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ABSTRACT

The air flow at the rotor blades causes turbulence which
generates sound at the trailing edge of the blade. So-
called serrations at the end edge of rotor blades break the
turbulence into smaller structures, which shifts the sound
emissions to higher frequencies. Simple sound pressure
measurements can be performed to check the effective-
ness of these serrations. However, sound pressure mea-
surements with single microphones provide only integral
values about the overall sound emission. In contrast, beam-
forming methods allow to determine the location of sound
sources on the blade and an estimation of the amplitude of
these sources. Therefore, the acoustic camera is an inter-
esting analysis tool for the optimisation process of wind
turbines, for example to determine the best position for
the serrations. So far, no standardised approach exists for
measurements on wind turbines with acoustic cameras. To
develop such an approach, a measurement campaign with
two different microphone arrays was carried out on two
different wind turbines over a period of three days. The
goal was to analyse the blade noise regarding to the dis-
tance and the azimuth angle between the acoustic camera
and the wind turbine. Also the influence of downstream
and upstream measurement positions was analysed. The
results of these investigations will be discussed in order
to establish a standard protocol for wind turbine measure-
ments with acoustic cameras.

1. INTRODUCTION

Aerodynamic noise is a major health issue for the people
living close to wind farms [1] which generates from the ro-
tating movement of wind turbine blades and their interac-
tion with the air which produces a swishing sound [2]. The
noise emitted by a wind turbine must comply with specific
regulations and limits, depending on the place where the
wind turbine is operated [3]. To reduce this aerodynamic
noise, it is crucial to investigate the acoustical characteris-
tics of wind turbine.

Single-microphone methods only provide information
about the overall noise and not on the location and intensity
of the source. On the other hand, acoustic cameras are
being widely used in order to localise sound sources using
beamforming algorithms [4]. An acoustic camera consists

of a group of omnidirectional microphones arranged in a
specific configuration. The configuration and the size of
the microphone array defines the frequency range for the
localisation of the sound sources. The signals picked up
by the microphones are delayed and summed in order to
interfere constructively [5].

In this study, we used an acoustic camera consisting of
48 microphones on three arms to measure noise emissions
and investigate the influence of using serrations at the rotor
blades. The large array diameter of 3.4 m makes it possi-
ble to localise low frequencies for outdoor applications. In
addition, measurements with an array of 120 microphones
arranged in a spiral configuration with a diameter of 0.95
meters were used for comparison. The measurements took
place at the citizen wind farm Janneby between the 25th
and 27th of October 2019. Two different wind turbines
were investigated, one with and one without serrations.

The aim of this work was to develop a systematic ap-
proach to investigate the noise emissions at the blades with
an acoustic camera. This can help to better assess the ef-
fectiveness of measures to reduce sound emission, such as
the installation of serrations.

2. THEORY

2.1 Beamforming

2.1.1 Algorithm

The basis of sound source localisation using beamform-
ing algorithms is the analysis and processing of runtime
and phase differences between the sound sources and sin-
gle microphones of the array respectively. For simplified
view only stationary sources are considered. The princi-
ple is based on a mathematical compensation of runtime
differences of the noise signal from any point x in an im-
age plane to the single array microphones. The calculation
of the reconstructed time waveform of the sound pressure
p̂(x, t) for a location x = (x′, y′, z′)T in the image plane
is carried out by using the so called delay-and-sum algo-
rithm:

p̂(x, t) =
1

M

M∑
i=1

fi(t+ ∆i) (1)

where t is the time, M the number of microphones in the
array, fi the sound pressure time waveform recorded by



the microphones at position xi (see for example [5]). The
relative runtime difference ∆i is derived from the absolute
runtime τi, which are calculated for each microphone as
∆i = τi − min(τi). The absolute runtime τi = |ri|/c,
with c the speed of sound in air (c = 344 m/s at 20 °C) and
|ri| = |xi − x| the geometric distance from microphone i
to a point x. Equation 1 is solved for any point of a defined
image plane. A time waveform is calculated for each pixel
and the rms or maximum value can be displayed as color
coded levels. This representation is typically referred to
as an acoustic map. The superposition with a photographic
image displays the position of dominant sound sources and
is called acoustic photo.

2.1.2 Dynamic range and main lobe width

Two fundamental properties to describe the quality of a
beamforming result are the main lobe width and the dy-
namic range. They are mainly determined by the array de-
sign and the frequency of the investigated component.

Figure 1 shows the amplitude distribution of a simulated
beamformed signal along one axis for a ring array with one
central noise source. The maximum amplitude occurs at
the source location. The amplitude does not decrease con-
tinuously with increasing distance to the source but shows
a pattern of local minima and maxima.

Figure 1: Amplitude of a simulated, beamformed signal
along one axis for a point source centrally located in front
of the array

The amplitude difference between the maximum value
of the main and the first side lobe represents the dynamic
range. Multiple sources can only be located simultane-
ously with conventional beamforming algorithms if the
level difference is lower than the dynamic range of the ar-
ray.

The main lobe width is the distance where the amplitude
of the beamformed signal has dropped by 3 dB compared
to the maximum. It restricts the localisation of adjacent
noise sources. If the main lobe is wider than the distance
between the sources, neighbouring sources will appear as
one source.

The width of the main lobe and possible dynamic ranges
are determined by the array design. According to [6] spi-
ral microphone setups provide the best compromise of low
main lobe width and high dynamic range, which makes
them widely applicable.

2.1.3 Acoustic photo

Acoustic photos can either be calculated in the time- or
the frequency domain. Figure 2 displays an acoustic photo
generated from the time domain data. It depicts the time
waveforms of the 48 microphones on the top and the
acoustic photo on the bottom. The timeframe marked in
black corresponds to the time interval (integration time)
for which the acoustic photo was calculated.

Figure 2: Acoustic photo generated from the time domain

Figure 3 illustrates the result of the frequency domain
beamforming whith the same integration time as in fig-
ure 2. The frequency spectrum calculated from the chosen
time domain is shown on the top. In this spectrum the fre-
quency range of the 1.25 kHz third octave band is marked.
The acoustic photo on the bottom of figure 3 is calculated
from these frequencies. For a better representation of the
results, only the acoustic photos are usually shown in this
paper.

Figure 3: Acoustic photo generated from the frequency
domain

2.1.4 Focus of the acoustic camera, rotation angle and
focus dependent delay

Due to the different runtimes between light and acoustic
it is necessary to compensate the delay (focus dependent



delay). Furthermore, it has to be considered, that the cam-
era is pointing at the wind turbine hub at an angle, which
causes a tilted focus plane. This is a potential source of
error due to the fact that the focus distance is only accurate
at the horizontal line where the camera focus plane cuts
the rotor plane of the wind turbine. Figure 4 illustrates
this, with the black area representing the focal plane and
the grey area representing the rotor plane. The difference
in distance from array to a blade tip might vary up to 50
metres at measurement distances close to the reference po-
sition. In order to compensate this error a computational
focus plane rotation around the rotor centre was executed
before the beamforming algorithm was applied.

Figure 4: Focus (black) and rotor plane (grey)

2.2 Wind turbine noise

2.2.1 Theory

The noise emitted by an operating wind turbine can be di-
vided into mechanical and aerodynamic noise. Mechani-
cal noise originates from different machinery components,
such as the generator and the gearbox. This noise propa-
gates as structure-borne sound and is emitted via the struc-
ture as airborne sound. Aerodynamic noise is radiated
from the blades and is caused by the interaction of turbu-
lence with the blade surface. The turbulence can be orig-
inated either from atmospheric turbulence present in the
incoming flow or from the visocous flow in the boundary
layer around the blades. The focus of this paper lies on the
investigation of aerodynamic noise, since nearly no me-
chanical noise was present during the measurements. A
detailed overview of the theory of wind turbine noise can
be found in [7].

2.2.2 Serrated wind turbine blade trailing edge

Among other implications on the engineering design of the
wind turbine blade, the serrated wind turbine blade trailing
edge is acoustically designed to reduce the noise induced
by Karman vortex shedding. Figure 5 shows a schematic
drawing taken from an european patent application [8].
Typically, reductions between one and three dB are pos-
sible. The blades of type LM58.7 used on the Vensys 120
are equipped with trailing edge serrations.

Figure 5: Schematic drawing of trailing edge serrations
from [8]

2.2.3 Reference position

In order to fully characterise the noise emissions of a wind
turbine the IEC 61400-11 provides a detailed measurement
and analysis procedure [9]. The procedure is based on
sound pressure measurements at one mandatory reference
position at a distance R0 from the wind turbine tower to
the microphone. The position needs to be within ±15◦ of
the downwind direction. For horizontal axis turbines R0 is
given by R0 = H + D

2 where H is the vertical distance
from the ground to the rotor centre and D is the diameter
of the rotor with a 20% tolerance. This distance range has
been used as a reference for the most presented tests.

3. MEASUREMENTS

3.1 Equipment

The measurements were performed with two microphone
arrays of the company gfai tech. The first one, the Star48,
is a 48 channel array designed for outdoor applications. It
consists of three arms with 16 microphones each. The di-
ameter of the array apertur is 3.4 meters. The array is suit-
able for the localisation of sound sources in the frequency
range between 66 Hz and 13 kHz.

While the majority of testing were carried out using the
Star48, the second microphone array, Fibonacci120, was
used for a performance comparison. The Fibonacci120
consists of 120 spirally arranged microphones and has a
diameter of 0.95 m. This array is suitable for sound source
localisation in the frequency range between 262 Hz and
20 kHz.

For data acquisition the mcdRec of the gfai tech with a
sampling rate up to 192 kS/s and a resoultion of 32 bit was
used. Figure 6 shows the whole measurement setup with
both arrays.

3.2 Wind turbines

Two different wind turbines were investigated, one with
and one without serrations. Technical details are sum-
marised in table 1.



Figure 6: Picture of a full measurement setup consisting
of both arrays, data acquisition system and computer

Vensys 112 Vensys 120
Rotor diameter 112.5 m 119.9 m

Hub height 93.5 m 90.0 m
Nominal power 2.5 MW 3.0 MW

Blade type LZ55 LM58.7
Serrations no yes

Clockwise rot. speed 12.75 rpm 13.6 rpm

Table 1: technical details of the investigated turbines

3.3 Measurement positions

For the investigation of the wind turbines, a large num-
ber of measurements were carried out at different positions
in upwind and downwind direction. The distance to the
turbines was varied as well as the angle. However, ex-
cept from the comparison of upwind and downwind in sec-
tion 4.3 and the comparison of relative source positions at
different angles in section 4.5 mainly the measurement po-
sitions in downwind direction according to the reference
positions were investigated. According to the plant data in
table 1, the reference distances to the examined wind tur-
bines are between 120 and 180 metres directly in front of
the wind turbines.

4. RESULTS AND DISCUSSION

4.1 Integration time

First of all, the influence of the integration time on the
acoustic maps has to be analysed. Since moving objects are
investigated, a long integration time may lead to a blurred
image of the acoustic sources. On the other hand, a short
integration period leads to a poor frequency resolution for
lower frequencies.

In figure 7 the acoustic photos of the wind turbine with
different integration times are shown. From that view, the
rotation direction is counterclockwise. The pins indicate
the tip positions of the blades during the rotation. The mea-
surement position was chosen in accordance to IEC 61400-
11 [9]. The first picture is calculated for an integration time
of 4.46 seconds, which corresponds to a full rotation of the
blades. The acoustic emission is much louder when the
blade is moving downwards than when it is moving up-

wards. Since it can be assumed that the sound power level
is independent of the rotor position, a strong directional
pattern can be concluded from this.

∆t = 4.46s (one rotation)

∆t = 1.487s (one thirth rotation)

∆t = 0.372s (one twelfth rotation)

∆t = 0.124s (one thirty-sixth rotation)

Figure 7: Acoustic pictures of the Vensys 112 from the
time domain with different integration times

The second picture of figure 7 is calculated for an inte-
gration time of 1.487 seconds, which corresponds to a third
rotation of the blades. The acoustic map looks nearly sim-
ilar to the first one. A further reduction of the integration
time leads to a smaller source representation. The third
picture in figure 7 is calculated for an integration time of
372 ms. It shows clearly the emission of a single blade.
The last picture shows the acoustic map for an integra-



tion time of 124 ms. The acoustic photo is qualitatively
comparable to the previous one. However, the amplitude
increases with decreasing integration time, provided the
blade is at the loudest position of the revolution in the se-
lected time range.

From the results it can be concluded that the integra-
tion time does not have to be chosen as small as possible
to get a good sound source representation of the blades.
The best integration time depends on the purpose of the
investigation. For the identification of the rotor position
with the loudest sound emission regarding to the measure-
ment position, an integration time of about one revolution
is suitable. To compare the effectiveness of constructive
measures such as the installation of serrations, a short in-
tegration time of less than a twelfth of a revolution is use-
ful, assuming comparable wind conditions for the different
measurements. For some results in this paper very short
integration times of about 40 ms were chosen, especially
when transient effects were investigated.

4.2 Frequency foot prints

Beamforming enables to determine the time function of a
source emitted from a specific point. This is comparable to
the recording with a single microphone with strong direc-
tional pattern. To ”hear” the blades on the position of the
downwards movement, the time signal at the loudest point
of an A-weighted acoustic map was extracted. The acous-
tic map was calculated with an integration time of 11.3
seconds (corresponding to two revolutions in this measure-
ment). The top graph of figure 8 shows the time function
of the sound pressure level Lp(t) (window length: 125 ms)
of the beamformed signal. Additionally, Lp(t) of a sin-
gle microphone is drawn in the graph. It can be seen that
the beamformed signal is on average 18 dB quieter than
the microphone signal, but the qualitative course is quite
similar.

However, highpass filtering shows the improvement of
the signal quality. The bottom graph of figure 8 shows the
curves of the high-pass filtered sound pressure levels of
both signals. In contrast to the filtered microphone signal
the filtered beamformed signal shows clearly the individual
passes of the blades at the listening position.

The technique of extracting the beamformed signals can
be used for a detailled disussion of the influence of ser-
rations. Therefore, the beamforming was applied to both
wind turbines with an integration time corresponding to
one revolution. Figure 9 shows the results. The left part
of the figure shows the Vensys 112 (distance to the na-
celle: 141 m, Wind speed: 11.5 m/s, rpm: 14.1, power:
2.55 MW) and the right part of the picture shows the Ven-
sys 120 (distance to the nacelle: 138 m, Wind speed:
15.2 m/s, rpm: 13.0, power: 3.0 MW). First of all, one can
see, that there is a noticeable difference between both tur-
bines. The positions of the maximum sound emissions are
slightly different and the range of the loudest sound emis-
sion is much larger for the Vensys 120. The latter could be
explained by a less directional sound radiation caused by
the serrations.

Figure 8: Time functions of the sound pressure level
of a single microphone and a beamformed signal wihout
(above) and with high pass filtering

Figure 9: Beamforming results for both turbines (left:
Vensys 112, right: Vensys 120) with an integration time
corresponding to one revolution



For both turbines the time signals at the point of the
loudest sound emission are extracted (marked in figure 9
by pins). Figure 10 shows the peak hold spectra of these
beamformed signals. One can see that the sound emission
of the Vensys 120 is in overall lower than that of the Ven-
sys 112, although a higher wind speed was present dur-
ing the measurement of the Vensys 120. Furthermore, a
more flat frequency response in the region between 100
and 500 Hz can be seen. This effect is expected since
the serrations break the turbulence into smaller structures.
This shifts the sound emission at low frequencies to hi-
hgher frequencies.

Figure 10: peak hold spectra of the beamformed signals at
the loudest spot of both wind turbines

4.3 Upwind vs downwind

Figure 11 shows the results of the acoustic imaging of
the Vensys 112 for up- and downwind measurement po-
sition. The distance to the nacelle was 151 m for the up-
wind and 141 m for the downwind measurement. The in-
tegration time corresponds in both cases to one revolution.
Table 2 lists the measurement conditions during both mea-
surements.

upwind downwind
distance to the nacelle 151 m 141 m

wind speed 12.7 m/s 11.5 m/s
rotation speed 13.5 rpm 14.1 rpm

power 2.51 MW 2.55 MW

Table 2: Measurement conditions for the up-
wind/downwind comparison

Figure 11: Comparison between upwind (left) and down-
wind (right) measurement position on the Vensys 112

The directivity appears similar. In the upwind case, the
maximum sound pressure level is about 2 dB higher. How-
ever, the wind speed was a little higher compared to the
downwind measurement. Also the rotational speed was a
bit lower which causes a longer integration time and there-
fore a little higher sound pressure level.

We conclude that for the purpose of sound source local-
isation it makes no significant difference between upwind
and downwind. The results indicate that higher sound pres-
sures are measured at the upwind position, which may lead
to a better SNR. The higher amplitude can also be caused
by the flow of wind at the microphones of the array. In
the upwind case, the signal noise caused by the wind flow
is possibly a bit lower. On the other hand, since the qual-
ity of sound source localisation is not influenced by the
measurement position, it might be advisable to choose the
downwind position in accordance to IEC 61400-11 which
enables a better comparability to acoustic data obtained by
conventionel measurements.

4.4 Transient effects

As it is shown in figure 12 on the emissions of differ-
ent third octave bands for the Vensys 120, transient noise
sources are visible. These sources appear on the turbine
hub and occasionally on the full rotor. The events appeared
only about 1 to 3 times during one rotation, determined
with an integration time of 40 ms, and mostly occurred in
the frequency range above 1 kHz. One event is shown in
the 630 Hz third-octave band. These emissions are not sig-
nificantly contributing to the overall noise emissions in this
case and are presented for information only as they illus-
trate the approaches capability in terms of trouble shooting
in case of rare unwanted effects. Audible transient noise
emissions can have psychoacoustic impact as well.

Figure 12: acoustic photos of transient effects found in
single third-octave bands for Vensys 120 (integration time:
40 ms)

4.5 Relative source positions at different
measurement angles

As it is of particular interest to evaluate the potential in-
fluence of serrations on the location of maximum sound



emission on the blades, the measurement positions are in-
vestigated comparing results obtained from different an-
gles. Figure 9 showed a straight on view for both turbines.
The dominant region of the sound emission was located
during the downward movement of the blades next to the
tips. However, the maximum sound radiation does not take
place right at the tips but a bit shifted towards the nacelle.

Figure 13 shows the acoustic photos for measurements
with an oblique view of the wind turbines from the left
and right side (integration time corrsponding to one revo-
lution). In both cases it can again be seen that the main
emission of the sound occurs during the downward move-
ment of the blades. The main difference is that the sound
emission appears further up at the left measuring position
than at the right measuring position.

Figure 13: Comparison of the acoustic photos, calculated
with an integration time of about one revolution, for differ-
ent angles to the wind turbine (Vensys 112) in downwind
position

During both measurements the wind conditions were
similar with 14.9 m/s for the measurement from the left
side and 15.1 m/s for the measurement from the right. The
higher source amplitude of the measurement from the right
can be explained by a smaller measurement distance. The
distance to the nacelle for the measurement from the left
was 196 metres and 154 metres for the measurement from
the right.

These results show again the strong directivity of the
sound emission caused by the blades. However, no addi-
tional information was obtained. From this it can be con-
cluded that a measurement with a direct view to the wind
power plant is preferable.

4.6 Comparison of array design

The Star48 is designed for long range measurements
and the localisation of low frequencies. The array is
lightweight and can be quickly assembled and disassem-
bled in the field thanks to its foldable arms. However, this
array geometry provides some drawbacks. The dynamic
range is comparativeley low and very characteristic side
lobes can appear. This can be seen in figure 14 in a simu-
lated acoustic map. For the simulation a wide band noise
source in a distance of 100 metres was chosen.

In contrast, spiral arrays such as the Fibonacci120 are
characterized by good dynamics. However, the micro-
phone arrangement is more complicated, what results in
a less simple and flexible setup and dismantling.

Figure 15 shows the comparison of a sound source lo-
calisation on a blade of the Vensys 112. Both pictures show

Figure 14: Array pattern of the Star48

the acoustic photos for the 1250 Hz third octave band with
12 dB dynamic (integration time 80 ms). The maximum
amplitude is almost the same at 45.1 dB for the Fibonacci
measurement and 44.7 dB for the Star48 measurement.
However, there are very clear differences in the individ-
ual patterns. The main lobe for the Star48 measurement is
much smaller than for the measurement with the Fibonacci,
but noticeable side lobes appear. On the other hand, the di-
ameter of the Fibonacci is significantly smaller, which is
one reason for the significant larger main lobe width. The
best practise would be a spiral array with the aperture size
of the Star48.

Figure 15: Comparison of the beamforming pattern of
both arrays

5. SUMMARY

In this paper, we presented some aspects which help to de-
velop a standard approach for noise localisation and opti-
misation on wind turbines by means of acoustic cameras.
One microphone array consisting of 48 omnidirectional
microphones with a star structure and a second array con-
sisting of 120 microphones with a spiral array design were
used to find the origin and sound pressure level of aerody-
namic noise sources. The measurements were performed



with respect to different locations and directions from the
wind turbine to the microphone array.

It was illustrated that an integration time of one revo-
lution is optimal to find the loudest noise emission. The
results showed that the downward movement of the blade
is significantly louder than the upward movement, which is
caused by a strong directional pattern. Observation of the
frequency characteristics of the sound sources at the loca-
tion of the loudest sound emission shows that the blades
equipped with serrations are significantly quieter, espe-
cially at frequencies below 250 Hz (A-weighted). A com-
parison between upwind and downwind showed that the
noise source location is similar but the upwind turbine is
around 2 dB louder. Furthermore, the transient sources
in third-octave bands on the turbine hub and blades were
investigated and it was observed that they are not in an
audible range. The inspection of the measurement angle
showed the strong radiation pattern. When measuring from
the left, the main emission was localised much higher than
when measuring from the right. Last but not least, the com-
parison of the results between the measurements with the
arrays Star48 and Fibonacci120 showed that the Star48-
array has a good main lobe width but a poor dynamic. The
main lobe width of the Fibonacci120 was also not very
well, but this could be explained with the much smaller
array aperture. Ideal case would be the design of the Fi-
bonacci120 with the aperture of the Star48.

For the development of an approach for the investiga-
tion of sound emissions of wind turbines with acoustic
cameras we can summarise that

• an integration time corresponding to one revolution
shows us the location of the maximum sound emis-
sion,

• the upwind position leads to a little higher sound
emission but the downwind position corresponding
to the IEC-61400-11 standard [9] should be pre-
ferred (for a better comparabillity) and

• an array design with a spiral microphone arrange-
ment and a big aperture leads to the best results.

Regarding to the investigation of the effectiveness of
serrations it is a challenge to perform one measurements on
a wind turbine with and another measurement on a turbine
without serrations with exactly the same conditions (de-
sign of the wind turbine, weather conditions, measurement
place, ...). The best approach would be to equip only one
blade of a wind turbine with serrations or only one blade
without serrations. This makes it possible to compare the
sound emission of the different equiped blades with iden-
tical conditions during a measurement and could provide a
quantitative statement.
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