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Abstract

DLR has developed and built a mobile microphone array for outdoor measurements.
First measurements with the new system have been performed in the DLR research wind
park WiValdi in Krummendeich. Array data have been measured for different modes of
operation of the wind turbines. This paper describes the source localization analysis of
the data. The array is mounted on a wooden platform at ground level and has the shape
of a multi-arm spiral that has been stretched into an elliptical shape in the direction of the
wind turbine in order to improve the resolution in the vertical direction. The geometry of
the set-up is not perfect, because the array is not at a right angle to the rotor plane, which
moves with the wind direction. Measurements have been performed over 60 seconds. The
analysis is performed over a time period covering 5 full rotations, which amounts to a time
interval of about 22 seconds.

1 INTRODUCTION

Wind turbines rotate at a near-constant speed. This relatively slow movement generates large-
scale turbulences that result in audible pressure fluctuations. These can be recorded using a
microphone array and subsequently analyzed. The German Aerospace Center (DLR) designed
a microphone array for source localization measurements on wind turbines. The setup of this
microphone array is described in [9], which has been presented at DAGA 2026. This paper
describes the analysis of the data obtained from that measurement. The aim is to separate sound
sources at the three rotor blades and sources at the leading and trailing edges of the blades.
Different methods are used to achieve conclusive results while keeping computation costs low.
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Figure 1: Wind turbine at the DLR research wind farm WiValdi.

2 METHODS

In order to analyze the wind turbines at the DLR research wind farm WiValdi [4] three different
methods were used to evaluate the data obtained from the microphone array. Delay-and-Sum
Beamforming is a robust method that gives a good overview of the results. Since the accuracy of
this method depends on the imaging poperties of the array that are described by the point spread
function, two other methods, CLEANT and CLEANT with grid refinement, were implemented
to get better results. All methods are based on classical beamforming.

Since computing time is proportional to the number of points evaluated and the CLEANT al-
gorithm only uses one maximal point in each iteration, the algorithm can be more cost effective
by reducing the number of points calculated while looking for the maximum.

2.1 Beamforming

Beamforming uses different sound propagation times and changes in amplitude to reconstruct
emitted signals, since both vary with the distance from a source to different microphone po-
sitions. By scanning several points on a grid, the source positions can be determined. It is a
well known algorithm to reconstruct sound sources and was already established in 1976 by J.
Billingsley and R. Kinns [2]. To ensure that sources are reconstructed and localized correctly,
the source plane is sampled using an equidistant grid, as shown in Figure 2. Sound sources are
expected along the rotor blades. In order to separate sound sources at the leading and trailing
edges of the blades, the grid is rotated to be stationary with respect to the rotor plane. As the
blade chords taper towards the tip, the grid resolution should be sufficiently dense in this region,
where sources are expected.

2.2 CLEANT

The CLEANT algorithm [3] is an extension of the beamforming algorithm, as it reuses its result
to find a dominant source in each iteration. The algorithm starts out with classical beamforming.
The results are stored as the Dirty Map. A Clean Map without any data is initialised. From
the Dirty Map the strongest source in a given frequency domain is identified and its position
determined. The source signal is scaled by a loop gain factor g 2 (0;1) and added to the Clean
Map. Since the position is known the microphone signal of the source can be modelled and
removed from the total microphone signals, scaled with the same g . The next iteration uses the
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grid point

microphone array

Figure 2: The plane in which the sound sources are expected to be located is defined by a grid,
and the grid points are provided to the algorithm as input. The grid points are scanned
one by one, thereby locating the sound sources.

reduced microphone signals to again perform beamforming. This process is repeated until the
identified point sources reconstruct the recorded microphone data with sufficient accuracy and
a stopping criterion is reached [5].

In order for distributed sources along the edge of a rotor blade to be represented accurately
in the results, a low scaling factor g should be chosen as shown in [7]. An example showing
results with different values for g based on a simulated source is displayed in Figure 3.

Figure 3: Comparison of CLEANT results with two different values for g for a simulated ring-
shaped source. A lower value for g results in a better representation of the distributed
source. Source: [7]

CLEANT produces a source map that only considers the strongest soures. Iterations con-
tinue until the energy in the remaining microphone signals no longer decreases significantly. A
flowchart of the algorithm is shown in Figure 4.

2.3 Successive grid refinement

The runtime of the beamforming algorithm is proportional to the number of grid points. Since
in each iteration of the CLEANT algorithm, beamforming is performed on a dense grid for high
resolution, runtimes are high. As only one source is relevant at each step of the algorithm, it is
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Figure 4: Flowchart of the CLEANT algorithm.

possible to reduce the number of grid points. The idea behind the successive grid refinement
method is to scan the source region using a coarse grid and to reduce point spacing only in those
areas that contain sources with high sound pressure levels [7]. In order to minimize the risk of
undersampling, the point spacing of the initial grid should be smaller than the beam width of
the microphone array. This determines the range over which sound sources can be localized
and depends on the wavelength of the frequency, the distance between source and microphone
array, and the diameter of the array [8]

b� l r
D

: (1)

On the initial grid beamforming is performed and a given number of points with maximal values
determined in a certain frequency domain. These points are each replaced by four points spaced
at half the previous distance. Beamforming is performed on the new points, and again, a given
number of points with maximal values is determined. The process continues until a minimal
distance between points is reached. This results in quiet regions being largely excluded from
the analysis, significantly reducing the processing time. However, as the regions of interest are
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examined in high resolution, the quality of the results is expected to be similar to that of an
equidistant grid.
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Figure 5: Successive grid refinement. In four steps certain areas of the grid are refined. New
points are highlighted in orange.

DATA ANALYSIS

In order to test the methods and implementations, a test case was simulated using the python-
package acoular [1]. The test case included three sources rotating with constant speed. Since
positions and pressure levels are known, the results can be checked for accuracy. Figure 6
depicts three beamforming results using different point spacing of the grid. The accuracy of
source positions increases with resolution.
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Figure 6: Beamforming results at 500 Hz of a simulated case with three rotating sources anal-
ysed with different grid resolutions.

During the measurement in 2024, carried out at the DLR research wind farm WiValdi, two
wind turbines were active. The analysis focusses on the one closer to the microphone array. 101
microphones were positioned at distance of around 100 m from the base of the wind turbine over
an area of 6 m by 12 m. Details can be found in [9]. The setup is shown in Figure 7.

During the measurement, 29 recordings were made, each lasting 60 s, for different configu-
rations of the wind turbines.

The orientation of the wind turbine is dependent on the direction of the wind. The rotor plane
can turn around the vertical y-axis (yaw angle) and tilt around the lateral x-axis (pitch angle).
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Figure 7: Measurement setup. The microphone array is located approximatly 100 m from the
wind turbine OPUS 2.

The sensors of the wind turbine have a tolerance, which leads to measurement uncertainties
when determining the yaw angle. Both angles have to be considered in the analysis of the data.
A sketch is shown in Figure 8. Due to the wind direction, the wind turbine was viewed from
behind during the measurements. For the analysis, this implies the anti-clockwise rotation of
the wind turbine in the image plane.

Figure 8: The pitch angle, shown on the left, and the yaw angle, shown on the right.

Prior to the beamforming analysis the raw data have been checked for intensity and validity.
Figure 9 shows several spectra from selected microphones averaged over time and the spectro-
gram of one microphone over 60 s. The microphones have similar power spectra and the signal
is also very regular over time. Both plots show a peak at approximately 150 Hz. This frequency
should be taken into account in the subsequent analysis.

A low-frequency sound can be heard in the recordings. The beamforming result for the 160
Hz third octave band, which contains this frequency, is shown in Figure 10. On the left-hand
side, a static grid is used for the beamforming algorithm. A large source region can be seen
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Power spectral density of selected microphones
across the frequency range.
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Spectrogram of a microphone during a 60 s
recording.

Figure 9: Elevated levels at 150 Hz can be seen both in the microphone spectra and in the
spectrogram.

above the position of the hub. In the rotating grid on the right-hand side of the Figure, this
source region is rotated into a ring. The characteristics of the microphone array do not allow for
greater accuracy in source localisation at this frequency. The identified sources are likely to be
sources caused by the generator, which are not mapped onto the hub due to inaccuracies in the
assumed geometry.
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Beamforming sourcemap at 160 Hz when
using a static grid with a point spacing of
1 m.
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Beamforming sourcemap at 160 Hz when
using a rotating grid with a point spacing
of 0:5 m.

Figure 10: Source maps of the beamforming results of record 14 at the 160 Hz third octave
band.

After examining the raw data and calculating initial beamforming results in the static system
to provide a rough assessment of the data sets, the algorithms presented are applied to a number
of selected recordings. Although the rotation of wind turbines is a relatively slow movement,
the length of the rotor blades results in high speeds at the blade tips. During the recordings
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