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Introduction
Auralization is the process of using simulated or mea-
sured acoustic data to generate an audible binaural ren-
dering [1, 2]. There are three main components used to
describe the process of auralization [3]: (I) Audio input
serves as the primary signal to be convolved with (II)
filters representing the impulse responses of a given en-
vironment for the positions of a listener. The result is
an auralization to be rendered (III) on a sound rendering
system. Krokstad et al. [4] first presented a numerical
simulation method to compute room impulse responses.
The development of comparable methods is still ongo-
ing at this venue. One of the main difficulties in the
context of auralization is to couple the source directiv-
ity and room impulse responses using a single simulation
method. Georgiou et al. [5] presented simulated impulses
responses using discontinuous Galerkin (DG) methods.
However, their final auralization results do not include
source directivity.
We present a framework for the auralization of room
acoustics which accounts for the directivity. We gener-
ate the needed acoustic data with DG simulations. The
approach allows auralization of simulated data indepen-
dent of source and listener directivity. An equivalent
monopole distribution (EMD) surrounding the source lo-
cation represent the source directivity. The approach al-
lows incorporating any source and listener directivity to
time-domain simulated RIRs. Using the DG solver, we
compute the sound field of each monopole separately and
store the pressure results obtained at several microphone
positions in a database. We can construct the sound field
of an arbitrary source through a superposition of the
stored precomputed room impulse responses (RIR). To
get binaural output we apply head-related transfer func-
tions (HRTF) as filters to the pressure signals captured at
the listener position in real-time. Results show how the
binaural output is affected by modifying the number of
monopoles representing the source-generated sound field.

Numerical Setup for DG Computations
Solving the scalar acoustic wave equation yields para-
sitic waves if standard finite element methods (FEM)
are applied [6, 7]. Additionally, the second-order tem-
poral derivative requires special time-stepping schemes.
We circumvent mentioned difficulties at the price of ad-
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Figure 1: The computational domain Ωh is a cube of
size [−0.5, 0.5]3. All annotations are in [m]. A hole with
sound-hard boundaries represents the head. Around the head,
microphones • are distributed with 1 [cm] distance to the
head. Sources ⊙ computed as Eq. (8) are distributed around
the center with a radius 30 [cm], i.e. ∥ξ∥ = 30 [cm].

ditional degrees of freedom by solving the acoustic con-
servation equations. Finite difference, finite volume, and
DG methods work well for conservation laws [8]. We use
a DG discretization since problems including wave prop-
agation profit from higher-order methods and because we
want to be able to consider arbitrarily shaped geometries.
We solve the acoustic conservation laws

ρ
∂u

∂t
+ ∇p = 0, (1)

1

c2
∂p

∂t
+ ρ∇ · u = f, (2)

to obtain the results which serve as an input for the
auralization method. In addition to the acoustic pres-
sure p, we solve for the acoustic particle velocity u.
The underlying medium has a density ρ and speed of
sound c. It is possible to introduce acoustic loads with
the right-hand side f .
A detailed description of the DG formulation is pro-
vided in [9]. We use Lax–Friedrich fluxes as proposed
in [10, 11]. For time integration we employ a low
storage Runge–Kutta scheme optimized for the acoustic
conservation laws (LSRKF84) [12]. The simulations use
a time step size according to half the CFL number.
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Equivalent Monopole Distribution - EMD
Since the DG simulations allow the input of initial con-
ditions as pulses for monopoles located in space, we pro-
pose an EMD to describe the source directivity, similar
to the approach in [13]. The EMD is a projection of
the source directivity onto a distribution of monopoles in
space, whose coordinates are defined as xsi , where i =
1, 2, . . . , N are the numbers of monopoles used in the dis-
tribution. The position of the monopoles is chosen such
that all monopoles are contained in the region defined by
the data representing the source directivity. It is possi-
ble to project the pressure information located at xrm of
frequency dependent directivity of a source onto a given
monopole located at xsi by using [13]

P (xrm , ω) =
∑N

n=1 P (xsn , ω)
exp(−iω

c ∥xsn−xrm∥)
4π∥xsn−xrm∥ [Pa] , (3)

where ω is a given frequency and m = 1, 2, . . . ,M are the
indices of known pressure points. A linear set of equa-
tions provides the projection for all monopoles included
in the distribution as

pr = Cps, (4)

where the projection coefficients are defined as ps =
[P (xs1 , ω), . . . , P (xsN , ω)]⊺ and the projection matrix C
is given by

C =


exp(−iω

c ∥xs1
−xr1∥)

∥xs1
−xr1∥

. . .
exp(−iω

c ∥xsN
−xr1∥)

∥xsN
−xr1∥

...
. . .

...
exp(−iω

c ∥xs1
−xrM ∥)

∥xs1
−xrM ∥ . . .

exp(−iω
c ∥xsN

−xrM ∥)
∥xsN

−xrM ∥

 . (5)

We solve Eq. (4) by finding C†, where † refers to the
Moore–Penrose inverse. The values of ps refer to projec-
tion coefficients of the source directivity onto the EMD.
The sampling theorem states that the frequency lim-
its, in which the representation is valid, depend on the
monopole positions and compute by

Fmax =
c

2
∥∥xsi − xsj

∥∥
min

∀ i ̸= j [Hz] , (6)

Fmin =
c

2
∥∥xsi − xsj

∥∥
max

∀ i ̸= j [Hz] . (7)

Source Directivity
We represent the directivity of a source by the complex
pressure field at a surface enclosing the source. The
frequency-dependent radiation pattern originates either
from measurements or from simulations. Simulated data
needs to possess information on how the emission pat-
tern behaves up to the limiting frequency of the pro-
jection method; i.e., the pressure field surrounding the
source has to be known for equally spaced frequencies
within [Fmin, Fmax], see Eqs. (6, 7). To compute the di-
recitivity, we use a computer-aided design (CAD) model
to serve as the input to high-order FEM simulations [14]
and calculate the field generated on the surface of an en-
closing sphere. The simulation provides a complex pres-
sure field pr = [P (xr1 , ω), . . . , P (xrM , ω)]

⊺
. The radia-

tion pattern is sampled at points located at xri on the
surface of this sphere. Thus ∥xrm∥ = R, where R defines
the radius of the sphere enclosing the source.

DG Simulation
In order to combine the representation of a source direc-
tivity using the EMD calculated in the frequency-domain,
we exploit the fact that the Fourier transform of a unitary
impulse in the time-domain is a step in the frequency-
domain. Our strategy uses single monopoles from the
EDM as sources for the DG simulations. We provide
initial pressure conditions for the monopole at xsi , cf.
Eq. (8), to obtain the room impulse responses. An ar-
bitrary positioned spherical hole represents the listener’s
head. We define a microphone distribution around the
listener’s head in spherical coordinates using ϕ ∈ [0, 2π]
and θ ∈ [−π/2, π/2] to represent the azimuth and eleva-
tion, respectively. For each of the Q microphones k =
1, 2, . . . , Q and for each simulation (with monopole si)
we calculate an impulse response IRtime

si,(ϕk,θk)
.

In our numerical study the room is a cube with edge
length L = 1 [m] and is approximated by the compu-

tational domain Ωh ∈ [−L/2, L/2]
3
, see Fig. 1. At the

cube’s surfaces, we apply admittance boundary condi-
tions with an admittance value of Y = 0.5. The head
of diameter D = 0.18 [m] is treated fully reflective and
is placed at (0.3, 0.3, 0)

⊺
. We record the pressure results

with a distance of 1 [cm] to the head’s surface at 206
equally distributed microphones along the azimuth and
elevation angles with a sampling rate of 44100 [Hz]. The
chosen sampling rate accommodates the sampling rate of
the anechoic audio signal used in the rendering step. To
replicate a clap in the simulated room we use Gaussian
impulses centered around the position of the modelled
source si at xsi = (x1,si , x2,si , x3,si)

⊺

pi(xsi) = exp

(
−7 · 104

(
3∑

d=1

(xd − xd,si)
2

))
. (8)

Here, xd = (x1, x2, x3)
⊺

is the spatial coordinate.

Synthesis
Each simulation uses a single monopole from the EMD.
Thus, it is necessary to recombine all impulse responses
captured at the microphones to recreate the field gen-
erated by the source represented by the EMD. The
projection coefficients calculated in Eq. (4) serve as
weights in the final synthesis. First, we represent the IR
captured at each microphone in the frequency-domain

via IRtime
si,(ϕk,θk)

FFT−−−→ IRfreq
si,(ϕk,θk)

. The size of the discrete

Fourier transform has to be chosen in order to comply
with the resolution given by the samples of the directiv-
ity. For a given frequency bin centered at ω, we use the
fact that the solution is linear to add the contributions
for all monopoles. We calculate the synthesis coefficient
for the IR collected at a given direction (ϕk, θk) as

hω
(ϕk,θk)

=

N∑
i=1

IRω
si,(ϕk,θk)

· P (xsi , ω), (9)

leading to the orientation dependent synthesis filter ex-
pressed by

H(ϕk,θk) =
[
hω1

(ϕk,θk)
, hω2

(ϕk,θk)
, . . . , h

ωf

(ϕk,θk)

]
. (10)
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Auralization of the Results
The filter represented in Eq. (10) can be used for the
final step in the auralization pipeline. Each value of k
relates to a particular direction relative to the listener
position. We rotate this direction to the reference frame
of the listener using the orientation of the head, and then
combine the filter H(ϕk,θk) with the correct HRTF after
the listener’s head rotation. Here the closest-approach
is used, where the filters that corresponds to the closest
direction for a rotation are selected. Finally, an anechoic
signal is convoluted with the dual channel filter resultant
from the combination of H(ϕk,θk) and the HRTFs. The
anechoic signal can be provided in the time-domain rep-
resentation. Frequency-domain filter crossfading is used
for convolution of the anechoic signal representing the
source sound and the resulting filter after head rotation.
We use a crossfading envelope to smooth the transition
between the time-varying filters, and avoid the creation
of artifacts in the auralization. The result is an audio
signal with two channels, rendering binaurally according
to the orientation of the listener’s head. Figure 2 depicts
the proposed auralization pipeline.

DGRoom model
EMD
xsi

Synthesis

Head
Rotation

Real-time
Convolution

Audio Input

HRTF

Binaural audio

Figure 2: Auralization framework using RIR calculated from
DG simulation.

Results
Using the framework proposed, we create an auraliza-
tion example using a CAD model of a radio and a simple
model room as depicted in Fig. 1. We use high-order
FEM on the radio model to determine its directivity due
to the vibration of the speaker. The highest frequency
used to calculate the directivity is 22050 [Hz], and the
frequency bins are of 1 [Hz] resolution. The complex
pressure is calculated in 4100 points equally distributed
on the sphere. We applied mono recordings of a drum
solo in hemi-anechoic conditions as input to the example
as the audio signal. We perform head rotation aligned
with the vertical axis. The source is initially positioned
at the left of the listener and the head rotates to align
the front direction with the source position. The whole
movement takes 10 seconds. For this case, the equiv-
alent monopole distribution consists of 169 monopoles
equally distributed along the azimuth and elevation an-
gles of a sphere of radius 0.1 [m]. We observed that one

of the bottlenecks is the computational cost of the DG
solver. This raises the concern of using less monopoles
to represent the source directivity in order to reduce the
time invested to calculate all RIR required. Two differ-
ent situations are proposed to assess the difference in the
final rendering as result from the number of monopoles
used in the EMD; one using 169, and the other using 91
monopoles to represent the source directivity, cf. Fig. 3.
Since the 91 monopoles distribution is a subset of the 169
EDM, there is no need of rerunning the DG simulations.
We only recalculate the projection and synthesis steps
for each case.

(a) 169 points. (b) 91 points.

Figure 3: EMD for different amount of points, red dots are
the selected monopole locations.

Figure 4 shows the difference in the normalized H fil-
ter at the microphones for ω = Fmax = 14.7 [Hz]. It is
the maximum frequency according to Eq. (7) for the 91

monopoles EDM. The normalization follows
∥Hω

(ϕ,θ)∥∥∥∥Hω
(ϕ,θ)

∥∥∥
max

for all angle orientations on the mesh and a given fre-
quency ω. The information at the microphone positions
differs substantially between cases. This is also observed
in the final audio rendering, see Fig. 5 for the spectrum
of the left channel. The 91 points EMD doesn’t exihibt
the same spectrum as the 169 points. There is a severe
attenuation of the frequencies above 1000 [Hz] for the 91
monopoles case when compared to the 169 monopoles.
For frequencies below 1000 [Hz], attenuation is not ob-
served, but the amplitude peaks do not coincide. This
indicates that the projection concentrates the energy of
the spectrum in the lower frequencies. Further analysis
is required to assess the reason.

(a) 169 points. (b) 91 points.

Figure 4: Synthesis results at microphones, at 14.7 [kHz]

Conclusions
We presented a framework that combines information
from both source and room and that uses DG simula-
tions to calculate the room impulse responses. The room

DAGA 2022 Stuttgart

129



Figure 5: Normalized spectrum of the final audio rendered.
Exemplarily for the left channel, black 169 points, red 91
points.

impulse responses are calculated for each monopole in
the equivalent monopole distribution that respresents the
source directivity. Thanks to the precomputed transfer
functions per monopole, we can switch between different
source directivities without needing to rerun the DG sim-
ulations. Projecting the field that describes the source di-
rectivity into a monopole distribution is straightforward.
The pipeline allows representation of a source directivity
in the frequency range limited by the EMD. Bottleneck
of the pipeline is the computational cost to run each DG
simulation required. A strategy to overcome this is to
use less monopoles to represent the source directivity,
but this modifies the binaural signal spectrum.
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