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Summary

The localization and quantification of rotating sound sources is an important challenge in many fields of appli-
cation. For the motion compensation of rotating sound sources, the two different frequency- domain microphone

array methods ’virtual rotating array’ and modal decomposition of the rotating sound field’ are presented and

compared to each other. At first, a simulated benchmark case with three discrete rotating broadband sound sources

and a non-constant rotational speed is considered. The challenge is the reconstruction of the correct source posi-

tions and the source amplitudes. In a second case, a benchmark fan is analyzed to compare the source distribution
and source amplitudes of the considered methods. Advantages, disadvantages and limits of the respective meth-

ods are shown.

PACS no. 43.60.Fg, 43.60.Jn

1. Introduction

The localization of rotating sound sources with a micro-
phone array is a major task to reduce broadband axial fan
noise. Depending on the adjusted operating point and con-
sidered frequency band, the sound sources are located at
different parts of the fan blades [1, 2, 3, 4, 5]. Consid-
erable effort has been put into compensating the relative
motion of the sound sources to the microphone array and
to understand the rotating sound source mechanism. The
motion compensation thereby can be done in the time or
the frequency domain. Sijtsma et al. [6] and Minck et al.
[7] presented different methods in the time domain, taking
into account the time delays and the Doppler effect due to
the rotation. In their approach, the emitted signals from the
moving sources are reconstructed by continuously moving
the focus of the microphone array along the rotational mo-
tion of the fan. Other methods presented by Dougherty et
al. [8], Herold and Sarradj [9], Lowis and Joseph [10] and
Pannert and Maier [11] work in the frequency domain. For
this, the pressure signals are Fourier transformed prior to
the application of the beamforming algorithms. The mo-
tion compensation in the frequency domain can be done in
different ways, e.g. by employing virtually rotating micro-
phones or by a modal decomposition of the rotating sound
field. The basic idea of the considered frequency-domain
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methods is the transformation of the recorded pressure sig-
nals into a rotating frame of reference and the correct cal-
culation of the rotating sound field. To calculate the sound
radiation of a rotating sound source, it should be kept in
mind that in the rotating frame of reference, the medium
between the microphone array and the sound sources is
itself rotating. Ignoring the rotating medium will lead to
inaccurate sound travel times between the assumed source
positions and the microphones, as shown by Pannert and
Maier [11].

For the considered methods, the microphones need to
be arranged equidistantly on a ring, coaxial to the rota-
tional axis of the sound sources. After the motion compen-
sation, beamforming is used to localize the sound sources.
High-resolution frequency-domain beamforming methods
are based on the evaluation of the cross spectral matrix
(CSM), which is approximated by averaging cross spec-
tra of the time signals. Due to the averaging process, only
stationary sources continuously emitting noise will remain
dominant. By removing the main diagonal of the CSM, the
influence of the uncorrelated background noise can be re-
duced [12]. Then, the CSM is multiplied with the steering
vectors to shift the phase of the microphone signals ac-
cording to the focus points.

The first method for motion compensation, that is used
by Dougherty et al. [8], Herold et al. [9, 13], Zenger et
al. [3, 14], and Kromer et al. [4, 5] defines a virtually ro-
tating array. The pressure data at the virtual microphones
are approximated through linear interpolation by the mea-
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sured signals according to the momentary angular posi-
tion of the measured object. The cross spectra are calcu-
lated from the interpolated pressure signals and can be av-
eraged with Welch’s method. In contrast to this method,
the method used by Lowis and Joseph [10], Pannert and
Maier [11], and Ocker and Pannert [15], utilizes a mod-
ified free-space Green’s function in the rotating frame of
reference to describe the rotating sound field analytically.
The modified Green’s function is written as a summa-
tion of azimuthal modes, where each mode amplitude is
a frequency-shifted counterpart of the expression for a sta-
tionary sound source. This frequency shift depends on the
mode order and the rotational speed of the sound sources.
In a second step, the pressure signals in the rotating frame
of reference are calculated. Afterwards, the CSM in the ro-
tating frame of reference is determined inversely from the
calculated pressure signals in the rotating frame of refer-
ence. The averaging process of the reconstructed CSM is
done in the frequency domain with Daniell’s method [16].

The aim of this work is the comparison of the devel-
oped frequency-domain microphone array techniques for
rotating broadband sound sources, particularly for the ap-
plication on axial fans. Preliminary studies on this were
done by Herold et al. [17] and Ocker et al. [18]. With
these advanced techniques for the acoustic source charac-
terization, optimization strategies can be developed to re-
duce the aeroacoustic sound emission. Usually, the sound
source distribution on the rotating fan blades is not known.
Therefore, the comparison of different sound source local-
ization methods for rotating applications helps to produce
reliable results for the sound source distribution and the
source amplitudes.

The paper is organized as follows. The theory section
features a summary of the methods of motion compensa-
tion including the calculation of the CSM and the Clean-
SC deconvolution method. In the setup section, a descrip-
tion of the two considered benchmark cases is given. Then,
the obtained results for the different methods of motion
compensation are compared to each other and discussed.
The conclusions are drawn in the last section.

2. Theory

The data processing for the localization of rotating sound
sources with a microphone array follows the descriptions
by Herold and Sarradj [9] for the virtual rotating array
method, Pannert and Maier [11] for the modal decomposi-
tion method, Ocker and Pannert [16] for the calculation of
the CSM with Welch’s and Daniell’s method, and Sijtsma

[12] for the Clean-SC deconvolution method.

For the localization of rotating sound sources with a mi-
crophone array, two major tasks have to be fulfilled:

e calculation of the CSM in the rotating frame of refer-
ence from the pressure signals at the microphones in
the rotating frame of reference and

e consideration of the rotating medium between the mi-
crophone array and the sound sources in the rotating
frame of reference.
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The Clean-SC deconvolution method is exactly the same
as for stationary sound sources. For the motion compen-
sation of rotating sound sources, the microphones need
to be arranged equidistantly on a circular array, which is
aligned coaxial to the axis of rotation. The methods can be
extended for the use of several rings of microphones [5].

2.1. Virtual rotating array

Using the virtual rotating array method (VRA), the mea-
sured time data from the stationary system are trans-
formed into a rotating frame of reference that rotates
synchronously with the sound sources. Dougherty et al.
[8] recommended the number of virtually rotating micro-
phones L, to match the number of physical microphones
L approximately to avoid an unrealistic high angular reso-
lution. The virtual microphone coordinates no longer cor-
respond to the coordinates of the physical microphones.
To compensate a potentially varying rotational speed, the
source position is tracked revolution by revolution and
recorded synchronously to the microphone data. The pres-
sure signals at the virtual microphone positions are then
calculated by linear interpolation from the measured sound
pressures. After the interpolation, the time data are trans-
formed into the frequency domain using Welch’s method
[19]. Therefore, the time signal for each virtual micro-
phone is divided into overlapping time blocks, onto which
a fast Fourier transformation (FFT) is applied. The CSM
C is the result of the cross correlated pressure signals Py
of all possible pairs of virtual microphones,

C = PunPy,. M
where the superscript H indicates the Hermitian trans-
pose.

For the compensation of the rotating medium in the ro-
tating frame of reference, the travel distances for the cal-
culation of the steering vectors are corrected. For the cor-
rection, the effective travel distance/travel time of each
microphone-focus point combination is adapted, taking
into account that the virtual microphones and the focus
points are rotating, but the medium — at a first approxima-
tion —is not. The effective sound travel distance as required
for the steering vector calculation is obtained by rotating
the microphone positions such that after a time 6t, the dis-
tance from a focus point to a new microphone position,
rotated by the increment

s = Qdt, 2

with Q being the average rotational frequency, corre-
sponds to the travel distance of the sound wave [5]. This
effective distance is then used for the steering vector cal-
culation.

2.2. Modal decomposition

As an alternative to the VRA, the modal decomposition
method (MD) can be used. For this method, the first step
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is to transform the pressure signals at the stationary micro-
phones from the time domain into the frequency domain
via an FFT. The sound field of a rotating point source in
the rotating frame of reference is then defined as

Po = GoO. 3)

Pg is a complex vector with the frequency-domain pres-
sure signals in the rotating frame of reference. The dimen-
sion of this vector is the number of microphones. Q is a
vector with the real part of the unknown sound pressures.
Since the positions of the sound sources are not known,
a focus plane is defined parallel to the microphone ar-
ray plane. The focus plane is discretized with an equally-
spaced Cartesian grid. For each grid point the sound pres-
sure is calculated. Therefore, the dimension of Q is the
number of grid points. Gq is a complex matrix with the
modal decomposed Green’s function, which describes the
sound radiation of a rotating sound source in the rotating
frame of reference. The dimension of the matrix is the
number of microphones by the number of grid points on
the focus plane.

To compensate the source motion, it is necessary to shift
the coefficients of the azimuthal modes P, of the pressure
signals according to

+4
Po(r, 91.0p,@) = Y Pp(r, 01,00 +mQ)e™,  (4)
L

m=—5

where m is the mode order, Q the rotational frequency, @y
is the angular frequency of the sound source pulsation and
r;, @; and O, are the radial distance, the azimuthal angle
and the polar angle of the /-th microphone in the rotat-
ing frame of reference respectively. The number of micro-
phones of the array limits the resolution of the propagating
azimuthal modes m. According to Poletti [20], the negative
limit of azimuthal modes to be considered can be approx-
imated as

_kOrr
- _ _~kors 5
1+ kgrs ®)
and the positive limit as
k()r
= 5 6
m 1- ers ( )

Here, r is the maximum sound source radius, kg = @g/c
the wave number of the emitted frequency of the sound
source and kg = Q/c the wave number due to the rota-
tion. For the definition of the number of microphones to
be used for actual measurements, the number of propagat-
ing azimuthal modes has to be resolved. The number of
propagating azimuthal modes can be determined by Equa-
tion (5) and Equation (6). Positive azimuthal modes corre-
spond to co-rotating modes and negative azimuthal modes
to counter-rotating modes. Objects with non-constant ro-
tational speed can be investigated by analyzing short time
sequences and averaging over these sequences.
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After the motion compensation, the CSM can be cal-
culated from the pressure signals in the rotating frame of
reference Pg. The CSM is calculated similar to Equation
(1) as

C = PoPf. (M

In contrast to the virtual rotating array method, averaging
the CSM with Welch’s method is not practicable, because
a high-resolution spectrum is needed to determine the cor-
rect frequency wo+m& in Equation (4). Hence the CSM is
calculated in the frequency domain with Daniell’s method
[21]. In contrast to Welch’s method, the time signal is not
divided into smaller time blocks with Daniell’s method.
The FFT is applied on the complete time signal for the cal-
culation of a high-resolution spectrum. In a second step, a
spectral window is used to sum up the energy of the high-
resolution spectrum around the analyzed frequency com-
ponents. In contrast to tonal sound sources, the energy of
the frequency components for broadband sound sources
have to be summed up and not averaged. A comparison
of the calculation of the CSM with Welch’s and Daniell’s
method is shown by Ocker and Pannert [16].

To compensate the rotating medium in the rotating
frame of reference, the modal decomposed Green’s func-
tion is used. The modal decomposed Green’s function in
the rotating frame of reference in spherical coordinates is
defined as

Ga(ri, 1,01, 15, 5, 05, @) =
+oo n
iz 2 kmeim((ﬂm—(ﬂso)jn(lkmlr<) )

n=0 m=—n
I (el r) YO, @)Y (O, @)*,

where k,, = (wo+mQ)/c is the wave number of the acous-
tic mode m accounting for the frequency shift due to the
source rotation Q. ry, @, and ©; are the time-independent
source position coordinates evaluated in the rotating frame
of reference. j,(-) is the first kind of the n-th spherical
Bessel function, hff”’)(-) is the spherical Hankel function
of the order n and the kind 6,, is defined as

5, = 2 for k,>0 . ©)

1 for k,<O

r< is the smaller radius of r; and rg, and r is the larger
one [22]. Y,"(-) are the normalized spherical harmonics

Y0, o) = \/(2n + D= |mD!lel(cos O)eime.

Az (n+|mpP! " (10)

P,l,m| is the associated Legendre function of the first kind
of degree n and order m and the superscript * denotes the
complex conjugation.

The modified Green’s function compensates the rotating
medium in the rotating frame of reference and serves as
transfer function used in the steering vector calculation.

Due to the complexity of the necessary calculations, it
can be expected that the MD method is computationally
more costly than the VRA method. However, a direct com-
parison of calculation times was not done in this study.
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2.3. Beamforming and Deconvolution

After the CSM is obtained, beamforming algorithms and
the Clean-SC deconvolution method can be applied. Most
commonly, the amplitude of the considered focus point B
is calculated in the frequency domain by the delay-and-
sum beamformer as

B, = h''Ch,, (11)

where A is the steering vector for a specific focus point s.
Sarradj [23] showed that known steering vector formu-
lations always make a small error in the calculation of
either the source positions or pressure amplitudes. The
steering vector formulation in this paper is normalized to
the pressure amplitude, which corresponds to formulation
IIT in the work of Sarradj [23]. Based on the delay-and-
sum beamformer output Bs, the Clean-SC deconvolution
method searches for the highest peak and transfers it into
an empty (clean) map. In a second step, all coherent por-
tions to the highest peak are identified and subtracted from
the original (dirty) map. The highest peaks from the dirty
map are identified iteratively and copied to the clean map
until no more significant sources are found or a maximum
number of iterations is reached [12].

3. Setup and results

For the comparison of different data processing approa-
ches (VRA and MD) for localizing rotating sound sources
with a microphone array, two benchmark cases are investi-
gated. First, the simulated benchmark case by Herold [24]
is considered. Three point sources with different source
levels are rotating clockwise with the same, but tempo-
rally slightly varying rotational speed and emit uncorre-
lated white noise. The challenge is to determine the cor-
rect position and the sound pressure level of each of the
three sources at the trigger instant [17]. To focus the sound
sources correctly, the non- constant rotational speed has to
be considered. In the second benchmark case by Zenger et
al. [25], a generic fan with unskewed fan blades is investi-
gated. Here, the pressure signals from the axial fan N1UG
are measured with a microphone array for a specific oper-
ating point [3]. The challenge is to localize the unknown
source distribution and to determine the sound pressure
level at the fan blades for different frequency bands. The
two benchmarks are very similar to each other concerning
the microphone array configuration and the measurement
distance from the sound sources to the microphone array.
Both benchmarks are freely available. The data sets have
been created to enable comparisons between different mi-
crophone array analysis methods or implementations.

3.1. Three rotating sound sources

The time data are generated at 64 microphone positions.
The microphones are equidistantly distributed on a ring
with a diameter of 1m, which is placed axisymmetric
to the axis of rotation of the sound sources. The sam-
pling frequency is fample = 48 kHz, the evaluation time
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Figure 1. (Colour online) Positions of the three sources at a trig-
ger instant (red markers) and positions of the 64 microphones
(blue markers).
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Figure 2. Non-constant rotational rate.

tevat =10s and the distance from the sources to the micro-
phone array z = 0.5 m. The rotation is tracked by a one-
trigger-per-revolution signal. Figure 1 shows the positions
of the sources (red markers) at the trigger instant and the
microphone array (blue markers). The source levels are
Lp,l = Lp’z +3dB = Lp,3 + 6dB.

Figure 2 shows the non-constant rotational rate as a
function of the evaluation time.

The focus plane is discretized with an equally-spaced
Cartesian grid consisting of 61 x 61 points with 0.01 m
spacing. The resulting total area of the focus plane is 0.6 m
x 0.6 m. The analysis is performed with the Clean-SC de-
convolution method with a loop gain of 0.9. While the cal-
culations of the CSM and steering vectors differ depend-
ing on the method, the Clean-SC implementation used in
each case is identical. This has been done by exporting the
CSM and the corresponding steering vectors of each mo-
tion compensation method and calculating the beamform-
ing source map with the same Clean-SC implementation.

The sound maps are evaluated for the third octave band
having a center frequency f. = 2500 Hz and plotted with
a dynamic range of 20 dB. Assuming an averaged constant
rotational rate of n = 1500 rpm over the entire evaluation
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Figure 3. Smeared sound source distribution assuming a constant
rotational rate for the third octave band having a center frequency
fe =2500Hz.
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Figure 4. Correct focused sound sources with a) the VRA and
b) the MD for the third octave band having a center frequency
fe =2500Hz.

time leads to a smeared beamforming source map: The
number of sound sources, the positions and sound pressure
levels cannot be determined, as is shown in Figure 3.

For correctly-focused sound sources, the varying ro-
tational speed has to be taken into account. To produce
the beamforming map in Figure 4a, the VRA is used for
motion compensation and Welch’s method for calculating
the CSM. The beamforming map in Figure 4b is gener-
ated with the MD for motion compensation and Daniell’s
method for calculating the CSM.
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Figure 5. Integrated spectra for the three rotating sources calcu-
lated with VRA (blue) and MD (red): a) Source L, b) Source
L;2, ¢) Source L 3.

For this benchmark case, the results look very similar,
with a maximum deviation of < 1 dB between the recon-
structed amplitudes, although the method of motion com-
pensation and averaging the CSM are different. The two
considered methods VRA and MD yield comparable re-
sults in terms of localization of the rotating sound sources
and calculation of the sound pressure levels.

For a quantitative analysis of the source reconstruction
performance of the methods, source spectra are calculated
by integrating sound maps over the focus points contained
in a circular area around each of the three sources. The
diameter of these integration areas is 0.05 m. Figures Sa-
¢ show the integrated spectra for the individual sources.
The dashed black line is the correct spectral distribution,
as used for generating the microphone signals.

The sound pressure levels of all three sound sources
are reconstructed well in the frequency range between
1250 Hz and 5000 Hz. Below 1250Hz the resolution of
stationary and rotating sound sources is limited. Follow-
ing the work of Dougherty et al. [26] the minimum resolv-
able distance of two point sources of equal strength can be
determined by the Sparrow limit,

A
min.Clean-s¢ = 0.96-0.47 - ———, 12
F'min,Clean-SC Sn(®) (12)
where A is the wave length and O is the half-angle under
which the array aperture is seen from a focus point.
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Figure 6. Standardized inlet test chamber based on ISO 5801.

While the calculated levels may deviate slightly from
the theoretic levels, both methods yield almost the same
values. At 1250 Hz, Clean-SC fails to detect the weakest
source for both methods. At frequencies between 6300 Hz
and 10000 Hz, the sound pressure levels calculated with
the MD method are closer to the expected levels than
those calculated with the VRA method, which underes-
timates the level more and more significantly with higher
frequencies. The apparent better performance of MD may
be explained by this method using the signals of all mi-
crophones to approximate a signal at any of the positions
in the rotating frame, while VRA calculates these sig-
nals exclusively from linear interpolation between adja-
cent microphones. At 10000 Hz, both methods underesti-
mate the sound pressure levels of the three sound sources.
The necessary number of microphones depends on the
frequency band of interest. As shown in earlier studies
[17, 18], the use of too few microphones leads to dif-
ferent errors depending on the method. With the VRA
method, energy leaks into focus points neighboring the
actual source position. As the number of microphones di-
rectly limits the number of resolvable modes, with MD,
energy from higher modes leaks into used modes, which
leads to method-characteristic artifacts. Thus, while MD
appears to be more robust dealing with higher frequen-
cies than VRA, to correctly reconstruct the sources at
10000 Hz, the number of microphones would have to be
increased for both methods.

3.2. Low-pressure axial fan N1UG

The benchmark is performed on a generic fan with un-
skewed fan blades. The experimental setup of the bench-
mark as well as the aerodynamic performance of the fan,
fluid mechanical quantities from laser Doppler anemome-
ter (LDA) measurements, wall pressure fluctuations in the
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Table 1. Fan design parameters.

Parameter Value
Rotor diameter D 495 mm
Hub diameter Dy, 248 mm
Tip gap Sgp 2.5
Number of blades z 9
Rotational rate n 24.8 Hz
Flow rate coefficient ¢ 0.18
Total-to-static pressure coefficient 0.18

gap region and sound characteristics are described in de-
tail by Zenger et al. [25, 27]. The unskewed test fan is
mounted in a short duct and integrated into a standardized
anechoic inlet test chamber based on ISO 5801 [28], as
shown in Figure 6. A detailed description of the test fan
and the measurement setup is provided in [5].

The fan design parameters are listed in Table 1.

The flow rate coefficient ¢ and the total-to-static pres-
sure coefficient y are defined as

4V
=— 13
¢ —Don (13)
and
2Ap,s
Vi = 2 (14)
p(zDn)

where V is the volume flow rate, D the fan diameter, n
the rotational speed in clockwise direction as seen in Fig-
ure 7, Apy the total-to-static pressure difference and p the
air density.

To determine the angular position of the fan, an opti-
cal fork sensor (one 3 V pulse per revolution) is used. The
measurement is carried out with 64 microphones arranged

71



ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 105 (2019)

Ocker et al.: Comparison of microphone array methods

Figure 7. Generic test fan (rotational direction: clockwise) and
microphone array.

on a ring-shaped array that is mounted axisymmetric to
the rotation axis of the fan. Figure 7 shows the arrange-
ment of the microphones of the type 40PH-Sx (G.R.A.S.
Sound and Vibration A/S) on a ring with a diameter of
Daray = 1 m. The distance from the microphone array to
the fan is 0.49 m.

The sampling frequency of the measured pressure sig-
nals is fiample = 48kHz, recorded with a PXle-1075
front end with PXIe-4496 data acquisition modules (Na-
tional Instruments Corporation). The evaluation time is
tevaa = 20s, which corresponds to 500 fan revolutions.
Similar to the evaluations for the previous benchmark
problem, the focus plane is discretized with an equally-
spaced Cartesian grid consisting of 61 x 61 points with
0.01 m spacing. The total area of the focus plane is 0.6 m
x 0.6 m. The analysis is performed with the Clean-SC de-
convolution method with a loop gain of 0.9. For the sound
maps, a dynamic range of 20 dB is used. The beamforming
map evaluated with the VRA is shown in Figure 8a and the
beamforming map evaluated with the MD is shown in Fig-
ure 8b for the third octave band having a center frequency
fe =2500Hz.

In this frequency band, the main sound sources are lo-
cated in the tip region near the leading edge. This is rea-
sonable, as the circumferential velocity increases from hub
to tip, which leads to a stronger interaction mechanism of
the fan blade leading edges with the inflow [4, 29, 30].
Even though there were no obstructions upstream of the
fan, sound sources are anticipated in the leading edge re-
gion as the inflow generally holds a certain degree of tur-
bulence intensity, even under free inflow conditions. Fur-
thermore, the tip leakage flow leads to an unsteady flow
field in the tip region, in particular for unskewed fans, with
greatly increased turbulence intensity levels [5, 31, 32].

In Figure 9 the same evaluation is presented for the third
octave band having a center frequency f. = 5000 Hz.

The sound sources are distributed from the fan blade
leading to the fan blade trailing edge. The high-frequency
sound radiation of low-pressure axial fans is usually dom-
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Figure 8. Beamforming sound maps of the fan N1UG evaluated
with a) the VRA and b) the MD for the third octave band having

a center frequency f. = 2500 Hz.
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Figure 10. (Colour online) Leading edge subregions (red) and
trailing edge subregions (blue) for the integrated spectra.
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Figure 11. (Colour online) Leading edge subregions (LE, red)
and trailing edge subregions (TE, blue) spectra as calculated with
VRA (dashed lines) and MD (solid lines).

inated by trailing edge noise [33, 34]. Accordingly, it can
be seen that the sound sources shift partly to the fan blade
trailing edge regions. The sound sources in the leading
edge regions are an indicator for a highly unsteady flow
field in the tip region, as mentioned before. It can be rec-
ognized that both motion compensation methods — VRA
and MD - are capable of distinguishing between the dif-
ferent sound sources, even though the chord length is only
I, ~ 70 mm at the fan blade tip.

In a second step, the fan blades are separated into two
integration regions, such that the sound pressure levels are
integrated over the leading edge subregions and the trail-
ing edge subregions for both methods. The subregions for
the leading edge (red) and for the trailing edge (blue) are
shown in Figure 10.

In Figure 11, the integrated spectra are shown for the
VRA and the MD motion compensation methods. The
spectral characteristics of the individual subregions of the
same respective type — leading or trailing edges — are quite
similar [3, 13]. For this reason and for clarity, the displayed
leading and trailing edge spectra are calculated by sum-
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ming the sound pressure levels in the corresponding sub-
regions of all blades.

Both methods yield spectral curves with similar general
characteristics. Below 1250 Hz, the beamforming sound
maps do not yield reliable results for the sound source dis-
tribution due to the array aperture. In this case the Spar-
row limit calculates to approximately 0.2 m for 1000 Hz,
which exceeds even the distances of the blade tips [3].
In the frequency range between 1250 Hz and 4000 Hz, the
dominant sound sources are located in the area of the lead-
ing edges. Above 4000 Hz, the dominating sound sources
move towards the trailing edges. Similar trends have been
observed in previous studies [3, 5].

In the frequency range between 1250 Hz and 4000 Hz
the sound pressure levels at the leading edge subregions
are similar for VRA and MD. For the trailing edge subre-
gions, the integrated sound pressure levels differ consider-
ably depending on the method: At 1600 Hz, the level cal-
culated using VRA is 4 dB above the MD level, while at
2000 Hz and 2500 Hz, MD calculates trailing edge noise
levels to be 2 dB above the VRA level. Whether these dif-
ferences stem from the different calculation methods of the
CSM (VRA-Welch / MD-Daniell) or the general proper-
ties of the methods is unclear at this point and should be
subject of further investigations. Above 4000 Hz, MD cal-
culates slightly higher sound pressure levels for the lead-
ing and trailing edge subregions than VRA. As a similar
phenomenon could be observed with simulated data (see
section 3.1), this effect can be assumed to be due to the
interpolation error made by the VRA method. As can be
seen in the sound maps, the source distributions for both
methods show comparable results in terms of the local-
ization of the sound sources at different frequency bands.
In general, both motion compensation methods are capa-
ble of resolving rotating broadband sound sources in a real
application case.

4. Conclusion

The virtual rotating array method and the modal decom-
position method, which aim to compensate the rotational
movement of rotating sound sources, are presented and
compared to each other. Two benchmark cases are consid-
ered for the assessment of rotating sound sources. At first,
a simulated case with discrete rotating broadband sound
sources with a non- constant rotational speed is analyzed.
Secondly, an application with an unskewed low-pressure
axial fan and distributed sound sources is considered. In-
tegrated spectra are calculated for a quantitative analy-
sis of the source reconstruction performance of the meth-
ods. Both methods correctly identify the positions and the
sound pressure levels of the simulated benchmark with
three rotating sound sources at various frequency bands.
In the experimental benchmark case, both methods yield
consistent results for the unknown sound source distribu-
tion on the axial fan. A trend is identified in both bench-
mark cases, that for frequencies above 4000 Hz, MD cal-
culates higher sound pressure levels in all third octave
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bands than VRA for the dominating and less significant
sound sources. For both methods the evaluable upper fre-
quency depends on the number of microphones used. For
the MD method, this limit appears to be about two one-
third octave bands above that of the VRA method. Be-
low 4000 Hz, comparable results could be obtained for
simulated and measured sound sources. This investiga-
tion shows that both frequency-domain microphone array
methods are well suited for characterizing rotating broad-
band sound sources.
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