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For computational efficiency, acoustic simulation of late reverberation can be simplified
by generating a limited number of incoherent signals with frequency-dependent exponential
decay radiated by spatially distributed virtual reverberation sources (VRS). A sufficient num-
ber of VRS and adequate spatial mapping are required to approximate spatially anisotropic
late reverberation, e.g., in rooms with inhomogeneous distribution of absorption or for cou-
pled volumes. For coupled rooms, moreover, a dual-slope decay might be required. Here, an
efficient and perceptually plausible method to generate and spatially render late reverbera-
tion is suggested. Incoherent VRS signals for (sub-) volumes are generated based on room
dimensions and frequency-dependent absorption coefficients at the boundaries. For coupled
rooms, (acoustic) portals account for effects of sound propagation and diffraction at the room
connection and energy transfer during the reverberant decay process. The VRS are spatially
distributed around the listener, with weighting factors representing the spatially subsampled
distribution of absorption on the boundaries and the location and solid angle covered by por-
tals. A technical evaluation and listening tests demonstrate the validity of the approach in
comparison to measurements in real rooms.

0 INTRODUCTION

Room acoustics simulation and virtual acoustic environ-
ments (VAEs) enable the auralization of existing or not
(yet) existing spaces with applications ranging from archi-
tectural planning [1] to entertainment [2, 3]. Because of
their potentially high ecological validity [4–6], VAEs have
also gained interest as tools for psychoacoustic research
and hearing aid development [7–10].

For many of these applications, computational efficiency
is important to allow for interactive real-time updates with
six degrees of freedom (6-DOF) for movement of sources
and receivers. Thus, simplifications of the underlying room
acoustics simulation and the rendering are desirable.

In enclosed spaces, (early) reflections at boundaries and
reverberation occur in addition to the direct sound. Whereas
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the direction of individual early reflections might be per-
ceivable, late reverberation results from a superposition of
many densely spaced reflections that are spatially more
or less evenly distributed. Depending on room geometry,
the presence of coupled (sub-) volumes, and the spatial
distribution of sound absorption at the boundaries, the re-
sulting diffuse late reverberation can be considered spher-
ically isotropic or might contain limited spatial directivity
[11–15] and direction-dependent multi-slope decays (e.g.,
[16]). Thus, for room acoustics simulation and rendering
of sound fields in VAEs, computationally-efficient meth-
ods that provide diffuse late reverberation with appropriate
spatial resolution and spatio-temporal decay characteris-
tics are of interest. Particularly, applications focusing on
human perception and behavior in the VAE might allow
for simplifications of the simulation and rendering of late
reverberation without altering the perceived sound field.

Room acoustics simulations are often based on geomet-
rical acoustics in the form of image-source models (ISMs)
[17, 18], ray tracing [19, 20], radiosity [21], and radiance
transfer [22]. Using statistical assumptions, even more com-
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putationally efficient reverberation algorithms like feed-
back delay networks (FDNs; [23]) can be applied for gen-
erating reverberated signals (e.g., [16, 24]), which, however,
lack in accurately modeling room geometry. In hybrid ap-
proaches, simplified statistical methods, which fulfill per-
ceptual requirements for late reverberation, can be com-
bined with more accurate geometrical acoustic models for
early reflections. An ISM for early reflections and raytrac-
ing to calculate the spatiotemporal energy distribution of
scattered reflections and late reverberation were combined
in [25]. An ISM and spatialized FDN for late reverberation
were combined in [26].

Perceptual evaluations in [27] showed that a high de-
gree of perceptual plausibility can be achieved with current
room acoustics simulation methods, for a variety of large
and small rooms, including two rooms coupled by a door
opening. However, [28] showed that many approaches can-
not successfully account for dual-slope decays observed
in the latter case. In addition to a dual slope decay, of-
ten a sloped onset of the room impulse response (RIR)
is observed instead of a pronounced initial peak caused
by the unobstructed direct sound and early reflections. In
such a case, diffracted direct sound and early reflections
for sources in the connected room can result in challenging
daily-life communication scenarios in home environments,
particular for elderly or hard-of-hearing people. Accord-
ingly, such acoustic scenarios are of interest for ecologically
valid VAEs (see, e.g., [29]).

In the room-simulation approaches discussed before, late
reverberation is typically rendered using a number of (in-
coherent) late reverberation signals that are spatially evenly
distributed around the listener, using an FDN (e.g., [26]) or
incoherent decaying noises with a spectral profile match-
ing the frequency-dependent reverberation time (e.g., [30]).
Such virtual reverberation sources (VRS) can be played
back on physical or virtual loudspeakers in a loudspeaker
array, or alternatively, they can be spatialized through head-
related transfer functions (HRTFs) on headphones. Using
these methods, a diffuse sound field can be approximated
by superposition of incoherent sounds from many direc-
tions (for a review of theoretical approaches see, e.g., [31]).
The spatial resolution of late reverberation simulation and
rendering is therefore determined by the number of (inco-
herent) late reverberation signals.

Regarding the perception of diffuse sound fields, [32]
found that a specific horizontal arrangement of only four
sound sources separated by 90◦ can already be sufficient to
reproduce the spatial impression of a diffuse sound field.
With such a low number, however, the results were strongly
dependent on the position of VRS with regard to the listener.
This is problematic in VAE applications, in which listeners
can freely rotate their heads.

Although an isotropic late reverberant field is approxi-
mated in the case of a completely homogeneous distribu-
tion of absorption coefficients at all boundaries, a more
critical case regarding spatial resolution of late reverbera-
tion occurs for inhomogenously distributed absorption co-
efficients and in the case of coupled (sub-) volumes with
connecting openings. Such a critical test case was assessed

in [33], using a spatial mapping method for inhomogeneous
boundary conditions in shoebox shaped rooms [34]. They
have shown that 12–24 VRS are perceptually sufficient in
a single room with anisotropic late reverberation, depend-
ing on the stimulus. Although [33] provides an estimate of
the perceptually required spatial resolution for anisotropic
late reverberation, there is no comparable computationally
efficient method available that is also applicable to more-
complex room geometry and coupled rooms (or generally
coupled volumes with connecting openings).

In the current study, computationally efficient methods to
generate and spatially render isotropic and anisotropic late
reverberation are suggested for single and coupled rooms.
For simplicity, a “proxy” shoebox approximation of each
single room geometry is created with the room acoustics
simulator RAZR [26]. Based on the concept of “portals”
originally applied for visibility determination in interactive
computer graphics [35–38], and later also adopted in virtual
acoustics (e.g., [25]), acoustic portals are used to handle
effects of diffraction and energy transfer between volumes
in a simplified and computationally efficient way.

In a first step, spatial rendering of late reverberation was
addressed in a simulated room with one highly absorbing
wall covering various solid angles [or field of view (FOV)]
from the listener position as used earlier in [33, 34]. For
this purpose, a simplistic, highly efficient spatial subsam-
pling method is suggested to map the spatial distribution
of reflection coefficients at the shoebox room boundaries
to weighting factors for the VRS. An alternative method
for arbitrary room geometry is suggested and compared
to the shoebox room method. For technical evaluation, the
coherence between the two ears of a head and torso simula-
tor in the sound field generated by the VRS was analyzed.
The number of VRS was varied from low spatial resolution
(six VRS) to high spatial resolution (96 VRS). Interaural
coherence (IC) is considered relevant for psychoacoustic
processes (e.g., [39, 40]) and has been suggested as a suit-
able metric for assessing the reproduction quality of diffuse
sound fields (e.g., [32, 41]). Additionally, the frequency-
dependent interaural level difference (ILD) was assessed.

In a second step, two rooms connected by a typical door
opening were considered. Each room was simulated by its
proxy shoebox with early reflections undergoing a strongly
simplified low-pass diffraction filter (see e.g., [42]) when
passing the portal. For diffuse late reverberation, coupling
of the room volumes through an aperture surface based on
[43] was used. Late reverberation from the receiver and
neighbor room is rendered using 12 VRS. Depending on
the listener position relative to the aperture (door), the spa-
tial distribution of the VRS emitting the late reverberation
from the neighbor and receiver room were adapted to en-
able a smooth transition while passing through the door.
The VRS were spatially mapped around the listener’s head
such that the solid angle covered by the door was correctly
represented.

For the technical evaluation, energy decay curves were
measured for a variety of source and receiver positions in
different connected rooms and compared to the simula-
tion. A psychoacoustic experiment was conducted to assess
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differences on spatial audio quality features between the
measured and simulated rooms using headphone auraliza-
tion.

1 INHOMOGENEOUS BOUNDARY CONDITIONS

1.1 Basic Room Acoustics Simulation Method
RAZR [26] generates perceptually plausible room im-

pulse responses (RIRs) using a hybrid ISM/FDN approach.
To achieve high computational efficiency, the ISM uses
a shoebox approximation of room geometry. By default,
RAZR computes discrete early (specular) reflections up to
the third reflection order in the ISM. The reverberation tail
is generated by a 12-channel FDN, which is fed by the
last order of reflections from the ISM. The output chan-
nels of the FDN are used as VRS that are spatially mapped
to the same number of discrete locations on a listener-
centered cube, aligned with the six walls of the “proxy”
shoebox room (reverberation cube mapping). In this de-
fault setting, the spatial resolution of the late reverbera-
tion is a result of 12 discrete directions (two representing
each wall) spatially evenly distributed around the listener.
The frequency-dependent absorption coefficients of each of
the six walls determines a wall-specific “absorption filter,”
which is applied to the respective two FDN outputs in two
VRS representing each wall. Perceptual plausibility of the
resulting room acoustics simulations was demonstrated by
favorable performance in comparison to other state-of-the-
art approaches ([27], see algorithm B in their Fig. 8).

1.2 Extension to Inhomogeneous Boundary
Conditions for Shoebox Geometry

In the current study, RAZR was adapted to generate six,
12, 24, 48, or 96 VRS, equivalent to one, two, four, eight,
and 16 VRS per surface of the underlying shoebox room. To
ensure similar spectro-temporal characteristics of the FDN
output throughout evaluation and avoiding subtle timbre
changes in the resulting reverberant tail due to a variation
of the number of FDN channels [44, 45], the FDN always
operated with the highest number of 96 channels, indepen-
dent of the number of rendered VRS. The 96 FDN outputs
were directly used for 96 VRS and downmixes with 48, 24,
12, and six VRS were generated in a sequential procedure
by adding pairs of the FDN output channels.

The VRS were spatially distributed according to the di-
rections of vertices of polyhedra, centered on the listener
and directionally aligned with the (shoebox) room bound-
aries. The polyhedra had a number of vertices equivalent
to the number of VRS and were optimized for geometrical
sphericity [46], which ranged from 0.86 for six VRS to
0.99 for 96 VRS. For six VRS, the resulting directions are
orthogonal to each other, and for 12 VRS, they correspond
to points lying on the diagonals of the surfaces of a room-
aligned cube (similar to the original alignment suggested
in [26]). Directions for 24 and more VRS were based on a
combination of one, two, and four snub cuboctahedra (snub
cubes).

In rooms with an inhomogeneous distribution of acoustic
absorption, e.g., a shoebox room with one highly absorb-
ing wall, and otherwise more reflective walls, anisotropic
late reverberation will occur. The spatial distribution of
late reverberation depends on the distance of the listener to
the absorbing wall, affecting the solid angle (or FOV) oc-
cupied by the wall. In the extreme case of a listener being
very close to one completely absorbing wall, no reverberant
sound energy impinges from the hemisphere occupied by
the absorbing wall. To cope with the general case of differ-
ent arbitrary absorption coefficients per wall (representing
the average absorption coefficient of the room geometry
approximated by the walls of the proxy shoebox room),
RAZR was extended by a spatial sampling routine to cal-
culate the absorption filters applied at the output of each
delay line of the FDN that maps to the VRS. Dependent on
the listener’s position in relation to the boundaries, result-
ing FOV occupied by each boundary, and direction of the
VRS in relation to the boundaries, the contribution of the
absorption coefficients to the absorption filter at the FDN
output for the respective VRS were blended.

Fig. 1 shows a two-dimensional representation of an ex-
ample case for a number of 48 VRS [Fig. 1(a)] and eight
VRS [Fig. 1(b)] in the horizontal plane. Here, an elongated
room is shown, and the receiver is placed close to the upper
+y wall. The dashed lines are along the x and y directions
and coincide with the (axis-aligned) wall normals. The in-
ner circle of crosses (color online) shows a straightforward
approach in which the absorption coefficients of a respec-
tive wall are directly projected onto the VRS. Although
this simplistic approach appears feasible for a high num-
ber of VRS [Fig. 1(a)], it is unsuited for lower numbers
of VRS [Fig. 1(b)], in which the lower –y wall would not
be represented at all. Moreover, for a moving listener, the
lower –y wall may become represented in a discontinuous
manner, which would lead to potentially audible artefacts.
Therefore, an efficient spatial sub-sampling that allows for
smooth transitions within interactive environments has to
be devised.

To achieve a smooth sampling for arbitrary number and
positions of VRS, the space around the receiver position
was divided in octants (quadrants in the depicted two-
dimensional case in Fig. 1, as indicated by the dashed lines).
In each octant, the VRS direction vectors (from receiver to
VRS) were divided elementwise by the vector from the re-
ceiver to the shoebox corner (vertex, thin dash-dotted lines)
contained in the octant, and then normalized. The resulting
warped VRS position of index k can be expressed as

−−→
VRSw,k =

−−→
VRSk � �Vn,abs

‖−−→VRSk � �Vn,abs‖
, (1)

where
−−→
VRSk = [xk yk zk] is the original VRS position, � is

the Hadamard (elementwise) division operator, and �Vn,abs is
the vector of absolute values of the room vertex coordinates
relative to the receiver in the octant n. This transformation
warps the vectors from the receiver to the eight vertices
of the shoebox to represent a receiver-centered cube. Like-
wise, all k VRS directions are warped in such a way that a

188 J. Audio Eng. Soc., Vol. 71, No. 4, 2023 April



PAPERS SIMULATION OF LATE REVERBERATION

Fig. 1. Left panels: Distribution of virtual reverberation sources (VRS) (crosses) around the listener (black circle) in a room (rectangle)
with 48 VRS (a) and 8 VRS (b). Colors (online) represent reflection coefficients associated with particular boundary surfaces of the
room. Inner circle: simple assignment of VRS to a certain boundary based on projection. Outer circle: smooth, weighted assignment
based on warping on the VRS directions. Right panels: VRS directions (black crosses) and directions of the room corners (dash-dotted
lines) before warping (c) and after warping (d).

VRS on the room corner appears exactly on the according
cube vertex. Figs. 1(c) and 1(d) [Fig. 1(c), before warping;
Fig. 1(d), after warping] show the effect of warping in the
depicted two-dimensional representation. The dash-dotted
lines to the edges (vertices) appear under an angle of 45◦,
exactly on the diagonals between the normals of the two
walls in each quadrant after warping [Fig. 1(d)].

Using the warped VRS directions, the contributions of
the reflection coefficients of each of the orthogonal shoebox
walls are calculated using vector base amplitude panning
(VBAP; [47]) with the inverted (outside-pointing) wall nor-
mals as vector base. Eq. (18) from [47] is therefore adapted
to yield the contribution �gk = [g1 g2 g3] of the absorption
coefficients of the three intersecting walls in each octant
with the normal vectors n1, n2, n3 to the filtering applied
to a particular VRS with index k:

�gk = −−→
VRSw,k

⎡
⎣n1,x n1,y n1,z

n2,x n2,y n2,z

n3,x n3,y n3,z

⎤
⎦

−1

. (2)

For an axis-aligned shoebox room, �gk simplifies to the

absolute values of each element of
−−→
VRSw,k. The resulting

spatially (sub-) sampled absorption coefficient ak (typically
computed for multiple frequencies), which serves as a basis
for designing the absorption filter for each VRS, is

ak = �gk

⎡
⎣α1

α2

α3

⎤
⎦ , (3)

where α1, α2, α3 are the absorption coefficients of the re-
spective walls in the octant.

Following this method, a VRS at a room corner receives
an identical contribution from all three walls (two in the
depicted two-dimensional case). In a case in which the
listener is close to a highly absorbing boundary, the corre-
sponding VRS in the FOV, defined by the “view” frustum
from the receiver to the four shoebox vertices of the bound-
ary now emits significantly less energy than the other VRS,
mimicking that no or reduced sound energy in the late re-
verberant field can emerge from that boundary. The farther
the listener moves away from the absorbing boundary, the
smaller the surface’s FOV and the fewer VRS are affected.

Depending on the overall number of VRS, the spatial reso-
lution for representing the absorbing boundary, as observed
from the listener position, is reduced. This results in an
increasingly blurred spatial representation with decreasing
number of VRS. It is assumed that the highest number of
96 VRS applied here is sufficiently high to serve as a ref-
erence condition for evaluation of spatial resolution of late
reverberation with all 96 FDN channels mapped to separate
VRS.

1.3 Generalized Approach for Arbitrary
Geometry

An alternative, computationally more expensive exten-
sion of the above approach to arbitrary room geometry is
based on ray tracing and a triangulated representation to
the room. In the simplest case, each wall of a shoebox
room is represented by two triangles. The underlying idea
is again to obtain a fast, spatially subsampled representa-
tion of the distribution of absorption coefficients, assuming
that each triangle has absorption coefficients assigned. The
absorption coefficients around the listener are sampled by
intersecting a uniform distribution of directions originating
from the listeners with the surface triangles. For non-convex
geometries, the triangle with the intersection point that is
closest to the listener is used to account for visibility.

Here, a deterministic ray-tracing approach was imple-
mented, based on the 96 directions of the highest available
VRS resolution. When 96 VRS are rendered, each VRS is
assigned the absorption coefficient αs of the triangle that
is intersected by its respective “scanned” direction. If a
smaller number of VRS is rendered, a subsampling of the
scanned directions is performed, using weighting coeffi-
cients ws,k based on a dot product between the scan direc-
tion unit vector �vs and VRS direction unit vector �vk

ws,k = (�vs · �vk)β. (4)

Negative dot products are set to a value of 0, resulting in
a direction-dependent weighting. The –3-dB lobe width for
the resulting (directivity) weighting function is determined
by β. The lobe width is adjusted for numbers of K VRS

J. Audio Eng. Soc., Vol. 71, No. 4, 2023 April 189



KIRSCH ET AL PAPERS

Fig. 2. Virtual corridor. Source positions are shown as crosses;
receiver positions and orientation are shown by the nosed balls.
The highly absorbing surface is shaded. The distances to the highly
absorbing surface were chosen so that the horizontal field of views
(FOV) was approximately 170◦, 110◦, 70◦, and 30◦ for position
A, B, C, and D, respectively.

according to β = K/6, resulting in 90◦ for K = 6. The
weighted absorption coefficient for each VRS is

ak = �ws,k · �αs∑
ws,k

, (5)

where �ws,k and �αs are vectors of the weights and absorption
coefficients for all scanned directions. Eq. (5) is typically
calculated for absorption coefficients at multiple frequen-
cies. For a static VRS arrangement, the weights ws,k remain
unchanged and can be pre-calculated.

For detailed geometry, the deterministic scanning direc-
tions can result in missing surfaces that cover a small FOV
from the listener, depending on the listener position. To
avoid artifacts for moving listeners, temporal averaging
methods can be applied. Additionally, randomized direc-
tions or triangle-based directions can be included.

1.4 Technical Evaluation
1.4.1 Virtual Room

A corridor (Fig. 2) with the dimensions 24 m × 8 m ×
6 m and inhomogeneous absorption coefficients was used
for the evaluation of the proposed method. One of the small
surfaces (shaded) at the end of the corridor was highly ab-
sorbing (with an absorption coefficient α = 0.99 for all
frequencies), whereas all other surfaces were quite reflec-
tive (α = 0.01 to 0.11 from 125 Hz to 8 kHz). The resulting
reverberation time ranged from approximately 1.3 s at 125
Hz to 0.8 s at 8 kHz.

Four source-receiver–position combinations were con-
sidered to vary the solid angle (or 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 to the highly ab-
sorbing 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 to the highly
absorbing wall, so that a wide range of different FOVs of
the absorbing wall was obtained. The default receiver ori-
entation was toward the sound source (azimuth angle of 0◦)
for all combinations (denoted A–D, see Fig. 2).

1.5 Results
IC and ILD were estimated using the FABIAN HRTF

database [48] in the late reverberant sound field (disregard-
ing early reflections and direct sound), rendered using the
VRS directions. For this technical evaluation, instead of us-
ing the uncorrelated outputs of the FDN, independent Gaus-
sian noises were used as output of the VRS, which received
the weights according to the suggested spatial sampling
method.

The frequency-dependent IC estimates Clr ( f ) between
the signals l and r in both ears were calculated according to

Clr ( f ) = �
(

Glr ( f )√
Gll ( f ) Grr ( f )

)
, (6)

where f denotes the frequency, � is the real-part operator,
and G represents the spectral density estimate according
to Welch. The calculations were performed for consecutive
time windows with a 75% overlap and a length of 512
samples at 44.1-kHz sampling rate to obtain an average
coherence estimate. The Gaussian noise VRS signals were
60 s in duration.

The ILD was calculated from the same simulated ear
signals l and r as

ILD( f ) = 10 log10
Gll ( f )/

Grr ( f ) . (7)

The left column of Fig. 3 shows the IC for increasing
numbers of VRS (top to bottom) for position A (close to
the absorbing wall) and position D (farthest away from
the absorbing wall). Intermediate results are observed for
positions B and C, which are not shown for clarity. The
dotted trace represents the approximation of the isotropic
case with the same output power assigned to all VRS instead
of the suggested weighting according to the inhomogeneous
distribution of absorption coefficients at the boundaries.

The results for positions A and D for 96 VRS are shown
for comparison in all panels (less-saturated thick traces).
Large deviations from the 96 VRS condition are observed
for six VRS (top panel) above about 400 Hz for the shoe-
box approach (solid traces), and there is no difference be-
tween positions A and D. The generalized approach (dashed
traces) deviates from 96 VRS above about 800 Hz, with only
position D closely resembling the coherence indicated for
the approximated isotropic condition (dotted trace). For an
increasing number of VRS, the IC gradually asymptotes
against that obtained for 96 VRS with deviations only oc-
curring at increasingly higher frequencies. Table 1 shows
the upper frequency limit above which clear deviations oc-
cur.

Differences between position A and D are generally small
and also become increasingly similar to those observed for
96 VRS with increasing number of VRS. As shown for
the “reference” case of 96 VRS, only small differences
in IC for positions A and D are observed for more than
six VRS, although very little sound energy impinges from
one hemisphere in position A. In position D, the results
already are virtually identical with those observed for the
approximated isotropic case (dotted traces).
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Fig. 3. Interaural coherence (left column) and interaural level
difference (right column) for 6–96 virtual reverberation sources
(VRS) (top to bottom) and different positions in the corridor as
indicated in the legend. Solid traces (color online) correspond to
the shoebox approach for mapping wall absorption coefficients to
VRS; thin dashed traces indicate the results of the generalized ap-
proach. The dotted trace shows the approximation of an isotropic
sound field with varying number of VRS. For reference, the results
for 96 VRS for position A and D are displayed by less saturated
thick lines in all panels.

Table 1. Heuristically determined frequency limit for
reasonably accurate sound reproduction compared to the

96-VRS reference. All values are in Hertz. Values in
parentheses are for the generalized approach if differences

occurred.

IC ILD

VRS A D A D

6 400 (800) 400 (800) 400 400
12 950 950 600 (5,000) 5,000
24 1,800 1,800 1,500 (>8,000) >8,000
48 3,000 3,000 >8,000 >8,000

IC = interaural coherence; ILD = interaural level difference; VRS =
virtual reverberation sources.

The right column of Fig. 3 shows the ILD for different
numbers of VRS and all positions A–D. Generally, ILDs
are largest for position A (close to the absorbing wall) and
decrease to near zero for the farthest position D, similar
to the ILD observed for the approximation of the isotropic
case (dotted). Remaining small ILDs are to be attributed to
the HRTF database used for simulation and the selection of
the nearest-neighbor directions in the database (according
to the VRS directions).

Again, large deviations from 96 VRS are mainly ob-
served for six VRS with the shoebox approach (solid), in
which the maximum ILD for position A (up to 5 dB) in the
depicted 8-kHz range is considerably smaller than for 96
VRS (up to 8 dB) and results are independent of the listener
position. The generalized approach (dashed) with six VRS
underestimates the ILD for position A in a frequency range
from about 1–3 kHz; however, a gradual decrease in ILD
for positions with decreasing FOV is observed. For 12 VRS,
the generalized approach matches ILDs from the 96 VRS
reference more closely than the shoebox approach, which
results in an overestimation (up to 10 dB). For larger num-
bers of VRS, both approaches gradually asymptote against
the result for 96 VRS. The right-hand columns in Table 1
indicate the upper frequency limit of reasonable agreement
with the 96 VRS case for A and D, which increases for
increasing number of VRS. Values in parentheses are for
the generalized approach if differences occurred.

In Fig. 4, IC (left column) and ILD (right column) are
displayed for different receiver orientations to assess the ef-
fect of rotational movements in the VAE using the shoebox
approach. The orientation of 0◦ (replot of traces from Fig.
3) refers to the orientation indicated in Fig. 2. Orientations
of 30◦ (dashed) and 60◦ (dotted) are clockwise rotations
towards the corridor. It is obvious that IC in the left column
is independent of rotation up to a frequency limit which
increases with the number of VRS. For six VRS, IC for
different rotations starts diverging around 500 Hz, and at
about 900 Hz for 12 VRS, 2,000 Hz for 24 VRS, and 3,000
Hz for 48 and 96 VRS.

The ILDs depicted in the left column of Fig. 4 show
that for any number higher than six VRS, there are no
major deviations in ILD depending on orientation for the
near-isotropic position D. An overall similar behavior is
observed for all orientations for more than six VRS at po-
sition A. For six VRS, strong deviations from 96 VRS
are observed for all orientations for the shoebox approach.
Here, the generalized approach is additionally shown (thin
traces), resulting in smaller deviations. Traces representing
the generalized approach are not shown in all other panels
for clarity, given that results are very similar to the shoebox
approach.

In summary, the technical evaluation shows a large de-
viation of the results for six VRS from those obtained with
higher numbers of VRS, particularly for the shoebox ap-
proach. The IC in the perceptually relevant range up to
1.5 kHz (e.g., [49–51]) is well approximated for 24 VRS
and more, whereas 12 VRS still result in deviations above
about 750 Hz (especially when receiver rotation is consid-
ered). However, these deviations mainly occur for small
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Fig. 4. Interaural coherence (left column) and interaural level
difference (right column) for 6–96 virtual reverberation sources
(VRS) (top to bottom) for different receiver orientations using
the shoebox approach. Here, 0◦ refers to the orientation indicated
in Fig. 2 (replot from Fig. 3), and 30◦ and 60◦ are a clockwise
rotation towards the corridor. The additional thin traces in the top
row correspond to the generalized approach.

coherence values, for which perceptual discrimination is
poor (e.g., [52]). Regarding ILDs, a good approximation
is obtained using 12 VRS with the generalized approach
and with either approach for 24 VRS and more. For six
VRS, considerably smaller ILDs compared to 96 VRS are
observed. In addition to being compatible with arbitrary
geometry, a benefit of the generalized approach over the
shoebox approach is the gradually increasing ILD for six
VRS and a performance for 12 VRS, which is generally
more similar to 96 VRS.

The results of the current technical evaluation support
the perceptual evaluation in [33] showing that 24 VRS are
sufficient for rendering anisotropic late reverberation in the
tested conditions.

2 LATE REVERBERATION IN COUPLED ROOMS

The same general underlying room acoustics simulation
[26] as described in Sec. 1.1 was used here to simulate late

Fig. 5. Block diagram of the coupled-rooms algorithm with a
sound source “⊗” in the neighbor room (ngb). Small arrows
around the listener indicate image-source model (ISM) reflec-
tions arriving from their respective directions. The highest (“Nth”)
order image-source reflections serve as feedback delay network
(FDN) inputs. All gray parts are related to late reverberation. The
circles on the square outlines around the listener’s head indicate
the virtual reverberation sources (VRS). According to the solid
angle of the door to the neighbor room (light gray), the directions
of the neighbor room VRS (open gray circles) and the receiver
room (rec) VRS (closed gray circles) are adapted. All dark gray
filled processing steps are part of the portal.

reverberation in coupled rooms. The general approach was
to divide the geometry into smaller proxy shoebox sub-
volumes (rooms). For each proxy shoebox, the single-room
algorithm was run in parallel. The concept of portals (e.g.,
[38]) was used to handle (diffuse field) sound transmis-
sion between rooms, “visibility” of images sources, and
spatial mapping of VRS to render late reverberation. Here,
a portal is considered as a collection of signal-processing
units representing the simplified effects of diffraction (for
early reflections) and energy transfer (for late reverberation)
through an aperture with a limited size opening area in com-
parison to the overall surface area of the rooms. For sim-
plicity, the current coupled-room extension was restricted
to two coupled rooms. Furthermore, the simplified proxy
rooms were assumed to share an infinitely thin boundary in
which the portal resides. The portal was a single rectangular
(door) opening.

2.1 Extension to Coupled Rooms
A block diagram of the suggested coupled-room algo-

rithm is provided in Fig. 5. The room in which the receiver
resides, is referred to as “receiver room” and the other as
“neighbor room.”

2.1.1 Early Reflections
Although the focus was on late reverberation, the han-

dling of early reflections had to be extended to account for
coupled rooms, which was done in a strongly simplified
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way. Image sources are subject to validity and visibility de-
termination [18] as required for arbitrary geometry, if the
sound path involves surfaces in the room that do not contain
the source, i.e., if the sound path passes the portal.

Two cases were considered. If the source is in the neigh-
bor room, all image sources from the wall containing the
door are omitted. All other image-source paths through the
portal that are either unobstructed or in most cases are ob-
structed by the “door wall” are constructed. In this latter
case, a virtual diffraction path node was generated at the
door outline, broadly following the concept of secondary
sources (e.g., [53, 54]). The frequency-dependent attenu-
ation caused by diffraction by an aperture was simulated
in a strongly simplified manner using a high-shelving filter
with progressively strong attenuation for increasing deflec-
tion angles. No high-frequency attenuation was applied if
an unobstructed path existed through the portal. Higher-
order low-frequency effects of diffraction were simulated
by a low-frequency shelving filter. If the source is in the
receiver room, image sources that would occur in the door
surface are neglected.

Sound paths into the neighbor room were further sim-
plified. A proxy source is placed at the center of the door
surface, and image sources for the neighbor room are calcu-
lated originating from this position. These neighbor-room
image sources are then treated exactly as if the direct source
was placed inside the neighbor room. By this, for simplic-
ity, diffraction by passing the portal is only applied once for
each image source. As a further simplification, higher-order
image sources created by image sources of the respective
other room are neglected.

2.1.2 Late Reverberation
Reverberation in coupled rooms can be described by mul-

tiple decay processes in sub-volumes (e.g., [43]). The idea
is that acoustic power is continuously transmitted between
the volumes through the coupling surface. The power trans-
fer depends on the coupling surface area and equivalent
absorption areas of the rooms. [43] provides explicit for-
mulations for energy decay curves (EDCs) for each room
consisting of the sum of two exponential decay processes.
Simplifying this idea, it is assumed here that each of the
rooms has an independent decay process simulated with a
respective FDN. Both contributions are superimposed. The
relative amplitude of the two FDN outputs has to be deter-
mined in order to create a correct overall EDC. Each FDN
is fed with the output of the highest-order image sources of
the underlying room (like in the single-room simulation),
as shown in the block diagram in Fig. 5. For simplicity,
diffraction was neglected here before feeding the signals
into the FDN.

Based on [43], gain factors for the FDNs were derived.
In the following, Sd denotes the door surface area, and
Arec and Angb denote the total equivalent absorption areas
in the receiver and neighbor room, respectively, averaged
across frequencies. For the reverberation of the neighbor
room, the gain factor gngb represents the amount of acoustic

power transmitted through the door, normalized by the total
acoustic power absorbed by all surfaces:

gngb =

⎧⎪⎨
⎪⎩

√
Sd

Angb+Sd
, source in ngb room√
S2

d

(Angb+Sd)(Arec+Sd)
, otherwise

(8)

Eq. (8) represents the notion of power transmission from
the receiver room to the neighbor room and back. Similarly,
for the reverberation of the receiver room, the gain factor
grec depends on losses to the neighbor room:

grec =
√

Arec

Arec + Sd
. (9)

The square roots in Eqs. (8 and 9) reflect that the factors
are applied on the sound-pressure scale, rather than on the
sound energy.

To correctly represent the spatial directions from which
reverberation from the receiver and neighbor room can ar-
rive, the VRS positions were spatially warped, depending
on the relative position of the receiver and door. According
to the direction and solid angle covered by the door, the
12 VRS directions are shifted such that they either cover
directions only “outside” the door to render the late rever-
beration from the receiver-room or only “inside” the door
to render the late reverberation from the neighbor-room.

The gray shaded area in Fig. 5 indicates the solid angle of
the door, as observed from the receiver. Using such a spatial
warping, a receiver in the center of the door would receive
late reverberation in one hemisphere from the one room and
in the other hemisphere from the other room, as desired.
For larger distances of the receiver from the door, the 12
VRS of the neighbor room are collapsed to a single VRS
to reduce computational cost. To account for reflections of
the neighbor-room reverberation at the walls of the receiver
room (contributing to perceived envelopment), a certain
fraction of the neighbor-room reverberation is mixed to
the receiver-room reverberation and thus rendered with the
receiver-room VRS, resulting in spatial components from
all directions (around the listener’s head).

In realistic rooms with door frames or connecting pas-
sageways, additional inter-reflections, which are not cov-
ered by the current shoebox simplification and portal in-
terface, might occur. To mimic the resulting increase in
reflection densities, the FDN input for the neighbor room
was filtered by a cascade of four all-passes based on the de-
sign suggested in [55] for artificial colorless reverberation.
If the source resides in the neighbor room, such a filter was
also applied to the receiver-room FDN input. The overall
decay time of the all-pass cascade was set to a heuristic
value of 400 ms for the coupled-room scenarios considered
here. However, this effect is not expected and therefore not
desired, if either the source or receiver is located close to
the door. In the extreme case, this becomes equivalent to the
case in which both are inside the same room. Therefore, a
transition of the maximum value of 400 to 0 ms is applied,
depending on the distances of the source and receiver, re-
spectively, to the center of the door surface. Generally, this
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decay time depends on the dimensions of the passageway
and is set to zero as default.

2.2 Evaluation Setup
For the evaluation of the suggested method, a database

of measured and synthesized binaural RIRs (BRIRs) was
created. When possible, BRIR synthesis was performed
using the same room and source-receiver configurations as
for the real rooms.

2.2.1 Rooms
Overall, 32 BRIRs for several source-receiver configura-

tions were measured in two environments at the University
of Oldenburg. In the “staircase” environment, a corridor was
connected to a staircase and a small and rather dry room. In
the “office” environment, an office room was coupled with
a long corridor. Five rooms were involved:

• Room S: A staircase, covering four floors in total,
with uniform and very smooth varnish coat (plaster)
at all side walls and tiles on the floor and stairs. Doors
to adjacent corridors are made of glass. Apart from
the stairs and railings, the room has approximated
shoebox dimensions of 7.24 × 3.51 × 12.60 m3

(= 320.20 m3). Because of the wall materials and
dimensions, this room has a high reverberation time
of 3.9 s. Measurement points were only at the ground
floor, which is coupled to room C.

• Room C: A corridor with the same wall and floor ma-
terial as room S. Doors to adjacent rooms are wooden
or made of metal-framed glass. The room geometry
deviates from the shoebox shape by two rectangular
recesses acting as entrances to other rooms. For the
shoebox approximation, the following dimensions
were used: 2.65 × 7.60 × 2.49 m3 ( = 50.15 m3).
The measured reverberation time is about 0.9 s. The
room is connected to rooms C and M.

• Room M: A small room (5.00 × 2.41 × 2.92 m3
= 35.19 m3) with a felt carpet and acoustic tiles
at the ceiling. Walls are made of sound-absorbing
modules, diffusors, and glass windows. The room
contains one large wooden desk. The reverberation
time is about 0.3 s.

• Room O: An office room with plaster and one large
glass window, a felt carpet on the floor, and acous-
tic tiles at the ceiling. The room is furnished with
tables, chairs, shelves, and a sideboard and has the
dimensions 4.43 × 4.50 × 3.00 m3 = 59.81 m3. The
reverberation time is about 0.4 s.

• Room W: A long corridor, connected to room O,
with plaster and wooden doors at the walls, linoleum
floor, and acoustic tiles at the ceiling. The corridor
is not fully straight but has a bend at approximately
45◦. The shoebox approximation has the dimensions
30.00 × 1.94 × 2.50 m3 = 145.50 m3. The rever-
beration time is about 0.5 s.

Fig. 6 shows top views of the staircase and office en-
vironments. All marked points are potential source or re-
ceiver positions. Some example positions are indicated with
a room label and number. In the following, a source-receiver
configuration, labeled as, e.g., “S1 → C2,” indicates that
the source is located at position S1 and the receiver at C2.

2.2.2 BRIR Measurements
An omnidirectional loudspeaker based on a ring-radiator

[56] was used to excite the rooms. For recording, the ar-
tificial head MK2 by Cortex with the corresponding mea-
surement amplifier Manikin MK1 was used. The excitation
signal was a logarithmic sine sweep [57] ranging from 50
Hz to 18 kHz, allowing removal of nonlinear harmonic
distortions of the loudspeaker [58]. For each recording,
BRIRs were obtained from averaging ten measurements in
the office environment and 22 measurements in the stair-
case environment. Finally, the BRIRs were equalized by the
spectrum of the loudspeaker. For further details, see [26].

2.3 Technical Evaluation
Fig. 7 shows examples of measured and synthesized

BRIRs for two coupled-room conditions. The upper panels
represent the situation of a source residing in the same room
as the receiver (C2 → C1), whereas in the lower panels, the
source resides in the neighbor room (S2 → C1) and is not
visible to the receiver. It can be observed that the overall
envelope shapes are similar between measured and synthe-
sized BRIRs. For the invisible source, a more gradual onset
in the BRIR is clearly visible, which is also represented in
the simulation.

Fig. 8 shows energy decay curves calculated using the
Schroeder backward integration method [55]. The EDCs
for measured (gray) and synthesized BRIRs (black) match
well in most cases, and the expected dual-slope decay can
be clearly observed in all EDCs. However, an extra bending
is visible in the late-decay parts for the measured BRIRs,
which is more pronounced in cases in which the effect of
room S is higher, depending on the source and receiver
positions (see Fig. 6). For the configuration C1 → S2, for
which the receiver is in room S, the deviation is largest. This
can likely be attributed to the fact that room S (staircase)
itself shows a curved (multi-slope) EDC, given that its rel-
atively complex geometry with stairs and railings behaves
like multiple coupled sub-volumes, strongly deviating from
the shoebox approximation.

For further comparison, early decay times (EDTs) and
late decay times (LDTs) were calculated from linear fits of
the EDC using the level intervals [−10, 0] and [−25, −35]
dB, respectively. Furthermore, the definition D50 and the
clarity index C80, which are of relevance for speech in-
telligibility and musical transparency, respectively, were
calculated from the BRIRs. The results for EDT, LDT,
D50, and C80 from the BRIRs of all 32 source-receiver
configurations are shown as scatter plots in Fig. 9. The
Pearson correlation coefficient between the measured and
synthesized conditions is given in the corresponding pan-
els. For all measures, the correlations are highly significant
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Fig. 6. Floor plans of the two coupled-room environments used
for the evaluation (shoebox approximations): (a) the “staircase”
environment and (b) “office” environment. Light gray bars in-
dicate doors. Black circles indicate possible source and receiver
positions. For some example source-receiver conditions in the
staircase scenario, positions are labeled using room identifiers and
numbers. See text for detailed room and position descriptions.

(p < 0.001) and a good overall accordance was achieved.
The data for D50 and C80 are more scattered than for EDT
and LDT, however, still show a high corelation overall.
Both, definition and clarity also tend to be higher for syn-
thesized BRIRs than for the measured BRIRs. For future
investigations, a comparison of binaural measures, such as
IC and lateral fraction may be of interest. Here, a strong
dependence on the receiver position is likely.

2.4 Perceptual Evaluation
2.4.1 Method

2.4.1.1 Listeners Eight listeners who were not Deaf
or hard of hearing (one female and seven male; age 27–
44 years) participated in the experiment. All participants
were working in the field of (virtual) acoustics or hearing
research and had experience in performing psychoacoustic
experiments. Accordingly, they can be considered “expert
listeners.”

2.4.1.2 Procedure The participants’ task was to rate
perceived differences between measured and synthesized
conditions for specific source-receiver configurations with
respect to nine perceptual attributes selected from the Spa-
tial Audio Quality Inventory [59, 60]: tone color, metallic
tone color, distance, width, reverberation level, reverbera-
tion time, envelopment (by reverberation), loudness, and
naturalness. The attributes “distance” and “width” referred
specifically to the sound source itself. Each attribute con-
sists of the name, a circumscription, and scale end labels
of a bipolar scale (e.g., less pronounced–more pronounced;
for further details, see [59]). Additionally, the overall dif-
ference was assessed on a unipolar scale (none–very large).
The choice of the current Spatial Audio Quality Inventory
subset was a trade-off between measurement time and rel-
evance for further development.

Ratings were performed by adjusting a slider on a graph-
ical user interface. Values ranged from 0 to 100 for the
unipolar scale and −50 to 50 for bipolar scales. The acous-
tic material was presented in randomized order. First, the
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Fig. 7. Qualitative comparison of time signals of measured and
synthesized binaural room impulse responses (BRIRs) for two
example coupled-room conditions.

Fig. 8. Comparison of energy decay curves of measured and syn-
thesized BRIRs for four example coupled-room conditions.

overall perceived difference between measured and synthe-
sized conditions was rated. If it was larger than zero, the
rating of the different attributes was performed. During the
introduction given by the experimenter, all perceptual at-
tributes including their original definitions were presented
to the participants and potential misunderstandings were
clarified. Additionally, the attribute definitions were dis-
played on the screen before each rating as a reminder.

2.4.1.3 Apparatus and Stimuli Participants were seated
in a sound-attenuating listening booth. Sennheiser HD 650
headphones were used, driven by an RME ADI-2 soundcard
at a sampling rate of 44.1 kHz. The sounds were generated
and controlled using MATLAB. The headphone transfer
function was equalized. The same source-receiver configu-
rations as in the technical evaluation were used (C2 → C1,
S1 → C1, S2 → C1, C1 → S2; see Fig. 7 for the geometric
layout). Two different dry source signals were convolved
with the BRIRs: a speech and music signal. The speech sig-
nal contained male and female spoken example sentences
from the “Oldenburg Sentence Test” [61] and was approxi-
mately 30 s in duration. The music signal contained a 20-s
long recording of a slapped bass guitar with wide frequency
range and transient parts. For each rating, the stimuli were
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Fig. 9. Correlation between four single-value room acoustical pa-
rameters for measured and synthesized BRIRs: early decay time
(EDT), late decay time (LDT), definition (D50), and clarity in-
dex (C80). See text for further details. The Pearson correlation
coefficient r is given in each panel.

presented in a loop. Circular convolution ensured seam-
less looped playback. Participants could instantly switch
between the stimuli during playback.

2.4.2 Results
Fig. 10 shows the results for the rated perceived differ-

ences between the measured and synthesized conditions,
averaged across participants and source signals (speech
and music). In each panel, mean values are plotted against
source-receiver configurations with error bars indicating
the inter-individual standard deviations. Overall differences
(indicated by the smaller gray symbols in the upper right
panel) were perceived but rated all within the lower half
of the range (indicated on the right-hand scale). The max-
imum average score was 37.4 for C1 → S2. The smallest
average difference (score: 14.2) was rated for the case in
which source and receiver resided in the same room (C2 →
C1). One participant rated the overall perceived differences
with a score of 0 for this configuration, for both speech and
music.

With only few exceptions, the perceived differences in
tone color, metallic tone color, distance, and loudness are
quite small. For the rated differences in reverberation time
and level, the good match in the EDCs for configurations
S1 → C1, S2 → C1, and C2 → C1 is represented, whereas
some (significant) mismatch is observed for C1 → S2.
Metallic tone color and naturalness appear to be correlated
in such a way that a pronounced metallic tone color has
one of the strongest impacts on (un)naturalness. Differ-
ences for both attributes were perceived to be mostly small
and, again, largest for C1 → S2. Inter-individual standard
deviations were mostly small, indicating that ratings were
consistent across participants. The largest standard devia-
tions occurred for source width and envelopment.

Fig. 10. Rated differences between measured and synthesized
BRIRs with respect to different perceptual attributes (panels),
plotted against source-receiver configurations, averaged across
participants and source signals (speech and music). Error bars
indicate inter-individual standard deviations. Depending on the
attribute, ordinate scales range from “less pronounced” to “more
pronounced” or semantically fitting descriptors. The asterisk sym-
bols indicate significant differences from zero. The smaller gray
symbols in the upper right panel show the ratings for the over-
all difference (using the right-hand scale) with the corresponding
light gray asterisk symbols.

A paired-samples t test with Bonferroni correction for
multiple comparisons was performed to assess whether the
average scores were significantly different (p < 0.05) from
zero (indicated by the asterisk symbols in Fig. 10). Al-
though the overall perceived differences were always sig-
nificant, most conditions for the perceptual attributes were
not significantly different from zero.

3 DISCUSSION

A computationally efficient method to render late rever-
beration in rooms with inhomogeneously distributed ab-
sorption coefficients and coupled rooms was proposed and
implemented in the perceptually plausible room acoustics
simulator (RAZR, [26]). It was demonstrated that late re-
verberation can be represented by simplified simulation
methods and limited spatial resolution with overall good
agreement of technical and perceptual measures. Thus, the
computational cost for simulating late reverberation and
demands for spatially rendering late reverberation can be
kept low, which is particularly important in the context of
real-time VAEs.

Although a particular room acoustics simulation method
featuring an FDN was used, the current results are applica-
ble more generally to different simulation approaches for
late reverberation, provided a number of incoherent late
reverberation signals is generated.
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3.1 Spatial Subsampling
A direction-based warping method was proposed to spa-

tially subsample the different absorption coefficients at
room boundaries by deriving mapping weights for the avail-
able VRS using only vector operations together with the
well-established VBAP method. Moreover, for axis-aligned
shoebox rooms (orthogonal walls), VBAP simplifies to just
using the absolute values of the corresponding elements of
the warped VRS vectors (per octant), dramatically reducing
computational complexity. For many applications in which
such a shoebox geometry is sufficient, this method thus
offers very low computational complexity.

However, for low numbers of VRS and when the direc-
tion of the VRS coincide with the surface normals that form
the vector base for VBAP in each octant, the method be-
comes invariant to the solid angle under which a boundary
occurs. This is obvious in the current study for six VRS, in
which, e.g., the IC is independent of position (see Fig. 3,
positions A and D). The method could be further improved,
mainly for low numbers of VRS, by integrating an estimate
of the FOV of each boundary and the average FOV covered
by each VRS. Improvements would be observed mainly in
position D and for the lowest number of six VRS, which
cannot be recommended for application in 6-DOF VAEs,
anyhow.

As an extension for arbitrary (triangle-based) geometry,
the suggested (more general) method based on ray tracing
with a moderate number of deterministic directions around
the listener can be used, if a “proxy” shoebox room approx-
imation of the underlying room geometry is not sufficient.
Using this method, different absorption coefficients can be
applied to different triangles, enabling inhomogeneous dis-
tribution of absorption coefficients on the boundary planes.
In contrast, the simple shoebox geometry used so far only
represents averaged absorption coefficients in six orthogo-
nal directions. Future developments for arbitrary geometry
can be based on extension to stochastic ray tracing includ-
ing temporal averaging methods. Alternatively, rasteriza-
tion and image down-sampling methods after projection
and rendering of the environment to a cube or spherical
map, as frequently used in computer graphics/vision might
be applied. Such more-advanced methods offer the possi-
bility to define the spatial distribution of absorption coeffi-
cients using textures, independent of triangle geometry.

3.2 Coupled Rooms
The suggested coupled rooms method strongly simpli-

fies the underlying problem by assuming independent de-
cay processes in the two rooms. This simplification enables
the use of two separate FDNs (or generally late reverbera-
tion models) and linear superposition of the outputs, con-
sidering the solid angle covered by the door opening and
the surrounding room for the spatial mapping. The key as-
sumption is that the opening is small in comparison to the
surface areas of the rooms, although it is large enough so
that no (or at least no frequency-dependent) diffuse field
sound transmission loss of a “large aperture” can be as-
sumed (e.g., [62]). Thus, without further evaluation, the

current method is suited for typical indoor scenarios with
rooms connected by doors, reflecting a class of highly rele-
vant acoustic conditions (e.g., [29]). Future research might
be directed to a more accurate simulation of the underly-
ing acoustic coupling by, e.g., using coupled or grouped
FDNs [63]. Moreover, the current spatial mapping of two
(or more) discrete reverberation processes, which so far
accounts for the direction- and frequency-dependent rever-
beration level, might be extended to anisotropic reverbera-
tion times (e.g., [16]) also suited to account for effects of
coupled sub-volumes.

An aspect for further computational optimization is to
avoid the current spatial warping of the VRS. In the current
concept, the number of VRS would increase with the num-
ber of coupled rooms. Alternatively, a fixed number of VRS
might be used, and a spatial subsampling method for the
solid angle covered by the door could be employed, simi-
lar to the proposed rendering for inhomogeneous boundary
conditions.

3.3 Physically-Based FDN Parameters
In line with a perceptual evaluation in [33], the current

analysis of IC and ILDs indicates that a relatively low num-
ber of 12 to 24 VRS is sufficient to render late reverbera-
tion for inhomogeneous and homogeneous boundary condi-
tions. For high computational efficiency, an according low
number of FDN channels is desirable. However, the lower
the number of FDN channels, the more pronounced recur-
rent temporal features occur in the FDN output. To avoid
artifacts for low numbers of FDN channels, a high number
of FDN channels (e.g., 96), independent of the number of
VRS and downmixing, can be used in offline simulations.

For real-time applications, a perceptually optimal choice
of FDN parameters for a low number of FDN channels
has to be found. Although several studies optimized FDNs
using, e.g., time-varying parameters or considering mode
density (e.g., [64, 44]), RAZR uses a physically-based de-
sign of the FDN, in which the delays are derived from the
dimensions of the room. This is also motivated by interpret-
ing the FDN as a rough approximation of radiance transfer
[65]. The current default setting as suggested and evaluated
in [26] uses 12 VRS for lowest computational complexity.
According to the current finding, a representation of ran-
dom sound directions travelling through the room has to be
found for 24 VRS. This higher number also allows for a
better sampling of the distribution of sound travelling times
between boundaries as, e.g., calculated from radiance trans-
fer, and can be assumed to generally improve the perceptual
quality of late reverberation.

4 CONCLUSION

Highly efficient methods for rendering anisotropic late
reverberation in coupled rooms and rooms with inhomo-
geneous distribution of absorption coefficients were pro-
posed. The methods use a limited number of VRS highly
suited for application in (interactive) VAEs. For a “proxy”
shoebox representation of arbitrary room geometry, the (av-
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erage) absorption coefficients assigned to each boundary
are smoothly mapped to a desired number spatially equally
distributed VRS, depending on the receiver position in the
room. For an axis-aligned proxy shoebox, the required op-
erations can be strongly reduced, and computational ef-
ficiency further improved. For arbitrary geometry, an ex-
tension of the concept using a simplified deterministic ray
tracing approach and spatial subsampling was suggested.
Technical evaluation in terms of IC and ILD suggests that
across multiple positions in a room with strongly inhomo-
geneous absorption properties, a number of 24 VRS can
suffice for accurate reproduction in 6-DOF applications.

To account for anisotropic late reverberation in coupled
rooms, VRS were spatially distributed to represent the solid
angle covered by a door connection and the remaining room
surface. In the assessed two room scenario, the VRS were
driven by two independent FDNs representing the decay
process of each room, mapped to 12 VRS each. The method
is suited to account for a smooth onset of the impulse re-
sponse for dual-slope decays and conditions with an ob-
structed source in the neighbor room. A technical and per-
ceptual evaluation showed a good agreement with measured
BRIRs.

The room acoustics simulator RAZR [26] includ-
ing the current extensions is freely available at
www.razrengine.com.
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[30] V. Välimäki, and K. Prawda, “Late-Reverberation
Synthesis Using Interleaved Velvet-Noise Se-
quences,” IEEE/ACM Trans. Audio Speech Lang.
Process., vol. 29, pp. 1149–1160 (2021 Feb.).
https://doi.org/10.1109/taslp.2021.3060165.

[31] F. Jacobsen, and T. Roisin, “The Coherence of Re-
verberant Sound Fields,” J. Acoust. Soc. Am., vol. 108, no. 1,
pp. 204–210 (2000 Jun.). https://doi.org/10.1121/1.429457.

[32] K. Hiyama, S. Komiyama, and K. Hamasaki, “The
Minimum Number of Loudspeakers and Its Arrangement
for Reproducing the Spatial Impression of Diffuse Sound
Field,” presented at the 113th Convention of the Audio En-
gineering Society (2002 Oct.), paper 5674.

[33] C. Kirsch, J. Poppitz, T. Wendt, S. van
de Par, and S. D. Ewert, “Spatial Resolution
of Late Reverberation in Virtual Acoustic Environ-
ments,” Trends Hear., vol. 25, 17 pages (2021 Oct.).
https://doi.org/10.1177/23312165211054924.

[34] C. Kirsch, J. Poppitz, T. Wendt S. van de Par, and
S. D. Ewert, “Computationally Efficient Spatial Render-
ing of Late Reverberation in Virtual Acoustic Environ-
ments,” in Proceedings of the International Conference
on Immersive and 3D Audio: From Architecture to Au-
tomotive (I3DA), pp. 1–8 (Bologna, Italy) (2021 Sep.).
https://doi.org/10.1109/i3da48870.2021.9610896.

[35] J. M. Airey, J. H. Rohlf, and F. P. Brooks, “To-
wards Image Realism With Interactive Update Rates in
Complex Virtual Building Environments,” SIGGRAPH
Comput. Graph., vol. 24, no. 2, pp. 41–50 (1990 Mar.).
https://doi.org/10.1145/91394.91416.
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