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ABSTRACT
Beamforming methods for sound source localization are usually based on free-field Green’s
functions to model the sound propagation between source and microphones. This assumption
is known to be incorrect for many industrial applications and the beamforming results can
suffer from this inconsistency regarding both, main lobe width and dynamic range. The aim of
this paper is to investigate whether the use of numerically calculated Green’s functions, which
include the diffraction and reflection of the sound path between source and microphones, can
improve the results of beamforming measurements.
The current test cases of numerical and experimental investigations consist of a source
placed in a short rectangular duct. The measurements are performed outside the duct in a
semi-anechoic chamber. A typical example for this kind of installation is a fan with a heat
exchanger.
The Green’s functions for this test case are calculated numerically using the boundary
element method. These tailored Green’s functions are used to calculate the corresponding
beamforming steering vectors.
Beamforming measurements are performed in this paper using a loudspeaker mounted in a
disc as a reference source in the heat exchanger duct. The measurements are performed both
with stationary and rotating disc. The stationary measurements are evaluated in the frequency
domain. For the evaluation of the rotating measurements, a new beamforming method in the
time domain is presented. This method also uses the stationary Green’s functions, which were
calculated numerically in the frequency domain. It is also shown how the weighting of these
tailored Green’s functions can be done for time domain beamforming.
By means of different validation criteria it can be shown that the results with the numerical
calculated Green’s functions are improved compared to free field beamforming. This is true
both in the stationary and rotating case.

1. Introduction
Reliable knowledge about aeroacoustic sound sources on fans plays a decisive role in the development of quiet fans. Therefore,
the experimental localization of sound sources on fan blades during rotation is an important task on the path to understanding
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Nomenclature
𝐴
𝑏
𝑐
𝑑
E
𝑓
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𝑤
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 −1
𝜎(𝑡,
̄ 𝐲)
𝜎(𝑓
̂ , 𝐲)
(⋅)∗
(⋅)𝑘
(⋅)𝑚
(⋅)𝑛
(⋅)max
(⋅)𝑆
(⋅)𝑠
(⋅)SL
BEM
CAA
CAD
CSM, (𝐂)
FEM
FF
FIR
FM
FMCAS
iFFT
ISM
MSR
ppw
SPR

Source power
Main lobe width
Speed of sound
Diameter of ring array
Expectation operator
Frequency
Green’s function
Number of samples during time period
Sample index
Level
Number of microphones
Microphone index
Mach number
Number of samples in impulse response
Pressure vector
Pressure signal
Complex pressure amplitude
Distance focus point/microphone
Time
Impulse response in time domain
Steering vector in frequency domain
Focus point
Cartesian coordinates
Inverse Fourier transform
Estimated source signal
Estimated source auto power
Complex conjugate (transpose)
For the 𝑘th sample
For the 𝑚th microphone
For the 𝑛th microphone
Maximum
Sampling
Source
Side lobe
Boundary Element Method
Computational Aeroacoustics
Computer Aided Design
Cross Spectral Matrix
Finite Element Method
Free-field
Finite Impulse Response (filter)
Fast Multipole
Fast Multipole Code for Acoustic Shielding
inverse Fast Fourier Transform
Image Source Method
Main lobe to side lobe ratio
Points per wavelength
Source to pattern ratio

and reducing these rotating sources. For this purpose rotating beamforming methods based on microphone array measurements are
applied. Barsikow et al. [1] were one of the first to use microphone arrays for noise research. A general overview of beamforming
methods used nowadays is given by Meriono-Martinez et al. [2].
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The main post-processing techniques to take into account the rotation of sources measured by a stationary array can be divided
into two groups with regard to the implementation of rotation:
In the first group, the sound propagation from the rotating focus grid to the stationary microphones is modelled. The most
important representative of this approach is the ROSI algorithm [3,4]. It is derived from the pressure field of a moving monopole in
uniform flow. This approach is used to calculate the time dependent Green’s functions (under free-field conditions) from a fan-fixed
focus grid to the array microphones. Any microphone array layout can be taken into account.
In the second group, the stationary microphones in the array are virtually set into rotation. Therefore, the transfer functions
between the sources on the rotating blades and the virtual with the same speed rotating microphones become time-independent.
This makes it possible to perform the beamforming process in the frequency domain. The virtual rotation itself can be performed
in both, time domain and frequency domain. The virtual rotation in the time domain was first presented by Dougherty et al. [5]
and enhanced by Herold & Sarradj [6]. An example of a method that works completely in the frequency domain was presented by
Lowis and Joseph [7,8] who investigated rotating sources in ducts. Pannert & Maier [9] and Ocker & Pannert [10] have adapted the
method to free-space conditions. Most of the mentioned methods are limited to circular arrays. However, Jekosch [11] has extended
the application of virtual rotation in the time domain to arbitrary array geometries.
The beamforming methods based on virtual rotating microphones can be used only for test cases where the sound propagation to
the microphones takes place under free-field conditions or where both, fan and microphone array, are installed under rotationally
symmetric conditions. However, a typical application for axial fans is the installation in a heat exchanger (Fig. 1). In most cases, the
air is sucked through the heat exchanger by the fan. This creates a turbulent inflow that interacts with the fan blades and generates
low frequency sound. In order to localize sound sources at low frequencies with sufficient narrow main lobe width, large microphone
arrays have to be used. The sound propagation from the fan to the microphones is then influenced by the reflection and shadowing
by the housing of the heat exchanger. This is shown schematically in Fig. 1(c).
If in such cases beamforming is done based on free field Green’s functions, the disturbance of real sound path leads to insufficient
beamfoming results in the lower frequency range, where the outer (in this case shadowed) microphones are required for a sufficient
source localization. The aim of the present work is to develop a method to calculate the Green’s functions for typical fan installation
conditions and to use these tailored Green’s functions in the calculation of the beamforming steering vectors. The Green’s functions
are calculated in the stationary reference frame and the hence derived steering vectors are used for both stationary and rotating
beamforming. The stationary reference frame calculations used here are based on the assumption that the air flow and the convective
amplification can be neglected. Sarradj et al. [12] have shown that the influence of the intake flow on the sound propagation can
be neglected for a slow moving fan (tip speed < 0.15 Ma).
In the following, an overview of beamforming methods under disturbed sound propagation will be given. So far these methods
have been mainly investigated for closed test sections of wind tunnels.
The first published method is the Image Source Method (ISM) by Guidati et al. [13]. The positions of reflected mirror sources
are determined numerically and taken into account in the steering vectors. The damping of each mirror source was determined
experimentally by measurements in the reverberant environment of a closed test section. Using the same idea, Fischer & Doolan [14]
presented two methods, numerically and experimentally, to involve the reflections in beamforming in closed test sections. The
numerical method is also based on Green’s functions with mirror sources according to the wind tunnel wall reflections. The second
method measured the Green’s functions with a generic source inside the closed test section at the focus grid points. The source
localization was mostly improved when using the experimental Green’s functions, especially at high frequencies. The best results
were obtained when using the experimentally determined Green’s functions combined with CLEAN-SC.
In [15], Sijtsma and Holthusen have presented an approach in which the beamformer output is minimized for the directions of
the mirror sources. They added a control mechanism to preserve robustness especially at low frequencies. This method succeeded
well in reconstructing source levels in the entire frequency range investigated in the paper. Below 𝑓 = 2500 Hz however, the position
of the maximum in the beamforming map deviates significantly from the actual source position.
Another approach was published by Fischer & Doolan [16]. They identified the mirror sources by means of different time delays
in the cross-correlation matrix (CCM) and removed their influence by multiplying each CCM vector by a window function centred
at the main peak. The cross-correlation matrix is derived from the cross-spectral matrix. An advantage of the method is that no
information about the geometry of the reverberant environment is required. It could be shown that the beamforming maps in a
reverberant test section could be improved for a loudspeaker without flow as well as for an aerofoil in a flow. The beamforming
results for the loudspeaker were comparable with the theoretical Point Spread Function of the array.
Bousabaa [17] presented a method to determine the Green’s functions numerically in the time domain. Using a single aeroacoustic
CAA simulation, the Green’s functions are calculated from all focus points to all microphones. Therefore, both flow and diffracting
objects are taken into account in wind tunnel measurements. The method takes advantage of the sparsity of Green’s functions for
these cases. Therefore, only external aeroacoustic problems can be modelled, because in other cases the Green’s functions are not
sparse enough. The method is therefore only suitable for non-reflective measurement environments.
A further simulation-based approach is presented by Kaltenbacher et al. [18]. Here, first the acoustic wave equation is solved
using the Finite Element Method (FEM). In doing so, the actual boundary conditions of the given measurement setup can be
considered. Second, the inverse problem is solved to match both, the measured and simulated pressure. The goal is to consider
acoustic problems in the low frequency range. In numerical 2D and 3D setups it can be shown that the method improves sound
source localization at low frequencies [18,19]. Additionally, in [20], the Green’s functions from the FEM have been used directly to
calculate the steering vectors for numerical beamforming. This use of numerically calculated steering vectors improved the results
3
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Fig. 1. Example of a fan mounted in a heat exchanger. (a): Suction side view of a heat exchanger. (b): Suction side view of an axial fan in a heat exchanger
housing without condenser. (c): Impact of the heat exchanger box on sound propagation from source to array microphones. The dimensions of this setup up are
given in Section 2.5.1.

compared to beamforming maps with free-field steering vectors as well. The calculation of Green’s functions is done reciprocal,
i.e. from the microphones to the focus points. Thus, the number of simulations to be run corresponds to the number of microphones.
Most of the presented methods have been developed for closed test sections in wind tunnels and therefore only consider
reflections. The method of Bousabaa however, has been developed for non-reflective environments. For the presented fan application
with heat exchanger, the Green’s functions includes reflection, diffraction and shadowing effects. This is necessary to use a
microphone array whose aperture is larger than the cross section of the heat exchanger. The method of Kaltenbacher determines
the complete Green’s functions by FEM simulations. However, its applicability has so far been shown only for numerical cases.
Furthermore, none of these methods consider moving sound sources.
In the present work numerical simulations are used to calculate the transfer functions between monopoles at the microphone
positions and the beamforming focus grid points (i.e. the possible position of the acoustic sources). The resulting Green’s functions are
used to calculate so-called ‘tailored’ steering vectors to perform beamforming in the frequency- and time-domain using experimental
measurement data. The simulations of the transfer functions are done in the frequency domain using the Boundary Element Method
(BEM) in a stationary reference frame. The Green’s functions consider the effects of reflection, diffraction and shadowing of the heat
exchanger but the method can by applied for arbitrary geometries.
The investigations in this paper are done for a stationary and a rotating measurement setup using a generic loudspeaker
source. Beamforming is also performed in both stationary and rotating reference frame. In the stationary case, beamforming is
done in frequency domain using steering vectors based on the tailored Green’s functions. For the rotating case, in a first step the
BEM-simulation based stationary tailored steering vectors are transformed from frequency to time domain. Then a generalized
beamforming method in time domain is presented where these tailored steering vectors are used for rotating time domain
beamforming. This generalized time domain beamformer also includes the weighting of the tailored Green’s functions to calculate
the corresponding steering vectors.
The aim of the work is to investigate how far the beamforming results are degraded by the reflection and shadowing of the
heat exchanger housing, when using free-field steering vectors. Furthermore, it will be analysed to what extend this reflection
and shadowing can be compensated by the usage of simulated, tailored Green’s functions for beamforming of real measurement
microphone data. The qualitative improvement of the beamforming maps, especially in terms of main lobe width and the presence
and strength of side lobes, will be considered. The estimation of the absolute source power is not in the scope of the study.
The paper is organized as follows: First, in Section 2 the beamforming formulations are presented. Then, criteria for the evaluation
of the beamforming results are introduced and the investigated test case is presented. In Section 3 the beamforming results are
presented and discussed. The work is summarized in Section 4.
2. Methods
In the following chapter the basics for the application of the beamfoming with BEM simulated Green’s functions will be given.
First of all, an overview of the necessary mathematical formulations of beamforming using numerically calculated Green’s functions is
given. Afterwards, different validation criteria for the evaluation of the beamforming results are introduced. Lastly, the experimental
test case selected for validation is presented.
4
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2.1. Beamforming
Beamforming of phased microphone array measurements is a technique for sound source localization and the estimation of the
according source power. Therefore, given focus points are scanned at locations where possible sound sources are expected. This
is done by manipulating the microphone signals for each focus point according to the steering vectors, which describe the sound
propagation between the focus points and each microphone position. Afterwards, all microphone signals are summed up and the
result is recorded in a source map. This source map is often called dirty map, because it includes all the influences of the used
microphone array and steering vectors. Often, this dirty map is cleaned using further methods called deconvolution methods. These
deconvolution methods are however not in the focus of this paper.
The beamforming procedure can be performed either in the time domain or in the frequency domain. In the following, frequency
domain beamforming for stationary test cases is presented first. This is done based on [21]. Afterwards it will be shown how the
tailored Green’s functions from BEM simulations can also be used for rotating beamforming. Therefore, the transformation of the
tailored Green’s functions from frequency to time domain will be discussed first. Then the corresponding rotating beamforming
algorithm is presented.

2.1.1. Frequency domain beamforming using cross spectra
A common approach is to apply beamforming to the microphone signals in the frequency domain. A computationally fast
approach to this is to separate the processing of the microphone data from the calculation of the sound propagation information.
This way, only one transformation of the microphone signals to the frequency domain has to be performed. The propagation from
every possible chosen source position to each microphone is performed separately. The complex pressure amplitudes 𝑝̂𝑚 (𝑓 ) of the
microphone signals can be calculated by a discrete Fourier transformation for a block of 𝐾 samples:
𝑝̂𝑚 (𝑓 ) =

𝐾
2 ∑
𝑝 𝑒−2𝜋𝑖𝑓 𝑘𝛥𝑡 .
𝐾 𝑘=1 𝑚,𝑘

(1)

To estimate the degree of correlation between two microphone signals, the cross power is calculated:
(
)
1
𝐶𝑚𝑛 (𝑓 ) = E
𝑝̂𝑚 (𝑓 )𝑝̂∗𝑛 (𝑓 ) .
2

(2)

where ∗ indicates the conjugate complex and E(.) the expected value. This is done using Welch’s method [22]. In the following the
dependency on the frequency 𝑓 is mostly omitted to increase the readability. The auto- and cross-powers of all microphone signals
are stored in the cross-spectral matrix (CSM) 𝐂:
(
)
1 ∗
𝐂=E
𝐩̂ 𝐩̂ ∈ C𝑀×𝑀 ,
(3)
2
with the 𝑀-dimensional vector 𝐩̂ of complex pressure amplitudes:
⎛ 𝑝̂1 (𝑓 )
⎜
.
⎜
𝐩̂ = ⎜
.
⎜
.
⎜
⎝ 𝑝̂𝑀 (𝑓 )

⎞
⎟
⎟
⎟
⎟
⎟
⎠

(4)

For the estimation of the source power at a certain focus point, information about the transfer function or Green’s function 𝑔(𝐱,
̂ 𝐲)
𝑔̂ ∶ R3 × R3 → C

(5)

from the focus point position 𝐲 ∈ R3 to the microphone position 𝐱 ∈ R3 is needed. This information is stored in the vector of the
Green’s functions 𝐠̂ = 𝐠̂ (𝐲) ∈ C𝑀 , where 𝑔̂𝑚 = 𝑔̂𝑚 (𝐲) = 𝑔(𝐱
̂ 𝑚 , 𝐲) and 𝐱𝑚 ∈ R3 is the position of the 𝑚th microphone. Its components
are the pressure amplitudes induced by a unit sound source at the focus point in dependence of the source model and the radiation
conditions. For a monopole source and free-field conditions, 𝑔̂𝑚 for a certain microphone 𝑚 can be written as follows:
𝑔̂𝑚 =

1 −𝑗𝑘𝑟𝑚
e
,
𝑟𝑚

𝑟𝑚 = ‖𝐲 − 𝐱𝑚 ‖2 ,

(6)

where 𝑟𝑚 is the distance between the focus point 𝐲 and the 𝑚th microphone position 𝐱𝑚 . In this paper, the Green’s functions 𝑔̂𝑚 for
the measurement setup are calculated numerically by boundary element simulations.
To estimate the source auto-power at a certain focus point one has to evaluate:
𝐴 = 𝐰̂ ∗ 𝐂𝐰̂

(7)

where 𝐰̂ is the so called steering vector, which is defined in the next section.
5
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2.1.2. Steering vector formulations
̂
There are several possible formulations for the steering vector 𝐰̂ = 𝐰(𝐲)
∈ C𝑀 . An overview of the most frequently used is
given by Sarradj in [23]. In this work, formulation three according to [23] is applied on analytical free-field and on numerically
computed arbitrary Green’s functions. It is based on the minimization of the difference between the measured pressure vector and the
product of the complex source amplitudes and the Green’s functions (see [21], Eq. (45)). The resulting steering vector formulation
reconstructs the source power correctly, but not the source position at a local maximum of the beamforming map:
𝑤̂ 𝑚 =

𝑔̂𝑚

(8)

‖̂𝐠‖22

In the special case of a free field without flow Green’s function (Eq. (6)) the steering vector formulations is:
𝑤̂ 𝑚 = e−𝑗𝑘𝑟𝑚

1
1
∑
𝑟𝑚 𝑚 𝑟−2
𝑚

(9)

2.1.3. Point spread function
The point spread function is the spatial impulse response of an array on a unit point source at a focus point 𝐲𝑠 . As it induces a
CSM by
𝐂𝑠 = 𝐠̂ (𝐲𝑠 )̂𝐠(𝐲𝑠 )∗

(10)

the source power can be calculated as follows:
̂ ∗ 𝐂𝑠 𝐰(𝐲)
̂
̂ ∗ 𝐠̂ (𝐲𝑠 )̂𝐠(𝐲𝑠 )∗ 𝐰(𝐲)
̂
̂ ∗ 𝐠̂ (𝐲𝑠 )||
𝐴PSF (𝐲) = 𝐰(𝐲)
= 𝐰(𝐲)
= ||𝐰(𝐲)

(11)

2.2. Green’S functions from boundary element method simulations for steering vector calculation
In this paper the Green’s functions are calculated with the boundary element method (BEM) in the frequency domain. The
simulation setup will be described in Section 2.5.2. The calculation is done reciprocal which means that the scattering problem of
a delta function 𝛿 located at the microphone position 𝐱𝑚 is solved for each microphone:
𝑔̂𝑚BEM (𝐲) = 𝑔(𝐲,
̂ 𝐱𝑚 )

(12)

Due to the known reciprocal property of the wave equation without flow and arbitrary boundary conditions [24], this is the same
as calculating the Green’s function from the focus point 𝐲 to the microphone position 𝐱𝑚 :
(13)

𝑔(𝐲,
̂ 𝐱𝑚 ) = 𝑔(𝐱
̂ 𝑚 , 𝐲)

The solution is evaluated at the focus points 𝐲 of the beamforming map. The resulting complex pressure amplitudes can be used
directly as Green’s functions 𝑔̂𝑚 in the steering vector formulation (Eq. (8)) for frequency domain beamforming.

2.3. Rotating beamforming with steering vectors from tailored Green’s functions
As already discussed in the introduction, for the rotating setup the beamforming has to be performed in the time domain. This
is because the setup is not rotationally symmetric and therefore the tailored Green’s functions become time dependent.

2.3.1. Transformation of the steering vectors into the time domain
To run the beamforming in the time domain, the steering vectors are transformed into the time domain first. Therefore,
BEM ≤ 𝑓 BEM ≤ 𝑓 BEM . The difference between two
BEM simulations are carried out for multiple frequencies in a certain range 𝑓min
max
simulated frequencies is 𝛥𝑓 BEM . From the resulting tailored Green’s functions 𝑔̂𝑚BEM (𝑓 ) the steering vectors 𝑤̂ BEM
𝑚 (𝑓 ) are computed
BEM is lower than half of the sampling rate
according to Eq. (8) for each frequency 𝑓 BEM . If the maximum simulated frequency 𝑓max
of the measurement 𝑓𝑠 , the remaining frequency entries in the steering vector spectrum are set to zero. Then the spectrum of the
steering vectors is transformed from frequency into time domain by inverse fast fourier transform (iFFT). To determine the negative
frequencies, it is conjugate complex mirrored first.
𝑤𝑚 (𝑡) =  −1 𝑤̂ 𝑚 (𝑓 )

(14)

with −𝑓𝑠 ∕2 < 𝑓 < 𝑓𝑠 ∕2. The resulting impulse response in time domain consist of 𝑁sw = 𝑓𝑠 ∕𝛥𝑓 BEM + 1 samples.
6
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2.3.2. Beamforming
The time signals of the focus points 𝜎̄ (𝑡, 𝐲(𝑡)) are generated time step by time step from the measured microphone signals. For each
time step the microphone signals are multiplied by the corresponding impulse responses and the resulting time signal is summed up.
For a stationary focus grid this corresponds to a convolution of the microphone signals 𝑝𝑚 with the corresponding impulse response
𝑤𝑚 (𝑡, 𝐲) from the microphones 𝑚 to the (static) focus positions 𝐲(𝑡) = 𝐲.
𝜎̄ (𝑡, 𝐲) =

𝑀
)
1 ∑(
𝑝 ∗ 𝑤𝑚 (𝐲) (𝑡)
𝑀 𝑚=1 𝑚

(15)

A co-rotating focus grid is used to evaluate the rotating measurements. This makes the steering vectors dependent on time 𝑡. To
determine the impulse response 𝑤𝑚 (𝑡̂, 𝐲(𝑡)) at a certain time 𝑡, spatial interpolation is required. 𝑡̂ describes the relative time of the
impulse response and is different from the global time 𝑡. For the time 𝑡 considered, the position 𝑦(𝑡) of the rotated focus grid point
is calculated and the impulse response 𝑤𝑚 (𝑡̂, 𝐲(𝑡)) at time 𝑡 is determined by spatial nearest neighbour interpolation in the simulated
BEM data. In other words, the simulated BEM impulse responses are used as a look-up table using nearest neighbour interpolation.
The microphone signals can no longer be convolved with the impulse response, due to the movement of the focus positions.
Instead, for each time 𝑡 the corresponding sections from the microphone signals 𝑝𝑚 (𝑡 + 𝑛𝛥𝑡) have to be multiplied with focus position
𝐲(𝑡) dependent impulse response 𝑤𝑚 (𝑡̂, 𝐲(𝑡)).
𝜎̄ (𝑡, 𝐲(𝑡)) =

𝑀 𝑁sw −1
(
)
1 ∑ ∑
𝑝 (𝑡 + 𝑛𝛥𝑡) 𝑤𝑚 (𝑁sw − 𝑛 − 1)𝛥𝑡, 𝐲(𝑡)
𝑀 𝑚=1 𝑛=0 𝑚

(16)

with 𝛥𝑡 = 𝑓1 , 𝑓𝑠 the sampling frequency and 𝑁sw the number of time samples in the BEM impulse response.
𝑠
The Doppler shift, which is caused by the source and receiver being in different reference systems, is corrected automatically
because in the present method the evaluation of the rotating sources take places in the co-rotating focus-grid reference frame 𝐲rot .
However, convective amplification due to the movement of the sound sources is not taken into account. Any kind of interpolation
in the time domain of the microphone signals 𝑝𝑚 (𝑡) is not required when following the approach shown in Eq. (16).
2.4. Validation criteria
The beamforming results for the stationary and the rotating test cases will be compared in the next section. Therefore, four
different validation criteria are now established as measure of the resulting beamforming maps. It shall be mentioned again that all
criteria are based on so-called ’dirty maps’ on identical grids without further deconvolution methods. These criteria shall express
different properties of the beamforming maps in single values. They aim at two aspects: The first aspect evaluates the calculation
of the sound power of the source. The second aspect evaluates how other sources are masked by a broad main lobe or side lobes of
the point spread function.
The definition of the first criterion is based on Sarradj [23] and aims at the power of the sound source: The beamformer output
at the source position should be a measure of the source power, as the difference between the indicated source power 𝐴𝑒 and the
true source power 𝐴𝑠
(17)

𝛥𝐿 = 𝐴𝑒 − 𝐴𝑠 .

Because the true source power is not known for the given measurement setup in this paper, the true source power 𝐴𝑠 is replaced
by the indicated source power from a measurement without the heat exchanger box.
The second major aspect of the validation – the masking of other sources by the point spread function – will be based on the
second and third criterion. The second criterion is the main lobe width 𝑏. It is a measure of how large the distance between two
sound sources must be in order to be separated by the beamformer. It is calculated as twice the distance between the position of
the maximum 𝐲max and the point on the 𝐿max − 3 dB contour line most distant from the maximum.
(
)
̂ , 𝑆 = {𝐲|𝐿max − 3 = dB(𝐴(𝐲))}
(18)
𝑏 = 2 ⋅ max ||𝐲max − 𝐲||
̂
𝐲∈𝑆

The third criterion is the main lobe to side lobe ratio (MSR). It is also often referred to as dynamic range. In this paper it is
calculated as the difference between the maximum level 𝐿max and the level of the highest side lobe 𝐿SL :
MSR = 𝐿max − 𝐿SL

(19)

The highest side lobe is determined iteratively: Starting from the maximum of the beamforming map, the level is incrementally
reduced. At each iteration the corresponding isolines are drawn into the map. At first, only the area of the main lobe is found. As
soon as another area outside the main lobe is found, the highest side lobe is assumed there.
The fourth and final criterion, the source to pattern ratio (SPR), addresses both aspects. It takes into account that not only the
level of the highest side lobe, but the total energy added to the map by the point spread function is important for the quality of
the results. Therefore, it is defined as the level of the ratio between the beamformer output at the source position and the average
output at the other focus points:
⎞
⎛
( )
𝐴 𝐲𝑠
⎟
⎜
SPR = 10 log10 ⎜
( )⎟
1 ∑𝑁map
⎜
𝐴 𝐲𝑛 ⎟
⎠
⎝ 𝑁map 𝑛=1

(20)

where 𝐲𝑛 is the 𝑛th focus point.
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Fig. 2. Validation setup. Side view of the measurement setup (a): without heat exchanger box and (b): with heat exchanger box. (c): Source position. (d):
Simulation setup.

2.5. Validation setup
The following section will describe the setup that is used to validate the method. First the measurement setup and then its
implementation in the BEM simulation will be presented.
2.5.1. Measurement setup
The goal of the presented method is to improve dirty map- beamforming results for sound source localization of axial fans mounted
in heat exchangers. A simplified setup is shown in Fig. 2: The heat exchanger is modelled as a cuboid box without condenser.
A circular disc equipped with 60 loudspeakers is used as reference sound source (Fig. 2(c)). The disc is mounted on an electric
motor so that it can be measured both stationary and rotating. The diameter of the disc is 𝑑 = 0.953 m. For the present study,
measurements results are shown where loudspeaker no. 5 (radius 𝑟 = 0.43 m) is the sound source. The measurement signal is white
noise in the frequency range 500 Hz < 𝑓 < 10000 Hz. Tonal sound sources have not been investigated in this paper. The sound power
of the loudspeaker is not known. For this reason, the source levels of the various beamforming methods are compared relatively
with those from a measurement without heat exchanger box (Fig. 2(a)).
The ebm-papst testbench for combined air and sound measurements is used for the validation experiments. It consists of two
half-anechoic chambers separated by a wall where usually the fan is mounted in a so-called wall ring. The circular disc is flush
mounted with the separating wall in the wall ring. The cuboid heat exchanger box is arranged concentric with the wall ring. It is
connected to the wall and has the dimensions 1.54 × 1.14 × 0.46 m3 .
The microphone array is arranged in two circles with 𝑑1 = 1.6 m and 𝑑2 = 0.8 m diameter. The larger circle houses 𝑀 = 40 and
the smaller circle 𝑀 = 24 microphones. It is also arranged concentric with the wall ring. The distance from the separating wall to
the larger microphone array circle is 𝑧 = 0.8 m and 𝑧 = 1.3 m to the smaller circle. A scaled sketch of the setup can be found in
Fig. 1(c).
The data acquisition system is an I2 S- frontend by CAE Software and Systems GmbH with the corresponding digital MEMS
microphones. The signals are recorded for 15 s, with sampling rate 𝑓𝑆 = 48077 Hz. The microphone signals are resampled to
𝑓𝑆 = 24000 Hz to speed up the time domain beamforming algorithm. This is done in the time domain using the MATLAB function
resample. It applies an antialiasing FIR lowpass filter, compensates its delay and interpolates the signal linearly at the new sampling
rate.
To ensure that the frequencies in the CSM match the ones of the simulated, tailored Green’s functions, a window size of 𝐿 = 401
samples is used to achieve a frequency spacing of 𝛥𝑓 = 60 Hz. The total number of 𝑁 = 1790 averages is achieved using an overlap
factor of 𝑟 = 0.5. The procedure results in a matrix 𝐶 for every bin centre frequency of the Welch estimation.
2.5.2. Simulation setup
The Green’s functions are computed numerically with the Fast Multipole-Boundary Element Method (FM-BEM) code FMCAS [25,
26]. FMCAS solves the Helmholtz equation using a boundary integral equation discretized on a triangulated surface. The function
to be determined is assumed to be constant on each triangle. The resulting system of linear equations is solved using an iterative
solver from the PETSc library. The computation of the matrix–vector products is accelerated by a high-frequency Fast Multipole
Method (FMM) based on a plane wave approximation. Further details of FMCAS can be found in the references cited above.
In the simulations only the heat exchanger box, the separating wall and the disc are considered. The disc and the wall are handled
as a continuous surface. All surfaces are modelled fully reflective. A CAD model is shown in Fig. 2(d).
The cell size of the simulation grid is determined as a function of the simulated frequency. Above 𝑓 = 800 Hz grids with 12
points per wavelength (ppw) are used. In a preliminary study [27] it was shown that below 𝑓 = 800 Hz this is not sufficient to
resolve the geometry properly. Therefore, the frequency dependent cell size is halved to 24 ppw.
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BEM = 60 Hz and 𝑓 BEM = 4500 Hz. The distance between two frequencies
Simulations are carried out for frequencies between 𝑓min
max
is 𝛥𝑓 BEM = 60 Hz. For steering vector computation in time domain via iFFT, the entries in the steering vector spectra between
BEM = 4500 Hz and 𝑓 ∕2 = 12000 Hz are set to zero.
𝑓max
𝑆
The Green’s functions are evaluated on a square grid on the separating wall (𝑧 = 0 m). It has the dimensions 1.44 × 1.44 m2 . The
distance between two evaluation points is 𝛥𝑥 = 𝛥𝑦 = 0.01 m. This grid is also used as focus grid for the beamforming evaluations.

3. Results
In the following chapter, the method of tailored Green’s functions will be used for beamforming on the presented measurement
setup. Microphone array measurements were conducted with a loudspeaker mounted in a disc as a generic sound source as described
in Section 2.5.1. The beamforming results are calculated in the frequency domain for the stationary setup and in the time domain
for the rotating setup. Three different cases are considered for each setup, respectively: The first case is a measurement without
the heat exchanger box and the steering vectors of the corresponding beamforming results are calculated based on the free-field
Green’s function (Eq. (6)). This first case will serve as a reference to show how the microphone array performs in the given test
bench without the disturbance from the heat exchanger box. In the second case, microphone array measurements are performed
in the same setup but with the heat exchanger box included in the measurements while the steering vectors are again calculated
based on the free-field Green’s functions. This case demonstrates the effects of the reflections and shadowing of the heat exchanger
box on the beamforming results (using standard free-field based steering vectors). In the third case, the same array measurements
with heat exchanger box are used, but this time the tailored steering vectors calculated on the basis of the BEM-simulated Green’s
functions are used for the evaluation of the beamforming results.
Firstly, the results for the stationary setup are presented followed by the results for the rotating setup in the subsequent
subsection. In each case, the beamforming maps are shown first, followed by the validation criteria applied on the beamforming
results, respectively. The results will be summarized in Section 3.3.
3.1. Results from stationary measurements
In this section, the results for the stationary measurement setup will be presented. The steering vectors of the beamforming
maps are calculated on the basis of free-field or BEM-simulated Green’s functions with reflections and shadowing, respectively. The
beamforming maps are subsequently calculated using Eq. (7).
The beamforming maps for the three different cases are shown in Fig. 3(a). In Figs. 3(b)–3(e), the quality of the beamforming
maps is evaluated using the four validation criteria from Section 2.4 as a function of frequency.
3.1.1. Beamforming maps
The beamforming maps for the three different stationary test cases are displayed in Fig. 3(a). The true source position which is
known from the experimental setting, is marked with a cross. All beamforming maps of a certain frequency use the same colour map
with dynamic range of 30dB. They are normalized with the frequency dependent maximum at each third octave band, respectively.
This enables the direct comparison of the side lobes levels and main lobe width in the different cases relative to the third octave
band maxima. On the other hand, with this representation of the beamforming results it is more difficult to compare the maxima and
the ratio between the main lobe and side lobe levels within the different test setups. Therefore, Figs. 3(b)–3(e) show the validation
criteria to ease the analysis of the maxima differences and main to side lobe ratio.
In the first row of Fig. 3(a) the beamforming maps of the measurement without heat exchanger box are shown, which have been
evaluated based on free-field Green’s functions. It can be seen that the main lobe is circular and becomes narrower with increasing
frequency. Starting at 𝑓 = 800 Hz, a strong circular side lobe can be seen that moves from the bottom of the maps towards the
source position with increasing frequency. Its level is about 10 to 12 dB and therefore significantly higher than the levels at the
focus points between this side lobe and the main lobe. From the frequency 𝑓 = 1250 Hz on, further circular side lobes at similar
levels appear between the described side lobe and the main lobe. The side lobes levels increase with frequency.
The second row of Fig. 3(a) shows the beamforming maps of the measurement with heat exchanger box, but again evaluated
with free-field steering vectors. Especially at lower frequencies it can be seen that the main lobes are not longer circular but oval. As
in the case without heat exchanger box, strong side lobes can also be observed. In the middle frequency range between 𝑓 = 1250 Hz
and 𝑓 = 2500 Hz, these are more prominent than in the case without heat exchanger box. In addition, further side lobes can be
seen that are not present in the results without the heat exchanger box. These are not circular and are located outside the circular
side lobes.
The beamforming maps in the third row of Fig. 3(a) show the results for the measurements with heat exchanger box, but the
beamfoming calculations use the tailored steering vectors, based on the Green’s functions from BEM simulations as described in
Section 2.5.2. The main lobe width appears smaller than in the maps of the first and second row. In addition, the side lobes are less
visible and do not appear circular anymore. Instead, the side lobes have the shape of small spots. In the main, the side lobe levels
appear reduced compared to the case above where the same measurement was evaluated with free-field steering vectors.
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Fig. 3. Beamforming results from stationary measurements in one-third octave bands calculated with steering vectors based on free-field (FF) and BEM-calculated
(BEM) tailored Green’s functions.
(a): Beamforming maps with equal colour maps per frequency band. (b–e) Validation criteria: (b): Deviation from free-field source level, (c): Main lobe width,
(d): Main lobe to side lobe ratio and (e): Source to pattern ratio.

3.1.2. Beamforming source level
The validation criteria shown in Figs. 3(b)–3(e) are related to the beamforming maps, respectively. In Fig. 3(b) the calculated
beamforming levels at the source position are compared between the different test cases. The radiated sound power of the
loudspeaker integrated in the test setup is not known and therefore cannot be used as reference. However, the level at the source
position of the beamforming measurement without heat exchanger box is used as a reference with 0 dB at every third octave band.
The beamforming levels at the source position of the measurements with heat exchanger box and free-field or tailored steering
vectors are indicated as level difference to that reference, respectively.
From this evaluation it is not clear, whether the use of tailored Green’s function can improve the determination of the source
power. But as mentioned before, this is not in the focus of this paper.
For the measurement with the heat exchanger box installed, lower levels are found compared to the measurement without heat
exchanger box at almost all frequencies. This holds for the beamforming calculations with free-field steering vectors as well as for
those with tailored Green’s steering vectors. Only at the lowest evaluated one-third octave band frequency 𝑓 = 630 Hz the deviation
for free-field beamforming is close to zero. The difference to the beamforming results with the tailored Green’s steering vector is
also very small with approximately 𝛥𝐿𝑠 = −0.2 dB. The deviation increases with increasing frequency, for both test cases. The level
difference for the beamformer with tailored steering vector is up to one decibel larger than for the free-field beamformer. In the
upper middle frequency range, the level differences for both cases without heat exchanger box reduces again. Except for 𝑓 = 2000 Hz,
the level differences are always between 0.4 dB and 1.2 dB higher for tailored steering vector than for the free-field beamformer.
In the two highest third octave bands the deviation increases again. At 𝑓 = 3150 Hz it reaches the maximum of 𝛥𝐿𝑠 = −2.7 dB and
𝛥𝐿𝑠 = −3.1 dB, respectively.
The results shows that the installation of the heat exchanger box influences the levels of the beamforming maps at the source
position. The use of numerically simulated tailored steering vectors cannot compensate for this influence. Instead, at the most
frequencies the indicated source levels are further decreased when using the tailored steering vectors. This result is important to
keep in mind while evaluating the criteria of the signal-to-noise ratio (Figs. 3(d) and 3(e)).
3.1.3. Main lobe width
Fig. 3(c) shows the main lobe width 𝑏 of the beamforming maps for the three cases. The main lobe width 𝑏 is normalized with
the wavelength 𝜆 in order to clarify the dependency of the Helmholtz-number calculated this way. As mentioned in Section 2.4, the
main lobe width is defined as the maximum spatial distance between the position of the maximum and the 𝐿max − 3 dB line.
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The main lobe width of the beamforming maps based on the measurement without heat exchanger box and free-field steering
vectors is approximately proportional to the wavelength for most frequencies. The ratio 𝑏∕𝜆 increases slightly from 𝑏∕𝜆 = 0.62 to
𝑏∕𝜆 = 0.85.
The normalized main lobe width generally widens for the measurement with heat exchanger box and free-field steering vectors.
For the three lower and the three higher third octave bands it takes values between 0.8 < 𝑏∕𝜆 < 0.95. In the three middle frequency
bands (1250 Hz ≤ 𝑓 ≤ 2000 Hz) the normalized main lobe width is in the range of the results without heat exchanger box for these
frequencies (0.6 < 𝑏∕𝜆 < 0.75).
For the results based on Green’s functions from BEM-simulations it is vice versa: In the three lower and four higher frequency
bands, the main lobe width is reduced (0.4 < 𝑏∕𝜆 < 0.7). However, at 𝑓 = 1250 Hz and 𝑓 = 1600 Hz, it is in the same range as for
the other two cases (0.65 < 𝑏∕𝜆 < 0.75).
The reduced main lobe width of the beamformer based on the tailored Green’s functions at low frequencies can also be observed
in the beamforming maps in Fig. 3(a). The main lobes of the beamfoming maps are significantly narrower when using the tailored
steering vectors. The fact that their width at 𝑓 = 1250 Hz and 𝑓 = 1600 Hz is almost identical for all three cases, on the other hand,
is not easily seen in the beamforming maps. The sizes of the red areas appear smaller in the bottom row. On closer inspection,
however, it can be seen that the colour within these areas is more uniform than in those of the free-field beamforming maps. Thus,
the spatial gradients from the maximum are smaller and the levels decrease only very slightly. Therefore, the considered 𝐿max − 3 dB
region is relatively wide. If a larger threshold was chosen instead of 𝐿max − 3 dB, the main lobe widths for the third case would also
be found narrower compared to the free-field case at these frequencies.
Overall, the main lobe width appears significantly reduced by using the tailored Green’s functions for the steering vector
computation, especially when compared with the same measurements (with heat exchanger box installed). The decrease caused
by the heat exchanger box in the results of the free-field beamformer is not only compensated for, the main lobe width is also
reduced compared to the case of the free-field beamformer without heat exchanger box.
3.1.4. Main lobe to side lobe ratio
The third criterion, the main lobe to side lobe ratio (MSR), is displayed in Fig. 3(d). As mentioned before, only side lobes located
in the area of the disc with the speakers have been considered in this criterion. The black circles in the beamforming maps in
Fig. 3(a) mark these areas. It should also be noted that the MSR cannot be deduced directly as the level of the highest side lobe
from the beamforming maps (Fig. 3(a)) due to fact that the colour maps of the three different cases are identical per third octave
band frequency and thus the main lobe level differs (see Fig. 3(b)).
For the first case, where the measurement without heat exchanger box has been evaluated using free-field steering vectors, the
MSR is highest in the two lower frequency bands 𝑓 = 630 Hz and 𝑓 = 800 Hz (MSR ≈ 16 dB and MSR ≈ 14 dB). The reason has
already been discussed when presenting the beamforming maps (Section 3.1.1); the main circular side lobe, which has a significantly
higher level than the other side lobes, is still outside the evaluation area at these frequencies. In the frequency range starting at
𝑓 = 1000 Hz, the MSR is controlled by the level of this side lobe. It can also be seen that the level of this side lobe increases in the
upper frequency bands starting at 𝑓 = 2500 Hz. From 𝑓 = 1000 Hz to 𝑓 = 2500 Hz the MSR is in the range 11 dB < MSR < 12 dB.
Above 𝑓 = 2500 Hz the MSR reduces further to 9 dB < MSR < 10 dB.
For the measurement with heat exchanger box, the MSR is reduced compared to the measurement without heat exchanger box
by 𝛥MSR ≈ 1 dB to 𝛥MSR ≈ 4 dB. By using tailored steering vectors for the evaluation of the measurements with heat exchanger,
the MSR increases in the middle frequency range from 𝑓 = 1250 Hz to 𝑓 = 3150 Hz. For most frequencies, the MSR is in between
the two results obtained with free-field steering vector. At 𝑓 = 2500 Hz, the value of the measurement without heat exchanger box
is even reached. In the lower frequency bands at 𝑓 = 630 Hz and 𝑓 = 800 Hz as well as in the highest frequency band 𝑓 = 4000 Hz,
the MSR levels for the two evaluations of the measurement with heat exchanger box are almost identical. Only at 𝑓 = 1000 Hz
the MSR of the evaluation based on tailored steering vectors is 𝛥MSR = 2 dB lower than in the corresponding case with free-field
steering vectors.
As explained, the disturbance of the sound propagation by the heat exchanger box causes an amplification of the side lobe
already present in the case without heat exchanger box, especially in the middle frequency range from 𝑓 = 1250 Hz to 𝑓 = 2000 Hz.
The resulting reduction in MSR can be reduced in this frequency range by using tailored Green’s functions to calculate the steering
vectors. This is true even though the main lobe appears at a lower source level in this case, which in principal has a negative effect
on MSR.
3.1.5. Source to pattern ratio
The last criterion is the source to pattern ratio (SPR, Eq. (20)), which describes the logarithmic ratio between the sound pressure
at the actual source position and the average sound pressure at all other focus points (within the evaluation area of the disc, indicated
by the black circle). This criterion accounts for the effect that not only the highest side lobe has a negative effect on the sound source
localization but any contribution to the beamforming map outside the source position. Furthermore, this criteria summarizes the
other three criteria, the SPR increases due to high beamforming levels at the source position, it increases due to narrow the main
lobe width and due to small side lobe levels.
The SPR for the three test cases are shown in Fig. 3(e). For the case without heat exchanger box, the SPR increases with the
frequency. The levels are in the range 10 dB < SPR < 15.5 dB. For the case with heat exchanger box and free-field steering vectors,
the SPR is almost generally smaller than in the case without heat exchanger box. The difference increases with frequency due to
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the fact, that SPR rises only in the range 9.5 dB < SPR < 12.5 dB. It is noticeable that the SPR between 𝑓 = 630 Hz and 𝑓 = 1250 Hz
is SPR ≈ 10 dB and only increases slightly above this range.
By calculating the steering vectors on the basis of the tailored Green’s functions, the SPR is increased compared to the evaluation
of the measurement with heat exchanger box using free-field steering vectors. Up to 𝑓 = 2000 Hz, the values of the case without
heat exchanger box are reached or even exceeded, especially for low frequencies (𝑓 ≤ 1000 Hz).
This result shows that the quality of the beamforming results can be improved by using the tailored greens functions for the
calculation of the steering vectors. Based on the evaluation of the criteria ‘‘main lobe width’’ and ‘‘MSR’’ it can be concluded that
the improvement in the lower frequency range up to 𝑓 = 1000 Hz is caused by the reduction on the main lobe width. In the middle
frequency range between 𝑓 = 1250 Hz and 𝑓 = 2000 Hz it is caused by reduction of the highest side lobe level. The lower SPR
compared to the test case without heat exchanger box in the frequency range above 𝑓 = 2000 Hz is mostly caused by the lower
source level of the main lobe.
3.1.6. Discussion and conclusions from stationary measurement results
In the previous subsection, the results for the stationary measurement have been presented in the form of beamforming maps
and the corresponding validation criteria. This opens the discussion on two aspects: The influence of the reflections and shadowing
of the heat exchanger box on the array measurements itself and to what extend this influence can be compensated by the use of
numerically simulated tailored Green’s functions for the calculation of the steering vectors.
We have seen, that both the main lobe width and the side lobe level increase for the evaluation with free field steering vectors
if the heat exchanger box is present in the measurement, which reduces the MSR and SPR at all considered frequencies.
A possible explanation is related to the fact that some of the array microphones on the large array ring are geometrically
shadowed by the heat exchanger box. The propagation time of the sound to these microphones is increased and deviates from
the free-field conditions which leads to a broadening of the main lobe. Since the sound source is positioned at the upper area of the
heat exchanger box, the upper microphones of the larger array ring are shadowed. When calculating the sound level at a certain
focus point, the microphone signals are delayed according to the associated steering vector. However, for the upper microphones,
the actual delay in the measurement setup does not match the free-field steering vector of the source position. Instead it matches
the steering vectors of focus points more distant from the microphones. This conflicts with the unshadowed microphones and leads
to the observed broadening of the main lobe, especially in the vertical direction. In the horizontal direction, the broadening is less
visible because more microphones are not shadowed.
Another aspect is the influence of reflections. The sound emitted by the loudspeaker is reflected by the walls of the heat exchanger
box and reaches the microphones not only on the direct path but also indirectly, via reflections. The reflected sound waves hit the
array from different directions than the direct sound waves (leading to different phase differences at the array microphones) and
are therefore interpreted by free-field steering vectors as additional sources. This increases the side lobes, too.
The validation criteria tested on the beamforming maps show that for the measurement with heat exchanger box the beamforming
results can be significantly improved by using the BEM-simulated tailored Green’s functions. The BEM-simulated Green’s functions
can improve the beamforming results in two ways: The reflected sound waves match the steering vectors, too and appear therefore
not as additional sources in the beamforming maps. The side lobes are therefore decreased. Secondly, the beamforming algorithm
is provided with even more (valid) information than in the first case without heat exchanger box and free-field steering vectors.
The microphone array can be interpreted as virtually mirrored on the heat exchanger box walls, thus enlarging the aperture and
reducing the main lobe width of the beamforming maps.
It is noticeable that the main lobe width reduces more in vertical direction than in horizontal direction. One possible explanation
is that in the present case the large distance to the bottom wall and the corresponding clear reflections on this wall offers the
beamforming algorithm more information and therefore increases the virtual mirrored array in the vertical direction. Another
possible explanation for the reduced main lobe width is that the BEM-simulated Green’s functions model the diffraction of the
sound at the edges of the heat exchanger box, so that diffracted microphone signals match the correct propagation model in the
beamforming process. This also would improve the beamforming results due to the larger aperture and increased number of useful
microphone signals.
When presenting the results, it has also been shown that for the free-field beamformer the level at the source position is lowered
for the measurement with the heat exchanger box. It can be assumed that the shadowing of some microphones in the measurement
reduces the sound pressure more than predicted by the free-field steering vectors. The reduction of the levels at the source position
cannot be compensated by using the BEM-simulated Green’s functions to calculate the steering vectors. A possible explanation for
this are that there are still deviations between the real wave propagation and the simulated Green’s functions. Because the BEMsimulated Green’s functions include reflection and diffraction they are much more sensitive to geometric inaccuracies. This can
cause deviations in the calculation of amplitude as well as in the determination of phase of the sound propagation.
An overestimation of the amplitudes of the Green’s functions by the BEM-simulations would lead to an underestimation of the
source powers by the beamforming algorithm. The larger the amplitude of the Green’s functions are, the smaller the amplitudes of
the steering vectors become, because in the chosen steering vector formulation the Green’s functions are weighted by their squared
magnitude (Eq. (8)). According to Eq. (7), the smaller the magnitude of the steering vectors are, the smaller the predicted source
powers become.
One possible reason for an incorrect determination of the amplitudes (and the phase) of the Green’s function is related to
reflections. In the simulations, total reflection at all frequencies is assumed at the walls of the heat exchanger box. However, it
can be assumed that in the real measurement the sound is not only reflected but also absorbed at the walls of the heat exchanger
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box depending on the frequency and angle of incidence. Thus, the reflections in the measurements are most probably smaller than
in the BEM-simulation with the assumed total reflection.
Errors in the determination of the phase of the Green’s function can also be caused by geometrical deviations between real
measurement setup and simulation setup. If the distances between sound sources, microphones and geometrical objects do not
match, deviations in the travel times would appear and cause errors in the phase shift of the measured microphone signals with
the simulated steering vectors in Eq. (7). This mismatch of the phase would reduce the received source power in the beamforming
map, too.
3.2. Results from rotating measurements
Following the results of the stationary measurements, the rotating measurements will be investigated in this section. The
beamforming maps have been calculated as described in Section 2.3. The rotational speed in all test cases is 𝑛 = 230 rpm. Again,
the beamforming maps are presented first followed by the corresponding validation criteria. The discussion of the results follows at
the end of the section.
3.2.1. Beamforming maps
The beamforming maps are shown in Fig. 4(a). The arrangement of the individual maps corresponds to that in Fig. 3(a), in the
first row the measurement without heat exchanger box is shown, in the second row the measurement with heat exchanger box, both
measurements evaluated with free-field steering vectors. The third row shows the results for the measurements with heat exchanger
box, but the beamforming results evaluated the tailored steering vectors.
For the case without heat exchanger box (first row in Fig. 4(a)), the beamforming maps of the rotating measurement are similar
to those of the stationary measurement (first row in Fig. 3(a)). This is true for the width of the main lobe as well as for the level
and the position of the side lobes. One difference is that the maps are not so structured outside the main lobe at higher frequencies,
the side lobes appears more smooth.
The results for the free-field beamforming of the measurement with heat exchanger box are similar. The numerous single side
lobes that were found in the stationary case are no longer visible. Instead, the side lobes appears more in circular form. Outside of
the first strong side lobe the sound power level of the beamforming map is spatial more evenly distributed. Its value corresponds
to the averaged level of the respective area of the maps from the stationary measurement. The main lobes appear in this rotating
case circular, in contrast to the oval shape of the main lobes at the stationary measurement.
In the third row, showing the maps of the measurement with heat exchanger box and steering vectors from tailored Green’s
functions, only slight circular side lobes can be seen. The beamforming maps outside of first side lobe are nearly constant, but at
lower levels. The main lobes are again circular.
3.2.2. Beamforming source level
Firstly, beamforming levels at the source position are compared in Fig. 4(b). The stationary measurement without heat exchanger
box is used as the reference case. The differences to the corresponding rotating test case without heat exchanger box (free-field
Green’s functions were used to calculate the steering vectors) do not exceed 𝛥𝐿𝑠 < 0.5 dB.
The differences of the source levels between the measurement with and without heat exchanger box and evaluation with
free-field steering vectors are smaller than in the corresponding stationary test cases. The level differences are in the range of
0.2 dB < 𝛥𝐿𝑠 < 1 dB for all frequencies.
The differences between the measurements with heat exchanger box and steering vectors from tailored Green’s functions are
between 𝛥𝐿 ≈ 0.5 dB and 𝛥𝐿 ≈ 4 dB and therefore larger than between the stationary test cases. The frequency dependence is similar
to the stationary case. Firstly, the level difference increases with the frequency, followed by an interval between 𝑓 = 1600 Hz
and 𝑓 = 3150 Hz with a reduced difference. Above 𝑓 = 3150 Hz the level difference increases again reaching the maximum at
𝑓 = 4000 Hz.
3.2.3. Main lobe width
Fig. 4(c) compares the main lobe width for the three different rotating test cases. At the case without heat exchanger box and the
beamforming calculations with free-field steering vectors the result is similar to the corresponding stationary case. The normalized
main lobe width slowly increases with the frequency from 𝑏∕𝜆 = 0.6 to 𝑏∕𝜆 = 0.85.
Comparing the test case without heat exchanger box to the test case with heat exchanger box (both evaluated with free-field
steering vectors) the normalized main lobe width appears higher for all frequency bands. However, the differences are smaller
(𝛥𝑏∕𝜆 < 0.1) than in the stationary case, especially at low and high frequencies.
By using tailored steering vectors to calculate the beamforming of the measurement with heat exchanger box the normalized
main lobe width decreases for all frequencies compared to both test cases with free-field steering vectors. The largest improvements
are achieved at 𝑓 = 2500 Hz with 𝛥𝑏∕𝜆 ≈ 0.15 and 𝛥𝑏∕𝜆 ≈ 0.225 compared to the test cases without and with heat exchanger box,
respectively.
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Fig. 4. Beamforming results from rotating measurements in one-third octave bands calculated with steering vectors based on free-field (FF) and BEM-calculated
(BEM) tailored Green’s functions.
(a): Beamforming maps with equal colour maps per frequency band. (b–e) Validation criteria: (b): Deviation from free-field source level, (c): Main lobe width,
(d): Main lobe to side lobe ratio and (e): Source to pattern ratio.

3.2.4. Main lobe to side lobe ratio
The main lobe to side lobe ratio for the three rotating test cases is shown in Fig. 4(d). Again, only focus points within the black
circle (on the rotating disc) are considered. The MSR for the case without heat exchanger box and free-field steering vectors appears
similar to the corresponding stationary case.
MSR reduces when evaluating the rotating measurement data with heat exchanger box and free-field steering vectors. However,
for the most frequencies the differences are smaller than in the stationary case.
The MSR for the beamforming of the measurement with heat exchanger box using the tailored steering vectors increases again,
reaching or even slightly exceeding the MSR of the measurement without heat exchanger box.
3.2.5. Source to pattern ratio
The SPR for the rotating case is shown in Fig. 4(e). Again, only focus points on the rotating disc have been considered for the
calculation.
For the rotating measurement without heat exchanger box and beamforming with free-field steering vectors the SPR is almost
identical to that of the corresponding stationary case.
In the case of the measurement with heat exchanger box and beamforming with free-field steering vectors, the SPR is reduced
by 1 dB < 𝛥SPR < 3 dB compared to the test case without heat exchanger box.
By using tailored Green’s functions the SPR increases again reaching the SPR level of the measurement without heat exchanger
box in the three lower one-third octave band (𝑓 = 630 Hz to 𝑓 = 1000 Hz). In the one-third octave bands from 𝑓 = 1250 Hz to
𝑓 = 3150 Hz the SPR is increased compared to the measurement with heat exchanger box and evaluation with free-field steering
vectors. However, the SPR values of the measurement without heat exchanger box are not reached. Only in the one-third octave
band 𝑓 = 4000 Hz the SPR for the measurement with heat exchanger box is lower (𝛥SPR ≈ 0.5 dB) when using the tailored steering
vectors instead of the free-field steering vectors.
3.2.6. Discussion and conclusions from rotating measurement results
In the following, the results of the rotating beamforming will be summarized and discussed. The results in the previous subsection
show, that also in the rotating cases the beamforming results are degraded by the influence of the heat exchanger box. However,
the differences in the different validation criteria are for most frequencies smaller compared to the stationary measurements.
Furthermore, the deviations are not as frequency dependent as in the stationary cases.
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The beamforming results with steering vectors based on the tailored Green’s functions are generally improved. In many cases
the level of the measurement without heat exchanger box is reached or even exceeded. The improvement is more independent of
the frequency than in the equivalent stationary cases. However, the deviations of the level at the source position are larger than in
the stationary case. Furthermore, a clear dependence on the frequency can be seen in this criterion.
These results indicate, that the actual acoustic boundary conditions of the given rotating measurement setup can be determined
with sufficient accuracy by the implemented BEM-simulations for the given rotating measurement setup. The implementation of the
generalized time domain beamformer which enables the use of the tailored Green’s functions in the steering vectors improved the
main lobe width and suppression of the side lobes also for the rotating test case. It could be observed that the improvement of the
beamforming results depends less on the frequency than in the stationary case. We can assume that the source rotation leads to a
circumferential averaging of position-dependent effects so the improvement in the rotating test cases are even more important than
in the stationary test cases.
The differences between the source levels appear frequency-dependent but not compensated by circumferential averaging.
3.3. Summary of the results
In this paper, four different validation criteria are introduced as measures to compare different beamforming maps. These
validation criteria were applied to beamforming maps that are set up using three different test cases in stationary and rotating
reference frame, respectively.
The Greens’s functions were calculated (stationary) in the frequency domain between the microphone positions and the focus
grid behind a heat exchanger box using BEM-simulations. Only the housing of the heat exchanger has been taken into account. It
has been modelled as a box with a rectangular shape. The BEM simulated – tailored – Green’s functions were afterwards used to
calculate the steering vectors. For comparison free-field Green’s functions were used to calculate the according standard steering
vectors. A measurement without rectangular heat exchanger box evaluated with free-field steering vectors was used as reference
test case.
A disc equipped with 60 loudspeakers was used as sound source. The measurements were done both stationary and rotating at
a rotational speed of 𝑛 = 230 rpm. For the present study only one loudspeaker was used. Its radial position 𝑟 = 0.43 m corresponds
to a typical outer radius of an axial fan for the given setup. Furthermore, it should be noted that the investigations have been done
with white noise. The method has not been tested for tones yet.
Beamforming maps were calculated for both the stationary and the rotating measurements in the frequency range up to
𝑓 = 4500 Hz. Three different cases have been considered: As a reference case, a measurement without heat exchanger box has been
evaluated using steering vectors based on the free-field Green’s functions. The second and third case is based on the measurement
with heat exchanger box. For the second case, the steering vectors have been calculated based on the free-field Green’s functions
and for the third case based on the BEM-simulated tailored Green’s functions.
Based on the beamforming maps and the validation criteria derived from these maps it could be shown that the use of tailored
Green’s functions improves the beamforming maps for both the stationary and the rotating test cases examined. For three of four
validation criteria, the values of the reference measurement without heat exchanger box are reached or even exceeded for most
frequencies. Only the levels at the source position deviate from those of the reference measurement.
Possible explanations for the degeneration of the results with heat exchanger box and standard free-field Green’s functions were
discussed as well as the improvement when using the tailored steering vector. The signal of acoustically shadow microphones can be
used by the beamforming algorithm when using matching Green’s function which reduces the noise and the main lobe width due the
additional useful information. The observed difference between the source levels when using free-field and BEM-simulated Green’s
functions for the steering vector calculation shows (most probably) the increased sensitive to inaccuracies in the sound propagation
when taking reflections, shadowing and diffraction effects into account compared to the known-robust free-field Green’s function
assumption.
4. Conclusion
In the present work, a method for sound source localization under disturbed propagation conditions has been presented. The
method can be used for both stationary and rotating test cases. For stationary cases it operates in the frequency domain and
for rotating cases in the time domain, the according method was generalized to incorporated tailored Green’s function and their
weighting into time domain beamforming. The test case was a fan test bench where a generic source is placed inside a short heat
exchanger duct and microphone array measurements were performed outside the duct in a semi-anechoic chamber.
The Green’s functions used in this paper were simulated in frequency domain using the Boundary Element Method, considering
all reflection, diffraction, and shadowing effects. The numerically determined Green’s functions are applied to beamforming on an
experimental dataset similar to the numerically simulated.
In the process of validating the resulting maps, several validation criteria were set up for assessment of the effect of the
simulated Green’s functions versus a free-field monopole assumption. It was shown that for the selected test case the results for
both stationary and rotating beamforming can be significantly improved compared to those of free-field beamforming by using
numerically calculated Greens functions.
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