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Introduction
Noise from tire-pavement interactions is the dominant
sound source of environmental noise. Therefore, reducing
this source of noise generation is of great interest. For
this task, it is helpful to determine the primary sound
sources during the tire-pavement interaction. This con-
tribution presents the application of a new method for
identifying sound sources and calculating the sound pres-
sure field near the tire. This method is called Inverse
Scheme and uses microphone array measurements and
Finite Element (FE) calculations. Further, this contri-
bution covers all steps that are necessary to apply the
Inverse Scheme.

Sound source identification results of the rolling tire
are shown, which are compared to Beamforming results.
The measurements were performed using a measurement
trailer for passenger vehicles.

Inverse Scheme
The Inverse Scheme is a frequency-based sound source
identification method, which uses microphone array mea-
surements and FE simulations. The simulated acoustic
pressure is evaluated at the microphone positions in the
frequency domain. The inverse problem of reconstructing
the sound sources, which are assumed to be within a finite
region of the computational domain, is solved by match-
ing the measured and simulated sound pressures. The
mathematical formulation will not be presented here. It
can be found in [1] and [2], where the Inverse Scheme was
first presented and its application to actual microphone
data, respectively.

The governing equation of the forward problem is the
Helmholtz equation

∇ · ∇pa + k2pa = σ in Ω . (1)

In (1), pa = pa(x, ω) denotes the acoustic pressure in fre-
quency domain, ω the angular frequency, k = ω/c0 the
wave number, σ the sound sources and Ω the computa-
tional domain. Since the Inverse Scheme is defined in
the FE framework, we derive the weak form of (1) by
multiplying with an appropriate test function p′, inte-
grating over the computational domain Ω and applying
integration by parts∫

Ω

(
∇pa · ∇p′ − k2pap

′) dx =

−
∫
Ω

σp′ dx+

∫
∂Ω

∇pap
′ · ds ∀p′ ∈ V. (2)

Here, V denotes the function space of the test functions
p′, which is a real Hilbert space [1].

The optimization problem of matching the measured
pressures pms

i and simulated acoustic pressures pa(xi) at
the microphone positions xi is defined via minimizing the
functional J

min J(pa, a, φ), s.t. (2) (3)
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(4)

In (3), an and φn denote the n-th sound source’s ampli-
tude and phase. Further, since the problem is ill-posed, a
Tikhonov regularization is used. The regularization pa-
rameters α, β, ϱ, the scaling factor Φ and the exponent q
are defined in [1]. Sound sources σ in (2) are modeled as
monopole sources, see [3].

The Inverse Scheme overcomes several drawbacks of
beamforming based algorithms. One is that the actual
boundary conditions of the measurement environment in
which the sound source identification is performed, can
be considered. Beamforming algorithms usually assume
free field radiation, although reflections can be considered
using the method of mirror sources. Further, good source
identification results can be obtained at low frequencies,
and the reconstructed sound field matches the measured
very well. The downside is that the Inverse Scheme is
computationally expensive because of the necessary FE
simulations of the whole computationally domain in each
iteration step of the optimization.

Measurement Setup
The measurement setup is a measurement trailer accord-
ing to ISO 11819-2 (Close Proximity Method) for measur-
ing rolling noise. It is equipped with a three-dimensional
microphone array with 33 microphones that are mounted
on rails. The trailer has a protective enclosure that is
closed on its lateral walls and on top but completely open
at the bottom. On the inner surfaces, acoustic absorbers
are mounted for insulation. The trailer has two mirror-
symmetric chambers with one measurement tire each.
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In the following, all steps that are necessary to apply the
Inverse Scheme will be explained. These steps are

• creating a 3D CAD model of the trailer, including
all acoustically relevant obstacles,

• characterizing the acoustic absorbers such that they
can be included in the FE model,

• performing a validation measurement where the sta-
tionary trailer is excited with a loudspeaker.

3D CAD Model
The actual geometries of the trailer are simplified to re-
duce the complexity of the mesh. Obstacles within the
trailer with characteristic lengths of ≤ 40mm, such as
thin bars for mounting the microphones, are neglected.
This is justified as the maximum frequency of interest in
this study is fmax = 1600Hz, where the corresponding
minimal wavelength is λmin = c/fmax ≈ 210mm, with
the speed of sound c. All larger scatterers with dimen-
sions > 40mm are taken into account.

The mesh consists of linear nodal finite elements with a
discretization h, where h is chosen according to the rule
of thumb h ≲ λmin/10 [4].

Characterization of the Acoustic Ab-
sorbers
The acoustic absorbers on the inside walls of the trailer
are a significant part of the acoustic measurement en-
vironment. Therefore, they are modeled as a separate
region within the computational domain. To account for
sound attenuation effects, the absorber regions are mod-
eled as a complex fluid. This method is based on Biot’s
theory, which states that poroelastic materials can be
modeled as two interacting parts, a skeleton and a fluid
saturating skeleton. In the case of the used acoustic ab-
sorbers, the skeleton can be assumed as rigid. Therefore,
they can be modeled as equivalent fluid with complex val-
ued material properties, i. e. compression modulus K(ω)
and density ρ(ω).

To compute the material properties, the Johnson-
Champoux-Allard-Lafarge (JCAL) model [5] is used.
This model is a semi-phenomenological model with six
parameters. These six parameters were fitted to mea-
surements of the reflection coefficient of the acous-
tic absorbers. The reflection coefficient measurements
were carried out in an impedance tube, using the two-
microphone method [6, 7]. In order to determine the
JCAL model parameters, we solve the optimization prob-
lem defined by

min
pJCAL

Jr , (5)

where

Jr = ∥rmeas − rJCAL∥ . (6)

In (6), rmeas denotes the measured reflection coefficient
and rJCAL the calculated reflection coefficient. The lat-
ter is calculated using the material parameters from the
JCAL model. The parameters pJCAL of the JCAL model

are the design variables. The optimization is performed
using a genetic algorithm.

The fitting of reflection coefficients is performed in sepa-
rate frequency bands that lie between 200Hz–1600Hz.
Results for two frequency bands, ranging from 200–
500Hz and 500–1000Hz, are shown in Fig. 1.

Figure 1: Fitting results of the measured and calculated
acoustic absorber’s reflection coefficient. For the calculation,
the JCAL material model is used.

As can be seen in Fig. 1, the reflection coefficient of the
material under test can very well be approximated by the
JCAL model. Therefore, the material properties K(ω)
and ρ(ω) calculated with the optimal model parameters
are used in the FE simulation.

Validation of the FE Model via Forward
Simulation
To validate the forward model, a loudspeaker is placed
inside the stationary trailer. The loudspeaker is excited
with mono-frequent signals and the sound pressure is
measured at these discrete frequencies. With previous
measurements of the loudspeaker’s membrane velocity
via a laser Doppler vibrometer (LDV), the amplitude
of the membrane is known as a function of the cur-
rent through the loudspeaker. Therefore, if the current
through the loudspeaker is known, the correct acoustic
excitation of the trailer can be prescribed in the FE simu-
lation and a direct comparison of measured and simulated
acoustic pressures can be performed.

The prescription of the surface velocity on the loud-
speaker membrane can be achieved by inserting the lin-
earized conservation of momentum, which reads in the
frequency domain as

jωρ0va = −∇pa , (7)

into the surface term in the weak form of the Helmholtz
equation (2).

Subsequently, the simulation and measurement of the
acoustic pressures at the microphone positions are com-
pared. Exemplary, the result of the forward simulation
at a frequency of 300Hz is shown in Fig. 2. This shows
a good agreement between simulation and measurement.
Although not all amplitudes and phases match perfectly,
the general qualitative course of the functions can be ap-
proximated very well. Therefore, it can be concluded
that the forward model is valid and subsequently can be
used for the sound source identification with the Inverse
Scheme.
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Figure 2: Comparison of simulated and measured pressure
at microphone position for 300Hz. For validation of the FE
model, a loudspeaker with known amplitude displacements is
used to excite the stationary trailer.

Source Identification Results
For the application of the sound source identification
algorithms, measurements with the trailer were carried
out. The measurement data was gathered on Austrian
highways with concrete and asphalt pavements at vehi-
cle speeds between 50–80 km/h. A characteristic result
at an acoustic frequency of 603Hz is presented in Fig. 3,
where the sound source level Lσ is plotted. This level
computes analogously to the sound pressure level as

Lσ = 20 log10
σ

σ0
, σ0 = 20µN/m . (8)

(a) Conventional Beamfom-
ing. (b) CLEAN-SC.

(c) Inverse Scheme.

Figure 3: Sound source identification results at the rolling
tire for different methods.

For comparison, in addition to the Inverse Scheme, con-
ventional beamforming (convBF), also known as Fre-
quency Domain Beamforming (FDBF), and the decon-
volution algorithm CLEAN-SC are applied.

The convBF algorithm identifies the main sound source
at the tire’s contact patch, see Fig. 3a. However, the
identified source shows a main lobe of large width, i. e.
the source is smeared, and there are also dominant
sources identified at the back of the tire.

The deconvolution algorithm CLEAN-SC [8] identifies
the main sound source as a single source at the trailing

edge of the tire, Fig. 3b.

The Inverse Scheme delivers a similar result, with a dom-
inant sound source at the contact patch of the tire. But
there are additional sources identified along the circum-
ference of the tire, see Fig. 3c.

To compare the better-performing algorithms, CLEAN-
SC and the Inverse Scheme, a sound propagation simu-
lation with the corresponding identified sources is done.
The comparison between simulated sound pressures and
the microphone measurements are shown in Fig. 4 as a
function of the distance between the microphones and
the tire contact patch. It has to be mentioned that the
CLEAN-SC algorithm can only identify the source’s am-
plitude, due to the structure of beamforming algorithms.
Therefore, the CLEAN-SC source’s phase is assumed to
be zero in the forward simulation, and a comparison to
the measurement regarding the acoustic phase is difficult.
However, due to the linearity of the governing equation,
the phase deviation could only be a constant offset for
all microphones. Since the Inverse Scheme identifies not
only source amplitudes but also phases, a direct compar-
ison to the measurement values is possible in this case.

Fig. 4 shows a comparison between measured acous-
tic pressure and the simulation of the identified sound
sources via the Inverse Scheme. The simulated pressure’s
amplitude shows good agreement within one wavelength
from the tire. The simulated phase matches the mea-
sured phase very well. Therefore, it can be concluded,
that all relevant sound sources of the tire-pavement in-
teraction are identified and the sound field around the
tire can be simulated in a good approximation with the
identified sound sources.

A propagation simulation with the one identified source
via CLEAN-SC is not able to represent the measured
sound field well enough.

Conclusion
To summarize, it could be shown that the Inverse
Scheme can successfully be applied in a real-world sce-
nario to identify the main sound sources during the tire-
pavement interaction. Good results in sound source lo-
calization can be achieved with the Inverse Scheme and
the beamforming-based algorithm CLEAN-SC. Mediocre
sound source localization results can be achieved with the
simple but very robust conventional beamforming algo-
rithm. The sound propagation simulation with identified
sources from the Inverse Scheme matches the measure-
ment well. In contrast, although the source map calcu-
lated with CLEAN-SC is quite similar to the result from
the Inverse Scheme, the propagation simulation with the
CLEAN-SC sources do not show a good agreement with
the measurement.
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Figure 4: Comparison of simulated and measured pressure at microphone position for 603Hz. For the computation of the
sound field, sound sources at the rolling tire identified with the Inverse Scheme and the beamforming based algorithm CLEAN-
SC are used.
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