, so that a wide
range of solid angles with a horizontal FOV γ of the absor-
bent wall is obtained. The exact distances and FOV angles
are denoted in Table 1. The receiver was always oriented
towards the sound source (azimuth angle β was 0°) for all
combinations (denoted A to D, see also Figure 2) except
for Ar, where the receiver was rotated by 60° towards the
direction of the corridor.

As part of the technical evaluation, a highly reverberant
room (staircase, Figure 1, bottom-right) with dimensions
2.98 m× 6.83 m× 12.71 m was used, where most of the sur-
faces are painted concrete. In this room, BRIRs have been
measured (see Apparatus and Procedure) to obtain realistic
reference coherence function estimates. The source and receiver
were located at the ground floor at a height of 1.72 m, spaced
2 m apart. The measured and simulated reverberation time in
the staircase ranged from 5.3 s at 125 Hz to 2.6 s at 8 kHz.

Listeners
For experiment 1, nine self-reported normal hearing listeners
(two female, seven male) aged between 26 and 32 years
old were recruited. For experiment 2, 10 listeners (five
female, five male) were recruited amongst students at the
University of Oldenburg. They were between 21 and 28
years old at the time of testing. All were tested for normal
hearing by means of pure tone audiometry (hearing threshold
≤ 25 dBHL between 125 Hz and 8 kHz). All subjects
reported varying amounts of experience with previous listen-
ing tests.

Stimuli
Three types of stimuli were used: (i) A deterministic transient
stimulus (referred to as pulse or pink pulse) of 500 ms dura-
tion was generated (sampling rate 44.1 kHz, decay from
0 dBFS to −60 dBFS in 36 ms) in the frequency domain

by defining a pink spectrum between 50 Hz and the
Nyquist frequency with minimum phase and transformation
to the time domain. To reject temporal aliasing artifacts in
the resulting periodic impulse, only the first half the
impulse was cut and a raised-cosine off ramp was applied
to the second half of that cut. This transient signal provides
the listener with an opportunity to listen to the decay of the
reverberation tail and is well suited for subjectively rating
room acoustic qualities of a space (similar to using hand clap-
ping). Given its deterministic nature, it is assumed that the
pink pulse offers a high sensitivity to any change in the ren-
dering of the RIRs. (ii) A semi-transient pink noise burst. The
bursts were generated from 50 ms of white Gaussian noise
that has subsequently been filtered by using the pink pulse
as FIR coefficients to achieve a pink spectrum. A different
noise token was generated for each burst to avoid identical
(deterministic) source signals. As for the pink pulse, the rela-
tively short pink burst resulted in a clearly audible decay,
however, with random variation in the coloration, minimiz-
ing the availability of coloration cues for the discrimination
task. (iii) A continuous speech stimulus composed of sen-
tences from the Oldenburger Satztest (OLSA) corpus with
different talkers (Hochmuth et al., 2015; Kuehnel et al.,
1999). Different sentences were randomly selected to avoid
deterministic stimuli and the availability of coloration cues,
leaving subjects with only spatial cues. This condition is
referred to as speech (mixed).

All stimuli were convolved with multichannel room
impulse responses for a specific source-receiver combination
in a given virtual room. Five versions were generated, devi-
ating in the number of VRSs (6–96), but being identical in
terms of early reflections, where the same 62 image sources
were always rendered in addition to the same direct sound.

In experiment 1, the pink pulse and speech stimulus were
used. The reverberated pulse resulted in signals of about 2 s
(including a 50 ms fadeout) and 860 ms in duration for the
aula and laboratory rooms, respectively. For the laboratory,
a pause interval of 500 ms was added between consecutive
stimuli. For the speech (mixed) stimulus, different sentences
were randomly selected out of a subset of six sentences from
two different talkers (one male, one female). The overall
duration of the stimuli was different for each of the sentences
and ranged from about 3.7 s to 4.5 s including 2 s of the
reverberant tail before being faded out. No extra silence inter-
val separated the presentation of consecutive stimuli. It
should be noted that for the aula with a reverberation of
7.2 s at 125 Hz, reverberant energy decayed by only about
17 dB during the observed 2 s of the reverberant tail.
However, based on preliminary tests, longer stimulus dura-
tions were not feasible with regard to the overall duration
of the experiment as well as for the perceptual comparison.
Moreover, it can be expected that the main features of the
reverberant decay are also covered in the low frequency
region in the perceptually prominent part up to 20 dB
decay. Furthermore, for frequencies around 500 Hz already

Table 1. Source–Receiver Geometry in the Corridor.

Position h (m) γ (deg) β (deg)

A 0.18 170 0

Ar 0.18 170 60

B 1.87 110 0

C 4.77 70 0

D 14.93 30 0

h denotes the distance of the source–receiver pair from the highly absorbing

surface (see Figure 1), γ describes the FOV angle and β corresponds to the

azimuthal listener orientation in relation to the sound source with positive

angles indicating a clockwise rotation.
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at least 30 dB decay were covered and more than 40 dB
decay for 1 kHz and above.

In experiment 2, the pink pulse, the pink (noise) bursts,
and the speech stimulus were used. For the reverberated tran-
sient stimuli, the signal duration was restricted to 1.2 s
including a 100 ms fadeout and followed by a 300 ms
silence (pause) interval. For the speech (mixed) stimulus,
four different talkers (two male, two female) were used and
different sentences were randomly selected out of a set of
100 sentences from each talker. In addition to the mixed con-
dition, a single sentence was used repeatedly, referred to as
speech (identical). Circular convolution was applied in
order to mimic reverberation from previous sentences
during an ongoing conversation. A silence interval of
100 ms was added before and after each sentence prior to cir-
cular convolution with the multichannel room impulse
response. After convolution, a fade in and fade out over the
duration of the silence interval was applied. The overall dura-
tion of the stimuli was different for each of the sentences and
ranged from ∼1.7 s to ∼3 s. A 300-ms silence (pause) inter-
val separated the presentation of consecutive stimuli.

For the pulse and burst conditions, the A-weighted,
impulse-weighted sound pressure level at the listening posi-
tion over the duration of 4.5 s containing three stimuli (fol-
lowed by decay and silence) was ∼65 dBA,I SPL. For the
speech conditions, the equivalent A-weighted sound pressure
level at the listening position over the duration of a presentation
of three sentences (about 7.5 s) was ∼ 65 dBAeq SPL. All
signals were digitally generated and processed at a sampling
rate of 44.1 kHz.

Apparatus and Procedure
The listeners were seated on a fixed (non-rotating) chair in
the center of an 86-channel 3D loudspeaker array (Genelec
8030 c/b) mounted in a 7 m× 9 m× 7 m anechoic chamber
with 0.75 m foam wedges. The loudspeaker array (see
Figure 1) is approximately spherical with a radius of the
main (horizontal) loudspeaker ring of about 2.5 m. The loud-
speakers are inhomogeneously arranged in five rings at −
60°, − 30 °, 0°, 30°, and 60° elevation and two additional
loudspeakers below and above the center point (−90°, 90°
elevation). The azimuthal spacing of loudspeakers is 7.5°
in the horizontal ring and 30° and 60°, respectively, in the
rings outside of the horizontal plane.

A computer monitor was placed straight ahead of the lis-
teners in a distance of 2.5 m in order to inform them about the
progress of the experiment and provide a direction to point
their gaze at. The listeners’ head movement was neither con-
strained nor monitored, enabling natural head movements.
Participants used a wireless keyboard on their lap so that
responses could be given without looking at the controls.

For the listening tests, an ABX paradigm was used. A
reference rendering with maximum number of VRSs (96)
and the rendering under test (with a lower number of

VRSs) were presented randomly as either A and B of the
sequence. X was randomly chosen to be either the reference
or the rendering under test. Test subjects had to determine,
whether X was perceived to be similar to A or B in terms
of spatial properties. Depending on the condition, the
source material (prior to application of the multichannel
room impulse response) was not necessarily the same for
A, B, and X: For the pink pulse, source material was identical
throughout the entire measurement and for speech (identical)
throughout each trial, while it differed for pink burst and
speech (mixed). The latter two stimuli forced listeners to
solely rely on binaural spatial cues, while potential other
cues like coloration changes became unreliable.

In both experiments, the procedure was separated into
runs that covered a particular combination of room condi-
tion and stimulus. Subjects were given the opportunity to
take short breaks in between runs. Experiments 1 and 2 con-
sisted of six and nine runs, respectively. A total of 20 pre-
sentations per number of VRSs resulted in 80 ABX trials
per run. Only exception to this was the speech (mixed) con-
dition in experiment 2, where only 6 VRSs versus the refer-
ence have been tested, resulting in 20 ABX trials per run.
One experimental run took about 10 min (pulse, burst) or
15 min (speech) to complete. Subjects were not provided
feedback on the correctness of their responses.
Additionally, audiometry prior to the listening test and a
familiarization phase were added for experiment 2. The
latter was comprised of the presentation of four ABX
trials for a pink pulse, a pink burst with 6 and 12 VRSs,
and four trials with mixed speech and 6 VRSs. During the
familiarization phase, subjects received feedback on the
correctness of their responses. For experiment 2, the exper-
imental procedure, except for the audiometry, was repeated
in an additional session on a different day resulting in
overall 40 presentations per VRS number.

Technical Evaluation
The focus of the technical evaluation was on the ability to
reproduce (i) interaural (head-size spaced) signal properties
relevant for binaural perception and binaural hearing aid
algorithms, and additionally on (ii) closely spaced inter-
microphone signal properties relevant for multi-microphone
hearing aid signal processing in an approximated spherically
isotropic sound field given the number and positions of the
VRS. The technical evaluation focused on the spherically
isotropic case for which a clearly defined target coherence
function (reference) exists.

Coherence was used as technical measure to assess the
quality of the reproduction of an isotropic sound field, gener-
ated by independent Gaussian noises as output of the VRS. All
frequency-dependent coherence estimates Cxy(f ) between the
signals x and y have been calculated according to the following
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equation:

Cxy(f ) = ℜ
Gxy(f )��������������

Gxx(f )Gyy(f )
√

( )
, (1)

where f denotes the frequency,ℜ is the real-part operator, and
G represents the spectral density estimate according to Welch.
The calculations were performed for consecutive windows
with a 75% overlap and a length of 512 samples at 96 kHz
sampling rate to obtain an average coherence estimate. The
Gaussian noise VRS signals were 30 s in duration.

The coherence was estimated for omnidirectional receiv-
ers, omitting the effect of the listener’s head in favor of a
clearly defined reference. The (reference) coherence Γ
between two omnidirectional receivers spaced with the dis-
tance d in an ideal spherically isotropic sound field can,
according to, for example, Cook et al. (1955), can be
described as follows:

Γsph(ω) = sinc
ωd

c

( )
, (2)

where sinc is the unnormalized sinc function, ω is the angular
frequency and c is the speed of sound.

In the simulation, two receivers were symmetrically posi-
tioned near the center of the array on an axis orthogonal to the
0° azimuth and elevation directions as defined in Figure 1.
The spacing between the receivers for the simulations was
170 mm, approximating ear distance and the width of a
human head, and 15.6 mm, corresponding to the distance
between the front and rear microphones of the BTE hearing
aids used in the dummy head recordings of the staircase
room.

Idealized IRs have been derived for the paths from sound
sources to the receivers for three arrangements: (i) for the
current 86-channel array to the receivers, (ii) for a different
array geometry with a similar number of loudspeakers
arranged in a homogenous spacing across the spherical
surface according to a Fibonacci lattice (González, 2009),
and (iii) for the VRS positions, representing a direct spatiali-
zation with loudspeakers at the VRS positions. In all three
cases, a sphere diameter of 2.5 m was assumed. The effect
of air absorption was neglected, meaning that each idealized
IR consisted of a delay and attenuation resulting from the dis-
tance between the sound source and the receiver. Receiver
signals have been generated by convolving independent
Gaussian noises with the IRs and summing the resulting
signals for both receivers.

In addition to the systematic coherence assessment for the
spherically isotropic sound field, the staircase room served as
an example scenario to assess coherence in the VAE with
simulated BRIRs using different numbers of VRSs in com-
parison to the measured BRIRs in a real room. To generate
the simulated BRIRs, a set of head-related impulse responses
(HRIRs) has been measured for all loudspeakers in the
86-channel array (sampling rate 44.1 kHz) using a
G.R.A.S. KEMAR type 45BM head and torso simulator
equipped with BTE hearing aid microphone dummies (see
Kayser et al., 2009). Each hearing aid dummy had three
microphones, resulting in a total of eight measured channels
(eardrum, BTE front, mid and rear, for each the left and right
side of the head). For each loudspeaker in the array, the
respective channel of the simulated multichannel room
impulse response was convolved with the according HRIRs
for the two eardrum microphones and the BTE front and
rear channels (right side) and summed over all loudspeakers
resulting in simulated BRIRs. These simulated BRIRs allow
for a direct comparison of the rendering in the loudspeaker
array to the according real-world BRIRs which were mea-
sured using the same equipment on the ground floor of the
staircase room (see Figure 2, bottom right).

Perceptual Evaluation

Experiment 1: Isotropic Late Reverberation
Figure 3 shows the percentage of correct responses (ability to
discriminate the auralization with reduced number of VRSs
from the reference) as a function of VRSs for the pink

Figure 3. Percentage of correct responses for conditions with

isotropic late reverberation. Boxes represent the 25%–75%
percentile range and the horizontal red lines within the boxes

represent the median. Whiskers denote highest or lowest value

within 1.5 times the interquartile range from the box edge. Any

values outside of this range were classified as outliers,

represented by a blue cross. The different virtual room conditions

are indicated on the top and by different colors of the boxes.

Along the x-axis, the number of virtual reverberation sources

(VRSs) is denoted. The three horizontal lines indicate the chance

level and the 95% and 99% confidence range of a binomial

distribution with p = .5. The d′-value of 1.57 almost overlaps with

the 95% confidence range here.
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pulse stimuli in the left section and for the speech (mixed)
stimuli in the right section. The boxplots indicate the
median and interquartile ranges across listeners for all three
room conditions (Aula Rec 1, Aula Rec 2, Laboratory,
from left to right), grouped by the number of VRSs used
for rendering. Crosses indicate outliers, defined as being
more than 1.5 interquartile ranges outside of the actual inter-
quartile range. The three dashed horizontal lines correspond
to chance level (50% correct) and to the percentage of correct
responses required to reject the hypothesis, that responses are
drawn from a 0.5 chance binomial random variable at a con-
fidence level of 95% or 99%, as indicated on the right-hand
side. These lines serve as an orientation to estimate whether
the respective scores are achieved by guessing. Additionally,
to assess discriminability, the percentage correct (70.7%)
according to a d′-value of 1.57 for the current ABX/BAX
experiment is indicated according to Macmillan and Creelman
(2004; Table A5.3.) based on the assumption of subjects
employing an independent observations strategy. If a differenc-
ing strategy is assumed as argued by Hautus and Meng (2002),
the d′-value increases to 1.76.

For the pink pulse and 6 VRSs (left-hand side), there is a
high proportion of correct responses regardless of the virtual
room configuration (median > = 80%). For higher number of
VRSs and the pink pulse, the median amount of correct
responses is close to chance (50% correct), even though
there are outliers with up to 90% of correct responses.
There are no obvious tendencies with regard to the effect
of the virtual room or the further increase in the number of
VRSs. For the speech (mixed) condition (right-hand section
in Figure 3), even for 6 VRSs, the median correct responses
range from only 55% to 60% and are otherwise also close to
chance as observed for the pink pulse.

A three-way repeated measures analysis of variance
(ANOVA) showed a significant main effect of the number
of VRSs (F[3, 24] = 42.4, p < .001) and of the stimuli
(F[1, 8] = 22.4, p < .01), but no significant main effect of
the room configuration (F[2, 16] = 1.5, p = .26). A signifi-
cant interaction was found only for the number of VRSs
and the stimuli (F[3, 24] = 13.2, p< .01].

Post-hoc pair-wise comparisons (Bonferroni) revealed
that the main effect of the number of VRSs and the interac-
tion of VRS and stimulus can be attributed to significant dif-
ferences (p < .001) between 6 VRSs and all other VRS
numbers for the pink pulse, while there are no significant dif-
ferences in detection performance between the higher VRS
numbers (12 – 48) for the pink pulse and no significant differ-
ences for any number of VRSs for speech (mixed).

In summary, for isotropic late reverberation, 12 VRSs are
sufficient to perceptually approximate a spherically isotropic
sound field with the transient pink pulse stimulus. For speech
with additional uncertainty regarding the source signal, even
6 VRSs appear to suffice.

Experiment 2: Anisotropic Late Reverberation
Figure 4 shows the average discrimination results between
conditions with fewer VRSs as indicated on the x-axis and
the reference condition with 96 VRSs in a similar format as
shown in Figure 3. The order of the boxes and colors indicate
the room conditions with different distance from the absorb-
ing wall (left to right: A–D, close to far; Ar, rotated) as indi-
cated in the legend. The figure is separated into three sections
by vertical gray lines for pink pulse, pink burst, and speech
(identical, mixed) from left to right, grouped by the number
of VRSs. For pink burst and speech, only subsets of the

Figure 4. Percentage of correct responses for the different experimental conditions with anisotropic late reverberation, in the same style

as shown in Figure 3. The order of the position inside the virtual corridor is indicated at the top and by the different shades of colors of the

boxes. Along the x-axis, the number of virtual reverberation sources (VRSs) is denoted. Results are grouped by stimulus. For speech

(right-hand subpanel), the dotted box shows the data measured with random speech (mixed).
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conditions have been measured: Room conditions A and Ar
for the pink burst and room condition A for the speech. For
speech mixed (dotted box), only renderings with 6 VRSs
were compared to the reference.

A fairly narrow distribution of subject performance can be
observed with 6 VRSs for the pink pulse (left-hand section)
on all positions and for the non-rotated (A) pink burst
(center section). For these stimuli, all subjects responded cor-
rectly in at least 90% of the trials. For 12 VRSs with the pink
pulse, there is a wide spread at all different positions with
individual performances ranging between 50% and 87.5%
correct responses. This generally wide performance range
can also be observed for 24 and 48 VRSs, but with lower
medians compared to 12 VRSs. A consistent dependency
on the position within the room (A–D) is not immediately
apparent.

For the pink burst (center section), a much wider perfor-
mance range with a lower median can be observed for 6
VRSs for the rotated condition (Ar) compared to the non-
rotated condition (A). While the performance median for
the rotated condition is lower for 6 VRSs when compared
to no rotation, it is higher relative to the non-rotated condition
for 12 VRSs. Similar to the pink pulse, with the pink burst,
the medians with 24 and 48 VRSs are slightly lower com-
pared to 12 VRSs.

Opposed to the other source signals, speech-based stimuli
(right-hand section) show a wide performance range even for
6 VRSs. This is especially apparent for the mixed speech
stimuli (dotted box) where individual discrimination perfor-
mance ranged from 40% to 90%. Here, subjects had to
purely rely on spatial changes in the rendering. Renderings
with 12 – 48 VRSs result in performance medians at and
somewhat above 50%, with variability strongly reduced for
48 VRSs, where none of the subjects exceed 65% of
correct responses.

Given that not all room conditions where measured with
every stimulus, for statistical analysis, three separate
ANOVAs were performed1:

For the pink pulse, the effect of VRS and position within the
room was assessed with a two-way repeated-measure ANOVA.
A significant main effect was found for the number of VRSs
(F[3, 27] = 250.26, p< .001). No significant main effect was
found for the position within the room (F[4, 36] = 0.84, p =
.51), and no significant interaction was found (F[12, 108] =
0.96, p = .46). Post-hoc pair-wise comparisons (Bonferroni)
revealed significant differences between the conditions with 6
VRSs compared to all other conditions. While for 12 VRSs,
there were some significant differences compared to 24 VRSs
at position C and to 48 VRSs at positions B and D, no signifi-
cant difference was found between 24 and 48 VRSs.

For the pink pulse and burst, a three-way repeated-
measures ANOVA was performed to assess the effect of
the number of VRSs, stimulus type (pulse vs. burst) and rota-
tion (position A vs. Ar). A significant main effect was found
for the number of virtual sources (F[3, 27] = 335.67, p<

.001) and for stimulus type (F[1, 9] = 28.80, p< .001). No
main effect was found for rotation (F[1, 9] = 12.66, p =
.34). No significant interactions were found for the number
of VRSs and stimuli, the stimuli and rotation and the
number of VRSs, stimuli and rotation (p> .2). However,
there was an interaction between the number of VRSs and
rotation (F[3, 27] = 3.42, p = .03).

To additionally assess the effect of stimulus type (pulse,
burst, speech), a two-way repeated-measured ANOVA was
performed for the number of VRSs and the different
stimuli with all the results obtained at position A except for
the additional measurement of speech (mixed). A significant
main effect was found for the number of virtual sources (F [3,
27] = 137.04, p< .001) and for the stimulus type (F[2, 18] =
12.29, p< .001), as well as a significant interaction (F[6, 54] =
5.12, p< .001). Post-hoc pair-wise comparisons (Bonferroni)
revealed a significant difference between the pink pulse and
the other two stimuli, but no significant difference between
the pink burst and speech (identical) condition.

Finally, a paired-samples t-test between the results
obtained with 6 VRSs for speech (identical)- and speech
(mixed)-stimuli showed a significant mean difference of
11.75 percentage points in score, with a standard error of
2.79, p = .0023.

Taken together, the results indicate that for the pink pulse
stimulus 12–24 VRSs appear sufficient to render the late
reverberation. If uncertainty is introduced in a transient sti-
mulus (pink burst), already 12 VRSs are sufficient for the
position closest to the wall (A). Similar results are observed
for the speech (identical) stimulus. A number of 6 VRSs are
distinguishable for all conditions, however, for speech
(mixed) a clear decline of discrimination performance was
observed, with some individuals even performing at chance
level.

Discussion
Isotropic Late Reverberation. For isotropic late reverberation
(experiment 1), the current finding of 12 VRSs as
minimum number for rendering late reverberation support
the default choice of 12 VRSs in the original RAZR imple-
mentation (Wendt et al., 2014). The result is also generally
in line with earlier findings in the literature regarding the
minimum number of loudspeakers required to achieve a
perceptually diffuse sound field: Laitinen and Pulkki
(2009) suggested 12–20 loudspeakers as sufficient for a
three-dimensional arrangement. In Hiyama et al. (2002) for
eight or more horizontally arranged loudspeakers, the contri-
bution of additional loudspeakers was strongly decreased.
The current results pointing to 12 VRSs were obtained for
the pink pulse stimulus, which was determined to be the
most critical to show effects of the number of VRSs in pre-
liminary experiments. For this transient and deterministic sti-
mulus, subtle differences in the reverberant decay process
including spatial features but also spectral coloration
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changes that might occur as an artefact of VBAP are easily
revealed. With the random speech (mixed) stimulus,
median percentage-correct values of only 55%–60% even
for 6 VRSs were observed, and again no difference
between 12 and 96 VRSs with median values around 50%–
55%. Thus, depending on the stimulus and with a fixed rela-
tion between receiver orientation and VRS, even less than 12
VRSs might be sufficient for spherical (three-dimensional)
isotropic cases.

Furthermore, it can be assumed that cylindrical (two-
dimensional) isotropic sound fields, as occurring for late
reverberation with reflections resulting mainly from vertical
structures (e.g., in the case of a highly absorbent or absent
ceiling) are less demanding and require at least eight horizon-
tal loudspeakers extrapolating from 12 for the spherical iso-
tropic case. This coincides with the findings of Grimm
et al. (2015). However, it is conceivable that the anisotropic
cases, as assessed in experiment 2, are more demanding, and
that the number of VRSs also affects binaural parameters as

the interaural coherence and ILDs depending on the rotation
of the listener in the loudspeaker array as discussed below in
the context of experiment 2 and the technical evaluation.

Anisotropic Late Reverberation. For anisotropic late reverbera-
tion (experiment 2), reflecting a spatially more challenging
condition, 6 VRSs could be clearly distinguished from the
reference for all stimuli, with the exception of the speech
(mixed)-stimulus. Here, different (random) sentences were
presented for each signal in the ABX trial so that listeners
had to rely solely on spatial cues. Similar to the isotropic
case in experiment 1, uncertainties in the (dry) source
signal resulted in considerable differences in individual dis-
crimination performance. The results indicate that for
unknown source material, or stimuli like running speech,
demands for spatial resolution of late reverberation in
VAEs can be lowered even for anisotropic late reverberation.
Already a comparatively small number of VRS could result
in a convincing rendering for the majority of listeners,
which might be useful in applications where lowest compu-
tational requirements are key (e.g., spatial rendering in tele-
conference systems or hearing supportive algorithms in
mobile applications).

A dependency of the number of required VRSs for a
perceptually plausible rendering on the source material is
suggested by the significant differences between the determi-
nistic pink pulse and the other stimuli for 12 and 24 VRSs. As
stated earlier, the deterministic pink pulse allows for a
detailed comparison of spectral coloration differences in
the decay process. For the random pink burst, a general
decrease in detection performance is observed in non-rotated
conditions with more than 6 VRSs compared to the pink
pulse. The stochastic nature of the pink burst stimulus and
its variability throughout the ABX trials likely reduced the
availability of spectral artefacts as a discrimination cue.

Receiver Rotation. The effect of receiver orientation (A, Ar) in
relation to the virtual sound source was assessed in experi-
ment 2 for the pink pulse and burst stimuli. Based on the sta-
tistically significant interaction between the number of VRSs
and the rotation (regardless of the non-significant main effect
of receiver orientation), visual assessment of the distribution
of responses allows for some speculation: The most obvious
deviation occurs for 6 VRSs with the pink burst, where the
rotated condition shows a considerably reduced median and
a much wider spread in the distribution of responses, indicat-
ing that some listeners had difficulties to distinguish render-
ings in the rotated condition. The rotated condition differs
from the un-rotated condition by a 60° azimuth incident
angle of the virtual sound source and a listener rotated
more towards the reverberant corridor. For 6 VRSs, the
un-rotated condition results in a considerably larger inter-
aural coherence compared to 96 VRSs, given that four
VRSs are in the sagittal plane and produce no interaural dif-
ferences and one VRS is to the right of the listener. The VRS

Figure 5. Coherence function estimates between two

omnidirectional receivers at 170 mm (top panel) and 15.6 mm

distance (bottom panel). The reference function for an ideal

spherically isotropic sound field is shown as a thick solid line. The

dashed lines show the coherence functions for the 86-channel

loudspeaker array with weighted incoherent loudspeaker signals

(86 CH) and for 87 incoherent sources distributed as a Fibonacci

lattice (FIB). DIR: direct spatialization of the virtual reverberation

sources (VRSs) (dotted traces), VBAP: spatialization of the VRSs

via VBAP in the 86-channel loudspeaker array (solid traces).

VBAP 10k refers to 9999 VRSs.
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to the left is largely attenuated, representing the highly absor-
bent wall in the spatially subsampled rendering. For any
higher number of VRSs, the interaural coherence is
reduced, as more VRSs outside the sagittal plane introduce
interaural differences. Likewise, for the rotated condition,
two VRSs of the overall five active VRSs are moved out of
the sagittal plane, reducing interaural coherence. It is likely
that the interaural coherence changes for the rotated condi-
tion, explaining the reduced detection rates. A similar
effect of rotation was observed in Hiyama et al. (2002) for
rendering a diffuse sound field with only four horizontally
arranged speakers. In their study, the 45° rotated array,
with all loudspeakers introducing interaural differences,
was preferred over the (un-rotated) arrangement with two
loudspeakers (front, back) in the sagittal plane. The slight
increase in detection likelihood for 12 VRSs with the
rotated condition with pink bursts and the absence of such
an increase for 24 and 48 VRSs might indicate that 12
VRSs overall just barely meet the requirements and a
higher number of VRSs would be beneficial in some
applications.

The effect of rotation on interaural coherence is also assessed
in the following technical evaluation for the isotropic case.

Technical Evaluation

Isotropic Sound Field Reproduction
The top panel of Figure 5 shows coherence function esti-
mates for two omnidirectional receivers spaced at 170 mm
(ear distance) in the frequency range up to 8 kHz. The analyt-
ically derived reference function for an ideal spherically iso-
tropic sound field is represented by a thick black solid line.

First, to separate the effect of loudspeaker array topology
and VRS, the closest approximation of an isotropic sound
field possible in the specific 86-channel loudspeaker array
is shown as VBAP 10k (solid red) representing 9999 VRSs
spatialized via VBAP, and 86 CHs (dashed red) representing
86 incoherent noises with relative power identical to the
VBAP 10k case. For both, a very similar approximation of
the reference function is observed up to about 4.3 kHz. For
higher frequencies, deviations occur caused by the finite
number of loudspeakers as well as by the inhomogeneous
distribution of the loudspeakers on a sphere which will
affect all VRS renderings. In comparison, for a spatially
more homogeneous distribution of 87 loudspeakers on a
sphere according to a Fibonacci lattice (FIB, dashed pink),
smaller deviations occur for higher frequencies.

Second, to separate the effect of the number of VRSs and
VBAP in the loudspeaker array, coherence function estimates
for 6, 24, and 96 incoherent VRSs with VBAP-based spatia-
lization (VBAP; solid lines) and without VBAP (DIR; dotted
lines) are shown in Figure 5. The functions for DIR would be
achieved if physical loudspeakers were present at the posi-
tions of the VRSs (see Figure 2) or in the case of binaural

rendering to headphones using HRTFs for the respective
VRS positions. For VBAP, multiple loudspeakers typically
represent a single VRS, thus introducing partial coherence
of the loudspeaker signals. For 6 VRSs, the VRS positions
match those of the loudspeakers, resulting in identical peri-
odic coherence function for VBAP and DIR for the
170 mm spacing in the top panel of Figure 5, beginning to
diverge from the reference at about 700 Hz. For 24 VRSs,
the VRS positions do not match those of the loudspeakers

Figure 6. Coherence ranges for pairs of 170 mm (top and

middle panel) and 15.6 mm (bottom panel) spaced

omnidirectional receivers throughout a full azimuth rotation in

relation to the 86 channel loudspeaker array for different number

of virtual reverberation sources (VRSs). For an ideal reproduction

of the isotropic sound field, the range would be infinitely narrow

and follow the solid black reference curve. As an example,

coherence functions for 6 VRSs at a receiver orientation of 0° and

60° are illustrated in the top panel.
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and the VBAP and DIR coherence function estimates diverge
at higher frequencies, following the reference up to a fre-
quency of about 1.7 kHz. With 96 VRSs, 82 of the 86 loud-
speakers are used for VBAP due to the inhomogeneous
loudspeaker distribution and coherence starts diverging
from the reference above about 4.3 kHz. Without VBAP
(DIR 96, dotted), using 96 spatially uniformly distributed
VRS optimized for sphericity, the reference is approximated
more accurately even above 4.3 kHz.

For clarity, only the selected coherence function estimates
for 6, 24, and 96 VRSs are shown in Figure 5. For all
numbers of VRSs, assessment of the coherence curves for
170 mm receiver spacing yielded estimates of the upper fre-
quency limit of correspondence (± 0.1) with the reference
curve of 0.7, 1.4, 1.7, 3, 3.3, 4.3 kHz for 6, 12, 24, 48, 96,
9999 VRSs, respectively.

For the receivers at BTE-distance (15.6 mm spacing
between front and rear, bottom panel of Figure 5), as
expected from theory, the closer receiver spacing allows
for a considerably better approximation of the reference
coherence (± 0.1) up to at least 5 kHz even for 6 VRSs,
and at least 8 kHz for higher number of VRSs. Here, the
reference curve only decays to a coherence of about 0.4 at
8 kHz and the first zero crossing occurs at 11 kHz outside
the depicted range in contrast to 1 kHz for the 170 mm
case in the top panel of Figure 5.

Receiver Rotation
To investigate the effect of head rotations in VAEs, rotation
in the horizontal plane ranging from 0° (as used before) to
358° in 2° steps was assessed for the 170 and 15.6 mm
spaced receiver pairs for different numbers of VRSs.
Figure 6 shows the maximum and minimum range of the
coherence function estimates as shaded areas outlined by dif-
ferent line styles (see legend). In an ideal isotropic sound
field, coherence would be independent of the rotation and
follow the reference function (solid black). For the 170 mm
spacing (upper and middle panel of Figure 6), coherence
ranges are narrow and follow the reference curve indepen-
dent of the number of VRSs below 700 Hz. Above 700 Hz,
the coherence ranges diverge the more as the number of
VRSs becomes smaller. Particularly for the lowest number
of 6 VRSs (upper panel), a wide coherence range is already
observed above 1 kHz. To further assess the variability of
the coherence for 6 VRSs, two example curves for 0°
(replotted from Figure 5) and 60°, as used in the psycho-
acoustic experiments (condition A, Ar) are shown. The
upper frequency, for which the maximum deviation of coher-
ence can be considered reasonably close (± 0.1) to the refer-
ence, is about 0.7 kHz for 6 VRSs, 1.1 kHz for 12 VRSs,
1.5 kHz for 24 VRSs, 2.3 kHz for 48 VRSs, and about
2.5 kHz for 96 VRSs.

For the receivers at BTE-distance (15.6 mm spacing,
bottom panel of Figure 6) the effect of rotation is

considerably smaller and all coherence function estimates
for more than 6 VRSs are close to the reference function
(± 0.1) up to 8 kHz and higher. For 6 VRSs, this limit is
reached at about 5 kHz.

Comparison to Measured BRIRs
As an example of a typical VAE application, the interaural
(between eardrums) and BTE coherence for measured
BRIRs in the staircase are shown in Figure 7 (solid black
line) in comparison to simulated BRIRs rendered via
VBAP in the loudspeaker array. Since the BRIRs also
contain direct sound and early reflections, the resulting
signals are not a test case for the isolated reproduction of iso-
tropic late reverberation, but better reflect conditions that
might occur during a listening tests or hearing aid evaluation
in a VAE. The limited set of 6, 12, and 24 VRSs was chosen
for increased clarity in the figure and these numbers of VRSs
are expected to show the largest effects based on the results
so far.

Coherence functions between the two eardrum channels
(binaural, upper panel) are conceptually comparable to
those of the 170 mm spaced omnidirectional receivers in
the evaluation of the isotropic late reverberation. Both simu-
lated and measured curves show a similar behavior up to a

Figure 7. Coherence function estimates for simulated and

measured (solid black line) binaural (top panel) and

behind-the-ear (BTE) (bottom panel) impulse responses in the

example staircase room.
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frequency of about 700 Hz for 6, 12, and 24 VRSs. At higher
frequencies, 6 VRSs result in a higher coherence than the
measured reference, as can be expected from the reproduc-
tion of the isotropic diffuse field (compare to upper panel
of Figure 5). The simulations utilizing 12 VRSs start to
deviate from the reference at about 700 Hz while 24 VRSs
follow the reference more closely up to above 1 kHz. At
about 2.3 kHz, both simulations show a peak in the coher-
ence which is not present in the measurement and then
approximate the measurement again up to 2.6 kHz. Above
2.6 kHz, the simulated coherence for 12 and 24 VRSs is gen-
erally higher than in the measurement. The differences
between 12 and 24 VRSs are comparatively small and no sys-
tematic behavior is apparent. For higher number of VRSs
(not shown here) similar results to 24 VRSs are obtained.

For the BTE microphones (15.6 mm spacing, bottom
panel of Figure 7), all coherence function estimates indepen-
dent of VRS number and the measurement are very similar
up to about 2 kHz. Up to 5 kHz, the simulations show a rea-
sonably close approximation of the measured coherence,
with increasing divergence from the measurement for
higher frequencies. Larger errors are observed for 6 VRSs
compared to 12 and 24 VRSs.

Discussion
Number of VRSs and array topology. A large effect of the
number of VRSs and rotation, as well as of array topology
on coherence was observed for the ear distance (170 mm)
spacing: Independent of the concept of VRSs for rendering
diffuse late reverberation, the inhomogeneous distribution
of loudspeakers on the spherical surface of the investigated
86-channel loudspeaker array leads to a decrease in accuracy
for the reproduction of spherical isotropic sound fields above
4 kHz when compared to the spatially more evenly distribu-
ted Fibonacci-lattice layout with a similar number of loud-
speakers. Often, the reproduction of diffuse reverberation
is, however, not the only goal. In many listening scenarios,
auditory objects tend to be predominantly located in the hor-
izontal plane, where an inhomogeneous layout can minimize
rendering artefacts of the direct sound. Also, the reproduction
of cylindrical isotropic sound fields (not shown here) benefits
from the high spatial resolution in the horizontal plane. The
comparison between renderings with and without VBAP
shows a detrimental effect of the inhomogeneous array topol-
ogy for larger numbers of VRSs for which the geometrical
sphericity of the spatial VRS distribution is high.
Nevertheless, any increase in the number of VRSs still
results in an increase of the upper frequency limit for accurate
reproduction for the different numbers of VRSs considered in
this study.

Relation to Perception. In the perceptual findings, 12 or more
VRSs were indistinguishable from the highest spatial resolu-
tion of the reverberation rendering for a majority of listeners.

This coincides with an accurate reproduction of sound field
coherence up to at least 1.5 kHz for the 170 mm spaced
omnidirectional receivers and a reasonable approximation
of coherence in that frequency range in the ear drum channels
(staircase example), in line with the upper frequency limit for
sensitivity to ITDs commonly found in literature (e.g.,
Brughera et al., 2013; Klumpp & Eady, 1956; Zwislocki &
Feldman, 1956). Given that listeners are less sensitive to
changes in coherence when values are close to zero (e.g.,
Robinson & Jeffress, 1962), it is likely that inaccuracies at
higher frequencies, where coherence generally drops to low
values in the simulations as well as in the reference case,
are perceptually less relevant. The observed deviations in
coherence below 1.5 kHz for more than 12 VRSs in the simu-
lations considering rotation (Figure 7) as well as in the test-
case scenario are well within the more recently derived
narrow-band JNDs stated by Walther and Faller (2013).
However, given that other cues besides interaural coherence
might contribute to the auditory spatial impression, only
limited conclusions can be drawn from the technical
evaluation.

The strong fluctuations of coherence for rotation of the
170-mm-spaced receiver for low numbers of VRSs (see,
e.g., 0° and 60° for 6 VRSs in the upper panel of Figure 7)
likely played a role in the results of the perceptual evaluation
for the rotated condition, although the isotropic case in the
technical evaluation and the anisotropic case in the percep-
tual evaluation are not directly comparable. Thus, consider-
ing head rotations, the technical evaluation suggests that an
increased number of VRSs might be beneficial when deviat-
ing from a static (optimal) alignment of head orientation and
loudspeaker array. An additional parameter that may become
relevant in practical applications is the relative orientation of
the VRSs and the loudspeaker array. However, this parameter
was kept fixed by exploiting rotational symmetry of the array
geometry and hence kept out of the scope of this study.

Based on both perceptual and technical findings, 12 direc-
tions can thus be generally considered sufficient for the
spatial rendering of late reverberation. In more critical condi-
tions with strong inhomogeneity in late reverberation, 24
directions are required.

BTE Microphones and Hearing Aid Algorithms. The isotropic
sound field reproduction for the BTE inter-microphone
spacing of 15.6 mm showed a close approximation of the
reference coherence up to at least about 5 kHz even for 6
VRSs. For the staircase test case an accurate reproduction
of coherence up to about 4,500 Hz can be achieved with 12
or more VRSs. This covers the entire frequency range that
is most commonly used for hearing aid signal processing.
The performance that can be expected from any multimicro-
phone hearing aid signal processing algorithm would have to
be evaluated individually, depending on the assumptions
about the sound field (also beyond coherence) and error tol-
erance of that particular algorithm.
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In line with the current findings, Grimm et al. (2015)
showed that for a horizontal loudspeaker array, the function
of a monaural adaptive differential microphone showed no
further improvement for more than eight loudspeakers in
the frequency range up to 4 kHz. For a binaural noise reduc-
tion algorithm, using the larger ear distance, at least 18 loud-
speakers were required, in agreement with the higher number
of VRSs required in the current study to approximate coher-
ence for the ear distance. Considerably higher numbers of up
to 72 loudspeakers were only required in Grimm et al. (2015)
for off-center positions in the loudspeaker array, which were
not considered here.

The current findings are also in general agreement with
relatively faithful reproduction of interaural cross-correlation
observed in a spherical 29-loudspeaker loudspeaker array by
Cubick and Dau (2016), and the faithful performance of
binaural hearing aids in a spherical 41-loudspeaker array as
observed by Oreinos and Buchholz (2016) which is broadly
comparable to the 48 VRSs conditions for the reproduction
of an isotropic sound field. However, their ambisonics-based
loudspeaker driving functions and conditions differ from the
current study, making a more detailed comparison difficult.

Application to Real-Life Scenarios and Limitations. The simula-
tion of the highly reverberant staircase example case
showed a reasonably accurate reproduction of the interaural
coherence for the perceptually relevant frequency range up
to 1 – 1.5 kHz. The similarities in the observations for both
the simulated isotropic sound field and the example case
suggest that the proportion of energy in the late reverberation
in comparison to the energy in the total impinging sound is
large enough to play a significant role in the coherence of
the receiver signals. With shorter reverberation times, this
proportion is expected to be smaller and the relevance of
spatial reproduction of late reverberation might be reduced.
However, a relaxation of the rendering requirements could not
be confirmed by the seemingly room-independent perceptual
results for rooms with isotropic reverberation as presented in
Experiment 1: Isotropic Late Reverberation.

While RAZR was used as specific implementation to find
the parameters that determine the minimum number of VRSs,
the current considerations are universally applicable to other
implementations of late reverberation rendering, provided
they generate incoherent VRS signals. Similarly, the loud-
speaker array geometry that has been the basis for the inves-
tigations is not universal, but not atypical in terms of layout
and number of loudspeakers and provides an orientation for
applications in other arrays.

Conclusions
For simulating virtual acoustic environments, three-dimensional
late reverberation is often approximated by a limited number of
discrete directions, from which incoherent late reverberation
signals are rendered (virtual reverberation sources). A low

number of VRSs reduces computational complexity of the
underlying simulation and rendering. Considering human per-
ception and physical properties of the reproduced sound field
in VAEs, the following conclusions can be drawn:

• Perceptual evaluation shows that the ability of subjects to
discriminate a rendering with a lower number of VRSs
from the reference condition depends on the source mate-
rial. Deterministic transient stimuli reveal more differences
than random speech tokens, which can be assumed to better
represent applications using running speech.

• For approximately spherically isotropic late reverberation
of transient and speech stimuli, presented in a setting with
unconstrained head movements, 12 spatially evenly dis-
tributed VRS are indistinguishable from higher number
of VRSs. Anisotropic reverberation requires 12–24
VRSs, for the most critical case using a deterministic
pink pulse. In the technical analysis, these numbers coin-
cide with sufficiently close approximation of coherence at
ear distance up to 1.5 kHz or more.

• Variations in coherence at ear distance caused by rotation
of the head relative to the VRSs are particularly critical for
the lowest number of 6 VRSs assessed in the current
study. Although such a low number might be acceptable
for applications limited to running speech and isotropic
reverberation, it can generally not be recommended for
applications where the head can be freely moved in rela-
tion to the VRSs.

• At ear distance, reproduction of sound field coherence is
affected by both the arrangement of a particular loud-
speaker array and the number of VRSs. In the current
spherical 86-channel loudspeaker array using VBAP for
rendering of the VRSs, interaural coherence for the spheri-
cally isotropic case was reproduced up to 3.3 kHz for the
highest number of 96 VRSs and for a real-life test scenario
of a simulated staircase room up to at least 1.5 kHz for 12
and more VRSs.

• For a typical BTE microphone spacing, coherence can be
well reproduced up to at least 5 kHz with 12 VRSs for all
conditions considered here. For higher number of VRSs,
no further improvements are observed in the considered
frequency range up to 8 kHz.
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Note
1. A Gaussian distribution of the individual scores per experiment

condition can only be assumed for the majority of the data
according to Shapiro-Wilk testing, given that the results for 6
VRSs are at the upper range of the measured scale. Sphericity
was (Mauchly’s test) was not violated.
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