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Abstract

Dynamic room acoustic simulation aims to render
the acoustic effects of an environment in real time
while accounting for potentially moving sources and
receivers. In this context, the efficient synthesis of the
long-term room response, also known as late rever-
beration, remains challenging because of the intricate
relationship between room geometry and acoustic
behavior. This paper introduces Taylor-SWFT, an
efficient implementation of key results from Statistical
Wave Field Theory (SWFT) for the geometry-aware
dynamic synthesis of late reverberation. The method
is evaluated on the Benchmark for Room Acoustical
Simulation (BRAS) and achieves competitive perfor-
mance compared with classical approaches, while
substantially reducing computational cost.

Keywords: reverberation, statistical wave field theory, dy-
namic room acoustic simulation, physics-based models

1. Introduction

Acoustic field simulation refers to the realistic numer-
ical rendering of sound wave propagation within a
given environment. A particular subset of these meth-
ods addresses room acoustic simulation, also known as
reverberation synthesis. A large variety of sound ren-
dering techniques have been designed for this purpose
[1]. In contrast, dynamic acoustic simulation concerns
the real-time rendering of acoustic responses in envi-
ronments involving potentially moving sound sources
and receivers. This paper’s focus is placed on dynamic
room acoustic simulation with mono-channel source
and receiver. Typical applications are found in the
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entertainment industry, particularly in video games
and virtual reality [2], but also extend to domains
such as hearing aids [3], teleconferencing systems
[4] and a range of downstream tasks including data
augmentation for machine learning, acoustic transfer,
and dynamic speech enhancement. Within this con-
text, established techniques such as the Image Source
Method (ISM), Ray Tracing (RT) [5] and Acoustic
Radiance Transfer (ART) [6] are generally unsuitable
due to their potentially high computational cost. A
widely adopted strategy for addressing this problem
consists in decomposing the reverberation effect into
two parts, namely the early echoes and the late rever-
beration, and subsequently applying dedicated models
to synthesize each component [7]. Recent works also
explored data-driven approaches in which neural net-
works are trained to approximate the sound field from
a set of acoustic measurements [8], [9], [10].

Recently introduced, the Statistical Wave Field The-
ory (SWFT) [11] provides a physics-based, statistical,
spatio-temporal description of late reverberation, de-
rived from the asymptotic analysis of the wave equa-
tion in the regime of long times and high frequencies.
Whereas this theory provides an accurate acoustic
field representation, the formulation as provided in
[11] is computationally demanding. In the present
work, we introduce Taylor-SWFT, a fast dynamic re-
verberator that combines a novel SWFT-based model
for late reverberation with a low-order ISM for early
echoes. The contribution of this paper is twofold:
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o First, we propose a new geometry-aware,
physics-based late reverberation synthesizer ca-
pable of dynamically adapting to variations in
the receiver position.

e Second, we develop an efficient implementation
of the SWFT based on a Taylor expansion.
The method exhibits reduced latency and low
initialization time, which allows its application
in real-time scenarios.

The paper is structured as follows. Section 2 presents
an overview of the SWFT and its major theoretical
results. In Section 3, we derive a discrete formulation
of these results and deduce a fast Room Impulse
Response (RIR) generation method. Finally, Section 4
provides a comprehensive evaluation on the BRAS
dataset (Benchmark for Room Acoustical Simulation)
[12], along with a discussion of the performance.
Notations
e h(z,t): RIR as a function of space z € R? and
time t > 0;
o F{h(z,t)}: Fourier transform of h with respect
to parameter t;
o (@1, Ty, 1y, ty) = E[h(zy, 14)h" (25, 85)]:  spa-
tio-temporal autocovariance of h;
° Wh(xlaxz,ta'):]:‘;-{ﬁ)/h(mlax%t"_%at_%)}:
Wigner-Ville distribution of h;
o V., OV: respectively a bounded domain in R3
and its boundary surface;
o |V, |OV]: respectively the volume and area of
V and 9V
e a(s, f): boundary absorption at position s €
0V and frequency f;
e ¢ =343 m.s~!: speed of sound.

2. Statistical Wave Field Theory

From a physical point of view, reverberation is the
diffuse mixing of a sound wave with its echoes against
the room’s walls. From the perspective of signal pro-
cessing, this can be considered as a linear filtering
operation, characterized by the RIR. Recently intro-
duced, the SWFT proposes a probabilistic approach
for solving the wave equation [11] under Neumann’s
and Robin’s boundary conditions. Its results gener-
alize those from [13], allowing to derive the spatio-
temporal first and second moments of any RIR, in the
asymptotic regime of high frequencies and long dura-
tions. With formal words, under reasonable acoustic
conditions on the room’s shape V' (mixing room) and
materials (local reaction), late reverberation in V is
statistically described as follows:
e h(z,t), the RIR at spatial position x and time
t > 0 is Gaussian and centered;
e its spatio-temporal Wigner-Ville distribution
can be factorized in the form:

W, (71, 24,1, f) = B(xl’mzvf)eia(f)t» (1)

where « is an even and strictly positive function, and
B is strictly positive and even w.r.t. f when z; =
z,. This distribution is obtained after averaging over
all source positions and can be interpreted as the
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covariance of the wave field between two microphone
positions x; and z,, at fixed frequency f and time
t. A nice feature of the SWFT is that it provides
explicit formulas for a and B (Eqgs. (123) and (124)
in [11]). Specifically, considering x := z; = x4, Eq. (1)
becomes the spectro-temporal power distribution of
the wave field for a microphone positioned in x and
the following expressions hold under a first-order as-
ymptotic expansion:

olf) = g7 [ m1—als1)ass). @
oV
and
B(1) = B(4) [ sinbe( 220 ool )av, (3
14

with B(f) = of” .
G CCON
sents the walls’ absorption (its expression is different
from the usual one, which is often referred to as
the ‘Paris formula’, and it is provided in Eqs. (125)
and (126) in [11]), B,(f) denotes B(z,z,f) and
sinhc(x) := sml;cﬂ Remarkably, Eq. (2) is consistent
with Eyring’s formula, and « is not dependent on the
listener’s position. The accuracy of Eq. (2) has been
confirmed by numerical experiments in [14], whereas
Eq. (3) holds on average when the source position is
randomly distributed in the room.
This paper aims to provide a feasible numerical
implementation of these equations and to allow fast
sampling of impulse responses h whose statistics over
time are consistent with Eq. (1). Our proposed model,
Taylor-SWFT, combines SWFT-accurate modeling
of late reverberation with a low-order ISM for early
echoes, enabling real-time single-channel reverbera-
tion with a moving source and receiver. Finally, it is
important to note that spatial correlations are not
considered in our formulation, so a sampled impulse
response cannot be interpreted as a valid spatial RIR.
Nonetheless, the SWFT does account for spatial cor-
relations; including them is left for future work.

. Here, a(s, f) repre-

3. Towards discrete implementation

The goal of this section is to provide implementable
discrete versions of Eq. (1), Eq. (2) and Eq. (3).

3.1. Covariance matrix

Let h, be a non-stationary continuous Gaussian ran-
dom process satisfying Eq. (1) (with z; =z, = z).
Then, its autocovariance writes as the inverse Fourier
transform of its Wigner-Ville distribution (Eq. (1)):

wdmm=/&mwm%mwwwww
R

The discrete version of this formula is expressed
in terms of the inverse Discrete Fourier Transform
(DFT), and evaluated at N discrete time steps t =
%, with F, the sampling frequency. This provides a
covariance matrix 3, whose term (n,m) is:
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with f, = k]f;s. Then, using the isometry property
of the DFT, it can be shown that Eq. (5) can be
expressed in terms of a scalar product:

<RZ RL), (6)

E'rmlm = F2

where R’” is the column vector whose s-th term is

Ry, =g, xp"[s — ]fv>v1th 9, = DFT;Y{V/B,(f)},
andp = DFTk = . Here, * denotes the convo-

lution product and p** := p*--*p. Then, Eq. (6)
——

. . . n times
can be written in matrix form:

¥, = ERTR (7)
Denoting G, the Toeplitz matrix generated from g,
and P the matrix whose n-th column is p**[- —n], R,
can be decomposed as R, = G, P. In the end, h, can
be simulated in the discrete time domain with
1 1
r = FRE&' = FPTGEE, (8)
S S
where € ~ A (0, Id). From a physical point of view,
GT models the stationary effect of the room at posi-
tion x, and PT is a coloring operator generating
a frequency-dependent exponential energy decay. Re-
markably, Eq. (8) is just one transpose operation away
from the reverberation model that was previously
proposed in [15]:

1 1
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Figure 1: Mel-Spectrogram comparison of two RIRs gen-
erated with either Eq. (8) or Eq. (9)

In practice, we observe that both models provide very
close results (Figure 1). This leads us to consider the
following class of parameters:

R= {(p,gw) (G, P)" and G, P commute}. (10)

In that class, both Gaussian vectors G,Pe and
PTGTe follow the same probability distribution
N(0,%,). From a computational point of view, Eq.
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(9) is more efficient than Eq. (8), as discussed in the
next section.

2. Real-time inference
At inference time, the proposed algorithm applies late
reverberation to a given source signal s for a micro-
phone placed at position z in the following fashion.
Let P, G, and g, be defined as in Section 3.1, and h :=
Pe. Using Eq. (9), the resulting reverberated signal is:

~ 1 1-

y = hy,*xs= FS(GEPE)*SZ Fsh*gm*s. (11)
Remarkably, under the assumption that B, is smooth,
g, can be designed as a short-term finite impulse
response filter, containing a few non-zero coefficients.
Consequently, considering a moving position z, up-
dates of g, * s are fast, with a buffer size only depend-
ing on the evaluation speed of x + B,. Moreover, h
is independent from x; it only needs to be computed
once at the room’s instantiation time. Note that this
optimization wouldn’t have been possible if we used
Eq. (8) instead of Eq. (9) to generate the RIR.

3.3. Taylor expansion based fast coloring
While the colored energy decay h = Pe is only
generated once, an efficient implementation of this
operation is important to avoid long loading times.
Previous works in [16] provided a fast algorithm in
that aim, reducing the computation time to a few
milliseconds. In a nutshell, the method consists in the
following. Denoting H, E and P the z-transforms of
h, € and p, it can be shown that

. ) e27J7rf
H(e*) =E (W) (12)

Equivalently, the Fourier transform of & is obtained by

evaluating the polynomial A(z) := Z:[ 0 EnZlat zp =
2imf _alf)
Pi‘;irrf ) = 3R % Performing this evaluation for

all frequency bins fi,..., fy has a complexity of
O(N?), which is not efficient given that the desired
output length N is usually very large. To address
this issue, the method proposed in [16] considers the
Taylor expansion of A around z; = e 252 where
a is a user-defined parameter:

Ay = 2B G o

¢ m!
Here, as long as a is close to «a(f) for all f, M can
be chosen much smaller than N. Moreover, further
computations show that all coefficients A(™) (z_f) can
be obtained through a Fast Fourier Transform (FFT).
In the end, using the Taylor expansion in Eq. (13)
leads to a complexity of O(MN loga((]f\)f)). Finil(;l)y,

maxge 2Fs +minfe 2K,

a good choice for a is e I =
Indeed, this choice makes a trade-off between eﬁl—
ciency (i.e. lower acceptable values for the Taylor
expansion’s order M) and stability (z; stays in
the convergence disk of the extended power series

(m)(Z —\m
S s0 e (2 = 7)™,
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3.4. Reverberation parameters

Eq. (2) and Eq. (3) provide a way to compute
reverberation parameters directly from the room’s
properties. The implementation of these two formulas
is direct and is done by approximating the integrals
with Riemann sums. For Eq. (2), we consider a trian-
gulation 7 = {1, ..., Tk } of the room’s surface, such
that a(s, f) is almost constant on each triangle T,. We
denote o; (f) := a(s, f) when s € T;. Then the 1ntegral
over OV in Eq. (2) is replaced by a sum over triangles:

K
A(f) = M Zm In(l—a;(f)).  (14)

Similarly for Eq. (3), the room’s volume is divided
into L cubic voxels V ={V,...,V} with centers
vq,-..,v;, € R3. Then, B, is approximated by:

L
N YW 22 s — o, ) 5

where B is the same as in Eq. (3). Eq. (14) and
Eq. (15) might look computationally heavy, especially
when dealing with complex rooms that need fine-
grained triangulation. To gain efficiency, we note that
a fair amount of the computations are only needed
once. For instance, Eq. (14) only depends on the
room’s shape and the materials, which are constant
over time. On the other hand, Eq. (15) depends on
the receiver’s position z, which may vary over time.
Fortunately, z > B »(f) is a smooth and strictly con-
vex function. Hence a good approximation of B is
obtained by evaluatlng Eq. (15) on areduced subset of
voxels V,, C V, where r is a user-defined subsampling
factor. Then, using spline interpolation, we obtain an
approximation of Eq. (15) whose evaluation is fast.

3.5. Early echoes

As stated in Section 2, the SWFT is only valid asymp-
totically, 4.e. for modelling the late part k! of the RIR.
This is taken into account in the Taylor-SWFT algo-
rithm, with early reflections h® being generated using
a low-order ISM. With z,, and «, the microphone and
source positions, the output RIR writes:

ha,, [t = (1= Qt)hG 4 [+ Nelt]h;, [t],(16)

where ) is a scaling factor introduced for normaliza-
tion purposes and ¢ is a cross-faded cosine profile

olt] = % (1 — cos (Wtfn_—tgo ) ) , (17)

with t,, and ¢y being the delays associated to, respec-
tively, the last and first echoes. The scaling factor
A is tuned in a similar way as in [7], so that the
energy in hl  and hg. are matched around each
echo. Formally, writing h 2 1t = E;":O e;0y [t] and
choosing a small frame w1dth 7 > 0, we define

17,6+
b [ﬁ]
™ LE

E;:= e? and E’- = Z
k=|F,(t;~%)]
Then, A := \/medlan m{E /E}
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4. Experiments and discussion

The proposed algorithm is tested on the Benchmark
for Room Acoustical Simulation (BRAS) [12] for its
variety of complex acoustic scenes. The code used to
obtain these results is available online!.

4.1. Experimental settings

The subset of BRAS [12] used in the experiments
contains 209 RIRs measured in four different rooms:
coupled rooms linked by an open door (two opening
angles are modeled), a seminar room (small), a
music chamber hall (medium) and an auditorium
(large). Each room comes with a 3D model, material
properties linked to the walls, source and microphone
position and the measured RIRs. Other parameters
like temperature and humidity are provided but not
used here. Moreover, all experiments consider the
microphone and the source to be omnidirectional.
Finally, our experiments test the proposed algorithm
Taylor-SWFT (T-SWFT) against the following base-
lines:

ISM: For each RIR in the dataset, the virtual images
of the source are computed using the geometry of
the room, up to a certain order of reflection o. This
method is accurate, yet its computational cost grows
exponentially with o. Hence, ISM is mostly adapted
for early reflections simulation and struggles to pro-
duce late reverberation in a reasonable time.

RT: For each RIR in the dataset, n,, rays are shot
randomly in the room from the source. If their path
reaches the microphone within a radius r,,, then its
contribution is added to the resulting RIR.
ISM-RT: This baseline is the default method imple-
mented in [17] for RIRs generation. Early echoes are
accurately captured using a low-order ISM, and late
reverberation is synthetised via RT for efficiency. The
resulting RIR is obtained as the sum of its late and
early components.

Gaussian noise: Gaussian noise is attenuated by an
exponential decay with a rate o, which is the mean
of a(f) defined in Eq. (2), corresponding to the mean
RTy, of the room.

2. Choice of hyper-parameters
We chose 5000 rays for RT in order to have a long
enough late reverberation and most of the early
echoes. More rays led to similar results with longer
computation times. The order of reflection of ISM
is computed dynamically, given an upper number of
wanted sources W and the number of faces F' in the
room, to get an upper limit of the computational time:
0= \_lﬂ‘lvgJ For RIRs generated with ISM, to reach
the late reverberation part, we chose W = 7e9. For
T-SWFT, we use W = 1le6 because we only need the
early echoes from ISM. The resulting orders are sum-
marized in Table 1. The voxel size is set as 5% of the
smallest dimension of the room, and the subsampling
factor is chosen such that a point is computed every
8 voxels on average, to get enough precision without

'https://github.com/TAYLOR-SWFT/Taylor-SWFT
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Table 1: ISM order used per method and room. CR:
Coupled Rooms, SR: Seminar Room, CHM: Chamber
Music Hall, Aud: Auditorium. The two configurations for
the door’s opening angle in the CR are modeled in sepa-
rated meshes that have a different number of faces.

CR SR CMH Aud

nb faces 299 / 334 508 2598 5160
T-SWFT 2 2 1 1
ISM-RT 2 2 1 1
ISM 3 3 2 2

making the computational time excessive. The same
parameters (W = 1le6, 5000 rays) are used in ISM-
RT for consistency in the comparison with T-SWFT.
Finally, multiband processing with 10 octave bands is
used for ISM and RT.

4.3. Metrics
The RIRs generated using the different methods is
compared with the measured ones using several stan-
dard acoustic metrics:

o Definition 50 ms (Ds),

o Reverberation Time 30 dB (RT3),

o Energy Decay Relief (EDR),

o Energy Decay Curve (EDC).

In our experiments, the RTj, is obtained by measur-
ing the slope from —5dB to —35dB of the normalized
EDC. These metrics are used to compute objective
attributes that are compared to the original ones with
the following distance function:

Ametric

We also included Dynamic Time Warping (DTW)
[18], which computes all the possible combinations
of alignment between two time series and finds the
cheapest path to align both signals. This metric ac-
counts for the time alignment of early echoes.

= |metric(ref) — metric(generated)|;.(19)

4.4. Results and discussion

Table 2 shows the results grouped by room and
metrics, with the and second best values of
each group being highlighted. Each tested room rep-
resents a specific challenge for the evaluated models
as described in the following. The coupled rooms
are connected with a door, and RIRs were measured
with the door opened at two different angles. Coupled
rooms are difficult to model due to the resonance
of the second room and the filtering effects of the
connection. The seminar room has a complex RTy,
profile in the low frequencies, where the SWFT is not
completely valid. The chamber music hall presents a
closed, empty volume that stands on top of it, thereby
constituting another case of coupled rooms. Lastly,
the auditorium is a large room with seats, a stage, and
diverse furniture. Among all rooms, the auditorium
most closely conforms to the SWFT’s assumptions.
As expected, our method T-SWFT performs best in
the auditorium, with a good estimation of the acoustic
parameters. However, it fails to model the coupled
rooms and is slightly off in the chamber music hall.
The SWF'T equations use the volume of the two parts
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Table 2: Comparison of the methods. Each cell corre-
sponds to the mean 4 standard deviation over 209 RIRs.
The lower is better for all metrics.

Coupled Seminar = Chamber Audito-
Rooms Room Music Hall rium
L AD;, (%)
T-SWFT | 25.9+288 | 123+6.5 | 26.6+15.6
ISM-RT 6.914+8.63 34.9+28.1  33.8+28.9
RT | 1874119 151483  37.8+28.6 | 37.5+29.8
ISM | 546+£24.8 57.94+69  285+17.5 | 16.7+14.3

Noise | 22.8 +£20.9 HNEEFHIRPIEERENE 32.2 4+ 16.7

| ARTs, (s)

EES\MY 0.65 +0.56 | 0.06 4 0.03 FONEESKVE 0.07 + 0.06

ISM-RT | 0.71+£0.5  0.1540.06 0.56 +-0.14 0.85 £ 0.38
RT 0.73+£048 | 0.1740.1  0.57+£0.15  0.92+0.34
ISM 1.664+1.1 | 0.82+0.03 0.53+0.03 0.96 +0.09

Noise | 1.35+1.08 | 0.23+0.03 [JOSEEHOXEN 0.64 +0.08
L AEDC (dB)

1294 1.9 EEYEEPN 12 + 1.7

T-SWFT 23.6 +6.6

ISM-RT | 9.58 & 2.76 3224181  40.7+17.8
RT 6.28+£4.19 303 +£17.5 42.74+159
ISM | 624493 | 56.3+2.1 L 52432 | 59.2+27
Noise = 51+89 27542 | 33.6+3.2 4321427
| AEDR (dB

T-SWFT| 203+4  13.7+16 m
ISM-RT W 195+£56 | 26.6+5.2
RT 106+£1.6 191453 27.1+46
ISM 274454 9542 22.7+35 286+26
Noise = 225449 | 15+1.6 | 163+29 225+23

| DTW

PESUMN 654454 | 5.5842.18 | 4.59 4+ 2.23 | 4.29 4 2.23

ISM-RT @.91;& 6.66 654174 5.3942.05 5.68 £ 2.61
RT | 11+34 13.84+2.9 | 5.66+1.95 5.95+2.85
ISM | 10483  688+242 5154244 b5.27+282
Noise 1294 4.6 13.64+1.3 13.34+1.2 13.241.3
J Computation Time (s)

T-SWFT 2.054+£1.36 1.564+1.35 2.074+0.87 5.1942.09
ISM-RT | 143415 18.74+0.1 53.74+£0.5 | 68.54+£0.2

* RT 142 +15 18.440.1 52.3+0.5 65+ 0.1
ISM 7.25+£1.93 56.544.2 28.3+0.9 | 3.7340.01

Noise 04 0.01 0+ 0.01 0.01 +£0.01 | 0.01 +0.01

of the coupled rooms without taking into account the
connection, which only lets through a fraction of the
sound, resulting in wrong estimations. The seminar
room is well handled by T-SWFT overall, but the
EDC and EDR are worse than other methods, espe-
cially RT. This can be explained by the complex
low-frequency profile of the room, which falls outside
the scope of the SWFT. The most important part
of the results is the computation time. We measured
the computation time required for all methods to
compute a RIR for one source and one microphone
at given positions. The method with exponentially
decaying noise runs in less than 1 ms per run, but it
comes with the worst early echoes prediction. Then,
T-SWFT is the fastest method among the others
while producing accurate RIRs, with good temporal
alignment as shown with DTW, precise RT3, esti-
mation in non-coupled rooms, and overall accurate
estimation of EDR and EDC.

For comparison consistency, the computation times
include the full generation of h,, (ISM, cross-fade and
late reverberation). However, in a real-time scenario,
part of the late reverberation can be computed during
pre-processing, resulting in a much more efficient al-
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gorithm (see Section 3.2). Moreover, complex shaped
room meshes contain a large number of faces, which
substantially slows down ISM. In practice, with a
buffer size of 30 ms, a sampling rate of 16 kHz and
the complex shaped seminar room, we measured that
99.67% of the computation time was reserved to com-
puting early echoes with ISM (order 1). Finally, we
measured the real-time ratio ¢,/t, with t, being the
time required to apply reverberation on ¢, seconds of
audio of our method. A 10.3s audio was reverberated
in a 11-faces room (used as demo in the provided code)
by T-SWFT, with an ISM order of 4, a sampling rate
of 16 kHz and a buffer size of 30 ms. We obtained
an average real-time ratio of 0.46 using an Intel Core
Ultra 9 285. The ratio being under 1 means T-SWFT
can be run in real-time with appropriate implemen-
tation and hardware.

5. Conclusion

In this paper, we presented an efficient method for late
reverberation synthesis based on the Statistical Wave
Field Theory (SWFT). The proposed approach, Tay-
lor-SWET (T-SWFT), enables real-time computation
of late reverberation for dynamic configurations in-
volving moving sources and microphones, which, to
the best of our knowledge, has not been previously
achieved. Furthermore, it can be combined with fast
early reflection models, such as low-order ISM. By
enabling real-time reverberation in dynamic scenes,
T-SWEFT has the potential to enhance immersion in
spatial audio applications, including virtual reality
and video games. Finally, future work will focus on
extending the method to coupled rooms, improving its
accuracy in the low-frequency regime, and incorporat-
ing source position dependence in Eq. (15). Another
interesting research direction lies in the analysis of the
family of parameters defined by Eq. (10) to establish
formal connections to the SWFT.
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