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Synthesizing coherence loss by atmospheric turbulence
in virtual microphone array signals

Dorothea Lincke,1,a) Timo Schumacher,2 and Reto Pieren1

1Empa, Swiss Federal Laboratories for Materials Science and Technology, 8600 D€ubendorf, Switzerland
2TU Berlin, Institute of Fluid Dynamics and Technical Acoustics, 10623 Berlin, Germany

ABSTRACT:
Phased microphone array methods are increasingly used to localize and quantify noise sources of aircraft under

flight condition. However, beamforming results suffer from loss of image resolution and corruption of sound levels

due to atmospheric turbulence causing coherence loss between microphones. A synthesis method is presented that

reproduces these effects in a virtual environment. Sound propagation through turbulent atmosphere is described by

models by Ostashev and Wilson and by von K�arm�an turbulence spectra. Spatial coherence is calculated based on the

parabolic equation for statistically inhomogeneous, isotropic turbulence. Decorrelation of signals is achieved by

time-varying mixing of mutually independent signals with identical PSD based on coherence factors. The concept of

auralization is employed to account for propagation delay, geometrical spreading, Doppler effect, air absorption, and

ground effect. The application is demonstrated for a virtual 56 m aperture microphone array. The impact of different

meteorological conditions on the beamforming and deconvoluted results are presented. For increasing turbulence

strength, the results show decreasing sound levels and increasingly blurred images. The proposed method allows us

to reproduce the effects of turbulence-induced coherence loss in phased microphone array measurements and to opti-

mize array designs and algorithms in a virtual, controllable environment.
VC 2023 Author(s). All article content, except where otherwise noted, is licensed under a Creative Commons
Attribution (CC BY) license (http://creativecommons.org/licenses/by/4.0/). https://doi.org/10.1121/10.0016847
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I. INTRODUCTION

Phased microphone arrays are able to detect moving

sound sources at subsonic speed with beamforming

techniques (Sijtsma, 2007). For aircraft, phased micro-

phone array beamforming techniques offer the possibility

to assess existing aircraft under flight condition. Therefore,

the identification and quantification of noise emitting air-

craft components is increasingly performed using micro-

phone array methods (Merino-Mart�ınez et al., 2019). The

aim of this publication is to present a new approach to

study the effect of atmospheric turbulence on phased

microphone array methods.

Although measurements under operational conditions

have clear advantages over measurements on static test rigs,

it is important to note that the complexity of the task is con-

siderably increased because of uncontrolled experimental

conditions. The degree of accuracy is dependent on meteo-

rological conditions because of atmospheric turbulence

effects and air absorption. Sound waves propagating through

atmospheric turbulence are scattered by spatial and temporal

fluctuations in wind and temperature. Scattered sound waves

degrade the coherence in measured signals. Consequently,

beamforming results suffer from loss of image resolution

and a corruption of the sound levels in the source map

(Merino-Mart�ınez et al., 2019). Partial loss of phase relation

in phased microphone array measurements was investigated

for open and closed wind tunnel experiments (Pires et al.,
2012), where decorrelation is caused by the turbulent shear

layer and boundary layer, respectively. In case of sound

propagation in atmospheric turbulence, the loss of coherence

in a propagating acoustic wavefront and resulting variations

in direction-of-arrival estimates have been studied theoreti-

cally (Collier and Wilson, 2003; Wilson, 1998).

Because of the uncertainties introduced by turbulent

fluctuations in the atmosphere, flyover measurements are

constrained to good weather conditions. Therefore, the

atmospheric conditions during flyover measurements should

satisfy the conditions mandatory for noise certification of

aircraft defined by the International Civil Aviation

Organization (2017).

The coherence loss of the measured signals can be

partly compensated in a pre-processing step of the analysis.

Microphones that are affected by coherence loss do not con-

tribute effectively to the beamforming process but add noise

to the source map instead. Selecting smaller sub-arrays then

leads to lower background noise levels and increased peak

levels. The size of the sub-arrays decreases with increasing

analysis frequency (Michel et al., 2004). The radius R ðmÞ
of the effective aperture follows approximately the relation

R � V=f , where V ¼ 4000 m=s is a constant and f ðHzÞ the

frequency (Sijtsma, 2007).a)Electronic email: dorothea.lincke@empa.ch
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Given that microphone array measurements of aircraft

flyovers are very expensive in preparation and equipment,

better understanding of the influence of turbulence-

induced coherence loss in such measurements is highly

desirable.

To this end, we present a method facilitating the optimi-

zation of existing procedures and the development of new

ones minimizing the influence of coherence loss. The

method is based on synthesized microphone array signals

for purely virtual aircraft flyovers.

For synthesizing the virtual aircraft flyovers, we employ

the concept of auralization. Auralization allows us to render

simulated data audible (Vorl€ander, 2020). Auralization of

aircraft noise has been used, among other purposes, as sup-

port of the aircraft design process and for communicating

noise impact to stakeholders. A thorough overview of the

field is given in Rizzi and Sahai (2019) and Rizzi et al.
(2020). Recent publications have investigated possibilities

to model coherence loss in ground effect for auralizations of

aircraft flyovers measured with a single microphone

(Arntzen and Simons, 2014; Forss�en et al., 2018; Pieren and

Lincke, 2022; Rietdijk et al., 2017). Ground effect is the

interaction of direct sound and sound reflected from the

ground (Attenborough and Renterghem, 2021). In the appli-

cation discussed in this publication, the coherence loss

between more than two microphones located on ground is

targeted.

The method is tested using a simple virtual aircraft fly-

over with multiple sources and meteorological conditions.

The results are analyzed with conventional beamforming in

a first step, and an additional deconvolution step to improve

the source localization. The analysis of the synthesized sig-

nals shows the above-mentioned effects of lower image res-

olution and corruption of the sound levels in the source

map.

The paper is structured as follows: Sec. II provides

theoretical background and the description of the synthe-

sis. Section III demonstrates the application of the

signal synthesis method to a virtual aircraft flyover and

discusses beamforming and deconvolution results of the

synthesized microphone array data. Section IV summa-

rizes the article.

II. MODEL DESCRIPTION

The presented approach is based on recent theoretical

formulations for sound propagation through the atmo-

spheric boundary layer presented in Kamrath et al.
(2021) and Ostashev et al. (2021). The presented model

considers the propagation effects, propagation delay, geo-

metrical spreading, Doppler effect, atmospheric absorp-

tion, ground effect, and coherence loss by atmospheric

turbulence. The impact of atmospheric turbulence can be

studied individually while keeping other factors constant.

Additionally, the trajectory of the sound source is fully

controllable. Random noise or ambient sounds can be

added to the virtual microphone signals to study the

impact of low signal-to-noise ratios, but is not further

considered in this article.

Section II A introduces the geometry and geometrical

assumptions of the virtual flyover. Section II B presents the

computation of the coherence loss between different sensors

of the microphone array. Section II C explains the mixing

procedure to achieve partly decorrelated microphone sig-

nals. Section II D briefly summarizes the synthesis of non-

turbulent propagation effects.

A. Sound path geometry for microphone array

Let the microphone array consist of M sensor positions

distributed spatially on the ground. The monopole sound

source travels at height h above ground and moves over the

microphone array. The propagation distances between the

source and the individual microphones are denoted by Lm

with m ¼ 1;…;M.

Figure 1 shows the geometry of the sound propagation

of a sound source for two microphones (mic 1 and mic 2)

of the array. Line-of-sight propagation is assumed. The

path lengths L1;L2 depend on the source height h and the

elevation angles h1; h2 to the respective microphone. To

compute the spatial coherence between two microphone

sensors, we are interested in the lateral separation of the

propagation paths at same range L from the sound source.

The separation rd is thus the projection of the real sound

paths on the plane perpendicular to the propagation direc-

tion. Here, we define the propagation direction as the

bisecting line between paths L1 and L2. The separation rd

is then determined as the length of the line that intersects

L1 and L2 each at the distance ðL1 þ L2Þ=2 from the sound

source.

In the following derivations, it is assumed that the

coherence loss in longitudinal direction is much smaller

than in lateral direction and is therefore omitted. For Dh
¼ jh2 � h1j > 0, the propagation paths to the individual

microphones do not have the same length (L1 6¼ L2) but

fulfill

rd � minðL1;L2Þ: (1)

If Eq. (1) is not fulfilled, the proposed method will overesti-

mate the signal coherence. Higher accuracy could be

achieved by additionally considering the transverse-

longitudinal coherence function, which does not neglect

coherence loss in longitudinal direction. A derivation of the

transverse-longitudinal coherence function for plane waves

is presented in Ostashev et al. (2009).

B. Atmospheric turbulence model leading
to characterization of coherence loss

For any two microphones of the microphone array,

let pðR; t0Þ be the real-valued sound pressure at position

R ¼ ðx; y; zÞ with the short-time Fourier transform

(STFT)
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p̂ðR;x; tÞ ¼ 1

2p

ð1
�1

pðR; t0Þwðt0 � tÞe�jxt0dt0; (2)

where x is the angular frequency and w is a window

function.

Assuming Eq. (1), we denote the positions of the micro-

phones as R1 ¼ ðL; r1Þ and R2 ¼ ðL; r2Þ, where r1 and r2

are the lateral distances perpendicular to the joint propaga-

tion path as explained in Sec. II A. The mutual coherence

function or cross-spectrum of two signals at the same dis-

tance L, at different time instances t1, t2, and frequencies

x1, x2 is defined as

C L; r1;x1; t1; r2;x2; t2ð Þ
¼ hp̂ L; r1;x1; t1ð Þp̂� L; r2;x2; t2ð Þi: (3)

The angle brackets hi indicate the ensemble average. The

asterisk (*) denotes the complex conjugate.

In the following, we set x1 ¼ x2 and t1 ¼ t2 and omit

these in the notation, because we focus on spatial coherence.

We therefore neglect cross-frequency coherence and tempo-

ral coherence.

In case of a non-turbulent atmosphere, the mutual

coherence function is denoted as C0ðL; rdÞ. We can then

define the coherence factor Ccoh as the normalized mutual

coherence function,

Ccoh ¼
C L; rdð Þ
C0 L; rdð Þ : (4)

The remainder of this section presents the computation

of the coherence factor Ccoh based on Ostashev et al. (2021).

The computation of the coherence is based on the narrow-

angle parabolic equation. In case of statistically inhomoge-

neous isotropic turbulence, the mutual coherence function of

a spherical sound wave for vertical or slanted line-of-sight

propagation is given as

CcohðL; rdÞ ¼ exp

�
� p2k2

0

cos h

ðh

0

dz

ð1
0

Ueffðz; jÞ

� 1� J0

jzrd

h

� �� �
j dj

�
; (5)

where L ¼ h= cos h; k0 ¼ x=c0 is the reference acoustical

wavenumber in air for the reference sound speed c0, j is the tur-

bulence wavenumber, J0 is the Bessel function of the first kind

and zero order, and Ueff is the effective turbulence spectrum.

For the characterization of atmospheric turbulence, we

employ the von K�arm�an turbulence spectrum. The von

K�arm�an turbulence spectrum is based on parametrizations

of temperature and wind velocity fluctuations in the atmo-

spheric boundary layer (ABL),

Ueffðz; jÞ ¼
Cð11=6Þ

p3=2Cð1=3Þ
r2

TðzÞL3
TðzÞ

T2
0 1þ j2L2

TðzÞ
� 	11=6

2
64

þ 22

3

r2
v;sL

5
v;sðzÞj2

c2
0 1þ j2L2

v;sðzÞ
� 	17=6

þ 22

3

r2
v;bL5

v;bj
2

c2
0 1þ j2L2

v;b


 �17=6

3
75; (6)

where CðnÞ ¼ ðn� 1Þ! is the Gamma function (not to be

confused with the mutual coherence function), and T0 is the

mean temperature near the ground.

As suggested by Ostashev and Wilson (2016) and

Kamrath et al. (2021), the variances of temperature r2
T ,

shear-produced wind velocity fluctuations r2
v;s, and

buoyancy-produced wind velocity fluctuations r2
v;b are

FIG. 1. Geometry source-microphone sound propagation. Microphone array indicated by light gray dots.
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parameterized based on the turbulence scaling parameters: fric-

tion velocity u�, surface heat flux QH, boundary layer height zi,

and Obukhov length Lo using the following expressions:

r2
T ¼

4T2
�

1� 10z=Lo½ �2=3
;

r2
vs ¼ 3u2

�;

r2
vb ¼ 0:35w2

�: (7)

Here, T� ¼ �QH=q0cpu� is the surface layer temperature scale,

w� ¼ ðzigQH=q0cpT0Þ1=3
the convection velocity scale, and

Lo ¼ �u3
�Tsq0cp=ðgjvQHÞ is the Obukhov length. The param-

eters q0, cp, and g, describe the air density, specific heat and

gravitational acceleration.

The effective turbulence spectrum Ueffðz; jÞ in Eq. (6)

becomes inhomogeneous in the vertical direction by

accounting for the height dependence of the length scales of

turbulence. The length scales of turbulence are described by

Monin–Obukhov similarity theory (MOST) and mixed-layer

similarity theory and given by

LTðzÞ ¼ 2z
1� 7z=Lo

1� 10z=Lo
;

Lv;sðzÞ ¼ 1:8z;

Lv;b ¼ 0:23zi: (8)

C. Noise mixing

1. Computation of coherence matrix

Following the theoretical descriptions in Sec. II B, the

coherence factor Ccoh is computed for every microphone pair by

numerical integration of Eq. (5). The integration is performed

for turbulence wavenumbers j ¼ 10�4 m�1 to 102 m�1 on a

logarithmic scale. The numerical integration is performed with

the implementation of Simpson’s rule in the Python library

SciPy (Virtanen et al., 2020). The required sound path lengths L
and the lateral separations r are determined as presented in Sec.

II A. The resulting coherence factors yield a symmetrical coher-

ence matrix Ccoh of M � M factors. Ccoh is discretized in fre-

quency and time leading to a four-dimensional representation

Ccohðl;xkÞ of size M �M � L� K with l ¼ 1;…; L time

steps, and k ¼ 1;…;K discrete frequency bins.

2. Mixing of independent noise signals

Figure 2 depicts the procedure for generating M nonsta-

tionary, mutually partly coherent signals.

In a first step, M mutually independent time domain

noise signals are created with a random number generator.

The signals are designed to have the same power spectral

densities (PSD). The signals are transformed to frequency

domain by the short-time Fourier transform (STFT) leading

to M mutually independent complex random signals

FIG. 2. Block diagram showing the

processing steps to generate virtual

microphone signals described in Sec.

II C 2.
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Nðl;xkÞ ¼ ½N1ðl;xkÞ;…;NMðl;xkÞ�T . The STFT is per-

formed with a Hann window of 2048 samples in length and

50% overlap.

The frequency-dependent and time-varying coherence

between the microphone signals is created by mixing the

STFT coefficients of the independent noise signals based on

the description in Habets et al. (2008). The desired STFT

coefficients Xðl;xkÞ of the microphone array are obtained

by

X l;xkð Þ ¼ ZH l;xkð ÞN l;xkð Þ; (9)

where Zðl;xkÞ represents the mixing matrix and ð:ÞH the

Hermitian operation. The mixing matrix is calculated by

Cholesky decomposition or eigenvalue decomposition

(EVD) of the coherence factor matrix. The Cholesky decom-

position can only be calculated if the matrix Ccohðl;xkÞ is

positive definite. This requirement is not necessarily fulfilled

because of the assumptions explained in Sec. II A, namely

the geometrical assumption rd � minðL1;L2Þ and the

neglect of coherence loss in longitudinal direction. The

EVD offers a more general solution that can deal with non-

positive definite matrices. The EVD of the coherence factor

matrix is

Ccoh l;xkð Þ ¼ V l;xkð ÞD l;xkð ÞVH l;xkð Þ; (10)

where Vðl;xkÞ is the matrix containing the eigenvectors and

Dðl;xkÞ is a diagonal matrix with the corresponding eigen-

values. The diagonal matrix can be split up to obtain

Ccohðl;xkÞ ¼ V l;xkð Þ
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
D l;xkð Þ

p ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
D l;xkð Þ

p
VH l;xkð Þ:

(11)

The mixing matrix is then (Habets et al., 2008)

Z l;xkð Þ ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
D l;xkð Þ

p
VH l;xkð Þ: (12)

In a recent publication, the method was extended to

improve spectral smoothness and the mix balance (Mirabilii

et al., 2021). Low spectral smoothness describes discontinu-

ities between adjacent discrete frequency bins xk of the mix-

ing matrices. Calculation of the mixing matrices by

Cholesky decomposition leads to better spectral smoothness

of the mixing matrices than the EVD, which is used for this

publication. A mixing matrix yields a balanced mix, if each

output signal consists of a similar mix of input signals.

While the mix balance does not influence the results in this

paper due to the Gaussian nature of the signals, enhance-

ment of spectral smoothness yields improved results for the

presented application. To improve spectral smoothness of

the mixing matrices, Mirabilii et al. (2021) suggest to

choose adjacent frequency bands such that they are as simi-

lar as possible by minimizing

� ¼ 1

K

X
k

jjZ xkð Þ � Z xk�1ð Þjj2F; (13)

where jj � jjF denotes the Frobenius norm of a matrix.

Following the suggested procedure in Mirabilii et al.
(2021), Eq. (13) is minimized iteratively to improve spectral

smoothness of the mixing matrices: The smooth mixing

matrix at the kth frequency bin is computed by

Ẑf xkð Þ ¼ Ûf xkð ÞZ xkð Þ: (14)

Here, Ûf is given by

Ûf xkð Þ ¼WTH; (15)

where W and T represent the unitary matrices containing the

left-singular and right-singular vectors of R ¼ Zðxk�1ÞZðxkÞH
and are obtained by the singular value decomposition (SVD)

R ¼WRTH: (16)

Equation (14) is computed iteratively for all frequency

indices k̂. We first determine the smooth mixing matrix for

k̂ ¼ 1 and continue with k̂ ¼ 2, etc.

The smooth mixing matrix Ẑðl;xkÞ and the STFT coef-

ficients Nðl;xkÞ are inserted in Eq. (9) to yield the STFT

coefficients of the sensor signals. Finally, the time signals

are obtained by calculating the inverse STFT of Xðl;xkÞ.

D. Synthesis of non-turbulent propagation effects

Non-turbulent propagation effects are simulated by

applying time domain filters to the signals xðtÞ. Time-

variant filters are designed following the method for aircraft

auralization described in Pieren et al. (2019). The propaga-

tion filtering is performed individually for each sound source–

microphone pair considering the respective source–receiver

geometry.

The propagation delay and the Doppler frequency shift

are realized by a fractional delay filter. Because of the frac-

tional delays, the new samples must be interpolated. Linear

interpolation causes distortions due to aliasing, thus, we use

a windowed sinc interpolation (Laakso et al., 1996). To

account for geometrical spreading of a point source, the

sound pressure is multiplied by 1=L, where L is the sampled

distance between source and receiver. Air attenuation is

considered by designing a minimum-phase finite impulse

response (FIR) filter based on the absorption coefficient a
which is determined through (ISO 9613–1:1993, 1993).

Vertical profiles of the absorption coefficient due to e.g., a

temperature gradient, can be considered. If the virtual

microphones are placed directly on an acoustically hard

ground, the reflection modelling is replaced by pressure

doubling.

Bending of sound paths by temperature gradients or

convection is not considered, as the effect is negligible for

mainly vertical sound propagation. Typical flyover measure-

ments are conducted with aircraft traveling at up to a few

hundred meters height above ground and for elevation

angles between 50	 and 130	. Advection of sound paths by

wind can easily be considered and accounted for in purely
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virtual setups with known wind profiles, but is not included

in this article.

III. APPLICATION EXAMPLE

The application of the method is demonstrated for a

large, horizontal phased microphone array and two source

configurations, each in four different meteorological

conditions.

A. Virtual setup

The virtual microphone array consists of 238 sensors

located in accordance with the microphone array measure-

ments by the German Aerospace Center (DLR) described in

Siller et al. (2020) and Siller et al. (2021). The aperture of

the microphone array is 56 m. The microphones are located

directly on the runway.

Figure 3 illustrates the sources flying over the micro-

phone array. Source configuration I consists of two indepen-

dent monopole sources (labeled A and B) moving along a

common trajectory at 2 m distance. Source configuration II

consists of two sources at 4 m distance along the same tra-

jectory. The leading source B moves from (x,y) ¼ (�100 m,

20 m) to (x,y) ¼ (100 m, 20 m) at 180 m height and at

velocity v ¼ 88 m/s. Source A follows source B on the same

trajectory and with the same speed with the respective dis-

tance to source B. The distances are chosen such that the

source separation in the beamforming results are expected to

exhibit clear impairment at 1 kHz for the smaller distance,

and moderate impairment for the larger distance, if coher-

ence loss by atmospheric turbulence is considered.

The directivity, which typically occurs with aeroacoustic

sources, is neglected by the modelling through

monopoles. However, this investigation mainly focuses on the

separation of sources, which can be shown in this simplified

approach. Since only a short interval is considered in the subse-

quent source localization step, we do not expect that modelling

a directivity would impact the presented results, while greatly

increasing the complexity of the approach.

For each sound source, 238 mutually independent

broadband source signals are synthesized corresponding to

238 microphones. The synthesized signals consist of spec-

trally shaped pink noise with sampling frequency

fs ¼ 48 kHz. The spectrum used as a template for the

synthesized sounds is based on the power spectral density of

a real-world flyover measurement with the above-mentioned

microphone array. The duration of the synthesized signal is

approximately 3 s.

B. Virtual meteorological conditions

The application is demonstrated for four different mete-

orological conditions characterized by different degrees of

atmospheric turbulence. Low wind conditions are character-

ized by friction velocity u� ¼ 0:1 m=s, strong wind leading

to shear-generated turbulence by u� ¼ 0:5 m=s. Low solar

radiation with low buoyancy-produced turbulence is charac-

terized by surface sensible heat flux QH ¼ 50 W=m2 and

zi ¼ 500 m. Strong solar radiation causing buoyancy-

produced turbulence and leading to large boundary layer

heights zi is characterized by QH ¼ 200 W=m2 and

zi ¼ 2000 m. These values are typical for sunny summer

afternoons. The combination of these values leads to the

four conditions shown in Table I.

For easier comparison of the turbulence effect, the non-

turbulent parameters are kept constant among all conditions.

Mean temperature and surface temperature are

T0 ¼ Ts ¼ 15 	C. This may not be realistic in many cases,

but the effect of the temperature difference on Ccoh is small

compared to the turbulence scaling parameters. Relative

humidity is rh ¼ 70 %.

Equations (5) and (6) indicate that the magnitude of the

coherence factor Ccoh is dependent on three atmospheric tur-

bulence production mechanisms, namely temperature fluctu-

ations, shear-produced wind velocity fluctuations, and

buoyancy-produced wind velocity fluctuations.

Figure 4 presents the respective contribution of the tur-

bulence production mechanism to the coherence factor. The

temperature fluctuations have a negligible influence on Ccoh.

In case of low wind, hence, low shear-produced turbulence,

the coherence loss is primarily caused by buoyancy-

produced wind velocity fluctuations. For overcast days and

strong wind corresponding to Fig. 4(c), shear-produced

wind velocity fluctuations dominate the coherence loss. For

both strong wind and strong solar radiation, the magnitude

of the coherence loss depends on both turbulence production

mechanisms.

C. Noise mixing application

Partial correlation of the virtual microphone signals is

achieved by mixing the 238 mutually independent synthe-

sized signals with a sampling rate of 48 kHz as explained in

FIG. 3. (Color online) Virtual test case: Two point sources (labeled A and

B) moving at the same speed along x axis above a planar 238 microphone

array.

TABLE I. Turbulence scaling parameters for conditions (a)–(d).

Condition (a) (b) (c) (d)

u� (m/s) 0.1 0.1 0.5 0.5

QH (W/m2) 50 200 50 200

zi (m) 500 2000 500 2000
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Sec. II C. The STFT coefficients of the signals are computed

with a FFT size of N ¼ 211 samples, a 50% overlap, and a

Hann windowing function. The resulting time discretization

and consequently update frequency of the decorrelation is

46 Hz corresponding to 21 ms duration per segment.

Figure 5 compares the theoretical curve of the coher-

ence factor Ccoh and the coherence of the synthesized signals

for two microphones of the array with a sound path separa-

tion of rd ¼ 0:54 m. To demonstrate the agreement between

target coherence and coherence of the synthesized signals,

Fig. 5 shows the simulation of a non-moving, stationary

sound source. Aside from random coherence fluctuations in

the synthetic signal, the simulation allows us to reproduce

the theoretical values over the whole frequency range very

well.

D. Analysis of virtual test cases

The synthesized microphone array signals are analyzed

with conventional delay-and-sum beamforming (CBF).

Delay-and-sum beamforming is a fast and intuitive method

(Merino-Mart�ınez et al., 2019) that uses the propagation

time difference between microphones to focus on an

assumed source point. This suppresses signals emitted from

sources that are not located close to the focus point. The fun-

damental idea of CBF can be applied in time as well as in

frequency domain. Here, the time domain is used, as it can

be easily extended to moving focus points (Michel and

M€oser, 2009).

CBF in time domain is expressed as (Piet et al., 2002)

bðtÞ ¼ 1

M

XM

m¼1

Lmpm tþ Lm=cð Þ; (17)

where b(t) is the reconstructed time signal at a focus point.

Typically, Eq. (17) is evaluated repeatedly for a set of

points in the region where sources are expected to occur.

Here, the focus points are located on a 20� 20 m grid at the

height of the sound sources with a regular spacing of 0.2 m.

The grid follows the movement of the sound sources. For

each grid point, the time signal b(t) is calculated and trans-

formed into a one-third octave band spectrum. The results

are then displayed in source maps corresponding to the eval-

uated region. The signal duration used in the analysis is

approximately 0.4 s, corresponding to a distance travelled

by the sources of 31.6 m, centered vertically above the

array.

Figures 6 and 7 present the CBF results of the virtual

test cases. For each source configuration, the one-third

octave bands at 1 kHz (left column) and 2 kHz (right col-

umn) are shown. The first row of subfigures titled coherent
presents the beamforming analysis of the simulation without

consideration of turbulence-induced coherence loss. Rows

labeled (a)–(d) correspond to the turbulence conditions pre-

sented in Table I.

Expected effects of atmospheric turbulence on phased

microphone array measurements include the loss of image

resolution and a corruption of the sound levels in the source

maps (Merino-Mart�ınez et al., 2019). The first effect is most

apparent in Fig. 6, showing the analyzed virtual test cases

for a source separation of 2 m for the one-third octave band

with center frequencies fc ¼ 1 kHz and fc ¼ 2 kHz. The

localization of the sources is blurred. Especially for condi-

tions (b)–(d), the source map with center frequency fc

¼ 1 kHz indicate only one source at the center of the map.

The second effect is apparent in all virtual test cases. For

both source configurations, the sound levels of the source

maps decrease when coherence loss is considered in the test

FIG. 4. (Color online) Stacked contributions of shear-produced and

buoyancy-produced wind velocity fluctuations and temperature fluctuations

to Ccohðf ¼ 1 kHzÞ based on Eqs. (5) and (6) for turbulence conditions pre-

sented in Table I. Geometry of propagation: Source at h ¼ 180 m height

directly above the receivers. Receivers at 10 m distance from each other.

Contributions due to temperature fluctuations are hardly visible.

FIG. 5. (Color online) Comparison of target coherence Ccoh and coherence of

synthesized signals of a static sound source located at 180 m above the micro-

phones with maximum sound path separation rd ¼ 0:54 m. Turbulence

parameters: u�¼ 0.3 m/s, QH ¼ 150 W=m2, zi ¼ 1500 m. The signal coher-

ence of the simulation was estimated using Welch’s method with a FFT size

of N ¼ 211 samples, a Hann windowing function, and 50% overlap.
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FIG. 6. (Color online) Beamforming source maps for 2 m source separation.

Non-turbulent condition labeled coherent, turbulent conditions (a)–(d). For

the respective condition, 1 kHz (left column) and 2 kHz (right column) one-

third octave bands are shown.

FIG. 7. (Color online) Beamforming source maps for 4 m source separation.

Non-turbulent condition labeled coherent, turbulent conditions (a)–(d). For

the respective condition, 1 kHz (left column) and 2 kHz (right column) one-

third octave bands are shown.
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case. This visual impression is confirmed by Fig. 8 showing

the sound pressure level (SPL) per one-third octave band at

the source position in the beamforming source maps. For

frequency bands at 1 kHz and higher, the virtual test case

without loss of coherence shows consistently higher values

of SPL per one-third octave band than the other simulations.

Condition (a), corresponding to the lowest turbulence

strength, leads to higher SPL values than the remaining con-

ditions. The spectra for conditions (b)–(d) are very similar,

with condition (b) (low friction velocity–high surface heat

flux) still having slightly higher values.

The delay-and-sum approach within the beamforming

algorithm assumes coherent sound propagation.

Atmospheric turbulence leads to partly randomized phases

of the complex signals. Consequently, delaying the signals

does not lead to in-phase summation. Instead, part of the sig-

nal is summed energetically, leading to an underestimation

of the signal levels.

As can be seen in the source maps in Figs. 6 and 7, the

delay-and-sum approach generally suffers from a poor spa-

tial resolution. The energy of acoustic sources is spread

across an extensive region of the source map. This holds

true especially for low frequencies. This spread depends on

the distance and direction of the source relative to the micro-

phone array, as well as the number and locations of the

microphones. For points sources, this is described in the so

called point-spread-function (PSF), which can be estimated

for each focus point on the grid.

Based on the PSF, the source maps can be enhanced by

Deconvolution Approach for the Mapping of Acoustic

Sources (DAMAS) (Brooks and Humphreys, 2006). Gu�erin

and Weckm€uller have extended the approach to moving

sources (Gu�erin and Weckm€uller, 2008; Gu�erin et al.,
2006). This method was successfully applied to flyover

microphone array measurements (Gu�erin and Siller, 2008;

Ishii et al., 2014; Siller et al., 2021).

Figure 9 presents source maps obtained by the deconvo-

lution of the beamforming results. Here, only the source

configuration for 2 m distance is shown, as the sources

remain clearly distinct for all turbulence conditions. Similar

to Figs. 6 and 7, the underestimation of the sound levels is

apparent for increasing strength of atmospheric turbulence.

The applied deconvolution allows us the integration of

the source strengths of a region. Figure 10 displays the

FIG. 8. (Color online) SPL spectrum at the position of the trailing source in

beamforming source maps for 4 m source separation. The spectrum for the

leading source is mostly identical and not shown here.

FIG. 9. (Color online) Source maps after deconvolution step for source sep-

aration of 2 m and one-third octave bands 1 and 2 kHz. Note the different

scaling compared to Figs. 6 and 7.
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integrated total energy for the deconvoluted source maps.

Thus, both sources are located within the integration area.

As in Fig. 8, the total energy is highest for the simulation

without coherence loss. Turbulence conditions (a)–(d) lead

to decreasing levels of sound pressure.

The analysis reveals that the expected effects on phased

microphone array measurements, caused by coherence loss

due to atmospheric turbulence, could be reproduced using

the virtual test cases.

IV. CONCLUSION

This article presents a method to synthesize coherence

loss by atmospheric turbulence in phased microphone array

measurements. The aim of the method is to provide a virtual

environment for the study and optimization of localization

methods for moving sound sources like aircraft and to assess

the influence of the given meteorological conditions during

a measurement on the beamforming results.

The atmospheric boundary layer was modeled based on

MOST and mixed-layer similarity theory. Therefore, the

method is best applicable to non-neutral boundary layers

and ideally flat terrain. Atmospheric turbulence was repre-

sented with von K�arm�an turbulence spectra. Frequency-

dependent coherence factors between all microphone

combinations of the array were modeled based on the

narrow-angle parabolic equation for statistically inhomoge-

neous, isotropic turbulence. Coherence loss was considered

as purely spatial coherence loss. Temporal or cross-

frequency coherence loss was not considered. Further, trans-

versal coherence loss was neglected, as lateral coherence

loss dominates.

Coherence factors were repeatedly computed to account

for source motion assuming slowly varying values for Ccoh.

Based on the coherence factors, the mixing matrix was cal-

culated by an EVD. To simulate partly correlated micro-

phone signals, a number of mutually independent signals

with identical power spectral density was created. The

coherence loss between microphones was subsequently rec-

reated by a matrix multiplication of the STFT coefficients

of the uncorrelated signals with the mixing matrix.

After creating the decorrelated signals, further propagation

filtering was applied to account for propagation delay, geo-

metrical spreading, Doppler effect, air attenuation, and

ground reflection.

The method was demonstrated for four different meteo-

rological conditions characterized by varying values of fric-

tion velocity, surface sensible heat flux, and boundary layer

height. Virtual test cases of aircraft flyover measurements

were simulated for two idealized moving monopole sound

sources passing a large, phased microphone array. So far,

line sources can not be considered. Directivity of the aeroa-

coustic sources was neglected. Line-of-sight sound propaga-

tion was assumed. For a known mean wind profile,

advection of sound paths can be easily accounted for, but

has not been considered in this publication.

The analysis showed that the expected effects caused

by coherence loss due to atmospheric turbulence were suc-

cessfully reproduced. Source maps of beamforming analyses

and deconvoluted source maps showed an underestimation

of sound pressure levels and blurred images. The localiza-

tion is less accurate if atmospheric turbulence is considered.

In case of the beamforming results, this led partly to indis-

tinguishable sound sources for f ¼ 1 kHz and f ¼ 2 kHz at a

source separation of 2 m. The deconvoluted results show

clear source distinction for monopole sources at 2 m separa-

tion, but the source maps still exhibit underestimation of the

sound levels by several decibels.

The developed virtual environment will facilitate the

further optimization of phased microphone array methods

for outdoor applications like aircraft flyover measurements.

Future work will focus on applying the presented method to

virtual test cases that closer represent aircraft flyover mea-

surements by considering arrangement and characteristics of

the aeroacoustics sources of aircraft. Such sources include

engine noise, which is dominating during takeoff, as well as

airframe noise and landing gear noise during the final

descent. This will allow a more in depth investigation of the

ability of evaluation methods to correctly localize and

quantify sources under varying atmospheric conditions. The

presented work is a first step towards the identification of

well-founded limits for atmospheric conditions during fly-

over measurements, that guarantee good reproducibility.
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