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Introduction and Motivation
Phased microphone arrays offer the ability to localize and
quantify the power of acoustic sources. In aeroacous-
tics, they are widely used in research in various applica-
tions. One of these application are flyover measurements.
Here, they allow an assessment of the individual acoustic
sources of aircraft in flight. Although the use here goes
back a long way, it is still the subject of current research.

In order to be able to further develop and test beamform-
ing techniques, synthetic data is required that represents
real recordings as closely as possible. This contribution
focuses on the reproduction of coherence loss due to at-
mospheric effects.

Characteristics of Flyover Measurements
Flyover measurements pose a set of challenges to the al-
gorithms that evaluate the recordings of a microphone
array that differs significantly from more common appli-
cations, e.g., on stationary machinery or wind tunnels.
When analyzing flyovers, the algorithms must focus on
fast-moving sources at a relatively great distance. The
frequency shift due to the Doppler effect caused by the
high source velocity must be taken into account. Addi-
tionally, the chosen length of the evaluated time segments
is a consideration between the angular resolution of the
source directivity and the amount of data available for
analysis.This typically results in very short time signals
(T <1s).

These challenges prevent the use of many microphone
array methods developed for stationary or slow-moving
sources. Methods that have proven their applicability
are the very robust delay-and-sum beamforming in the
time domain, which suffers from poor resolution at low
frequencies, and a hybrid deconvolution approach based
on DAMAS[1, 2]. Both typically assume the propaga-
tion not to be diffracted, i.e., in a straight line. Since
the environmental parameters are usually only known at
ground level, they are assumed to be constant.

Coherence Loss Due to Atmospheric Tur-
bulence
One effect that has received little attention in simulat-
ing flyover microphone array measurements, is the loss
of coherence due to atmospheric turbulence. Due to
the different conditions on each respective propagation
path, the signals from two microphones differ not only
because of the different source-microphone distances. As
the distance between the microphone increases, non-
deterministic jitter causes a random phase shift that lim-
its the spatial information available for reconstructing

the acoustic field. This effect can be expressed by the
coherence factor

γ2(f) =
|GXY (f)|2

GXX(f)GY Y (f)
(1)

=
cross spectral density2

auto spectral density2
(2)

which is a measure of the linear relation between two
signals. GXY (f) and GY Y (f) are the crossspectrum and
autospectrum of two signals x(t) and y(t) . γ lies in the
interval [0, 1], where γ = 1 characterizes the signals being
fully coherent and γ = 0 them being fully incoherent
(random).

Figure 1 shows the measured coherence between a large
number of microphone pairs. Since coherence loss results
in a loss of information at large microphone distances, it
limits the effective aperture diameter of a microphone ar-
ray. This effect increases with the considered frequency.

Method
Virtual Test Environments
Virtually generated data can be a vital tool for the as-
sessment of the quality of microphone array methods[3].
So far, the loss of coherence has not been considered in
synthetic data. Lincke et al. [4] have developed a model
description for the mechanisms that cause coherence loss
in the atmosphere and proposed a method to include it
in a virtual test environment (VTC).

The three identified causes of coherence loss are spatial
fluctuations in temperature, shear-produced wind veloc-
ity fluctuations, and buoyancy-produced wind velocity
fluctuations.

The resulting model for each is based on the scaling pa-
rameters friction velocity u∗, specific heat flux σ2

T , and
atmospheric boundady layer height zi.

The model defines the microphone distance as the pro-
jected distance perpendicular to the emission (see Fig. 2).

The steps for simulating microphone array data are:

1. calculate coherence factors of all M×M microphone
pairs based on u∗, σ

2
T , and zi

2. generate M fully incoherent signals

3. combine signals according to a mixing matrix calcu-
lated from the coherence factors
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Figure 1: Measured coherence factors γ for microphone pairs at their the respective distance d. The values are based on a
2016 Flyover Microphone Array Measurement [5, 6]. For this particular recording, the aircraft was 186m above the array. The
0.5s time segment was chosen so that the aircraft’s sound emissions originated directly above the array.
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Figure 2: The geometry of the sound paths. For the modeled
coherence loss between microphone pairs, only the lateral sep-
aration rd was considered. Diagram first published by Lincke
et al. (2023) [4]

A more detailed description of the model is beyond the
scope of this manuscript. Interested readers are referred
to the original paper.

As described in table 1, four sets of scaling parameters
were chosen to represent the meteorological conditions:
low winds with little solar radiation (a), low winds with
high solar radiation (b), high winds with low solar radi-
ation (c), high winds with high solar radiation (d). In
general, the induced coherence loss increases from (a) to
(d).

Table 1: 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

Model Aircraft
This work represents a first step of using the new propa-
gation model for simulating flyover measurements. Thus

a simplified source configuration is defined. This source
configuration only loosely represents typical aircraft en-
gines noise sources, but does include the characteristic
superposition of both tonal- and broadband noise.

The source signal consists of a mixture of three base
signals, representing typical broadband noise, a tone at
the blade-pass-frequency and buzz-saw noise respectively.
The microphone data was generated individually for each
base signal, allowing the creation of many VTCs by re-
combining the data sets . Figure 3 shows the spectrum
of each base signal calculated by a dedopplerization of
the data sets.

In this work, the broadband signal was placed at the
inlet and nozzle of the engine. The buzz-saw signal was
placed only at the inlets, the BPF-signal was placed only
at the nozzle. The distance between the engine inlet
and nozzle is 5.5m. The sources are simulated with a
height of 180m and travel at 88m/s. The microphone
positions correspond to the microphone array used in the
Low-Noise ATRA project [5, 6], with 238 microphones
arranged in a logarithmic spiral with a diameter of 35m.

The obtained data sets were processed with the delay-
and-sum beamforming (Fig. 6-4) as well as the deconvo-
lution approach (Fig. 5).

Results and Conclusion
Figures 6 and 7 show a contour plot of the results of
the delay-and-sum method. The localization of the four
sources works similarly well for all atmospheric condi-
tions. However, the estimated sound pressure levels are
slightly reduced. This observation is confirmed by fig-
ure 4 showing the total sound pressure levels of the
four source positions. Especially at high frequencies,
where the effect of coherence loss is most pronounced,
the results systematically underestimate the correct lev-
els (considering the coherent condition as baseline).

The deconvolution method proposed by Brook and
Humphrey [2] and adapted to flyover measurements by
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Figure 3: Dedopplerized signals which were used to gener-
ate the VTCs. They loosely represent buzz-saw noise (bz), a
blade-pass-frequency (bpf) tone, and broadband noise (bb).

Guérin and Weckmüller [1] does not take a coherence loss
into account. Figure 5 shows the result of the deconvolu-
tion for selected third-octave bands and that the under-
estimation cannot be corrected by applying the standard
deconvolution used here.
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Figure 4: Total source power at the correct source positions,
estimated with a delay-and-sum beamforming approach. (co-
herent, a, b, c, d) represent the conditions listed in table 1.

The presented work applies the propagation model of [4]
to tonal and broadband point sources. It can show, that
there is no impact on the localization of either sources
type. The underestimation by the delay-and-sum beam-
forming method is to be expected. The random phase
shift caused by the coherence loss prevents the delay step
to correctly realign the phase of the microphone record-
ings.

For true virtual test cases for flyovers, the source model
must be extended to accurately represent real aircraft
sources. This includes spatially distributed sources, as
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Figure 5: Total source power at the correct source posi-
tions, estimated using a decovolution approach [7]. A region
of 1.25m around each of the sources was used for integration.

well as partially coherent sound emissions from aircraft
components e.g., the inlet and the nozzle. However, the
presented approach can already be used for pre-planning
of measurement campaigns. It can also serve as a tool
to define a set of atmospheric conditions to be met when
performing phased array measurements.

References
[1] Guérin, S., und Weckmüller, C.: Frequency-domain

reconstruction of the point-spread function for mov-
ing sources. In 2nd Berlin Beamforming Conference
(2008)

[2] Brooks, T. F., Humphreys, W. M.:A Deconvolu-
tion Approach for the Mapping of Acoustic Sources
(DAMAS) Determined from Phased Microphone Ar-
rays. 10th AIAA/CEAS Aeroacoustics Conference
(2004), doi.org/10.2514/6.2004-2954

[3] Schumacher, T et al.: Evaluation of microphone array
methods for aircraft flyover measurements: Quantifi-
cation of performance through virtual test environ-
ments. DAGA 2022 - 48. Jahrestagung für Akustik
(2022)

[4] Lincke, D. et al.: Synthesizing Coherence Loss by
Atmospheric Turbulence in Virtual Microphone Ar-
ray Signals. The Journal of the Acoustical Society of
America (2023), doi.org/10.1121/10.0016847

[5] Pott-Pollenske, M.: Low Noise ATRA – An Air-
craft Noise Reduction Study based on Retro-Fit Tech-
nologies. AIAA AVIATION 2021 FORUM (2021),
doi.org/10.2514/6.2021-2117

[6] Siller, H. et al.: Low Noise ATRA - Phased Array
Measurements of Jet Noise in Flight. AIAA AVIA-
TION 2021 FORUM (2021), doi.org/10.2514/6.2021-
2160

[7] Guerin, S. and Siller, H.: A Hybrid Time-Frequency
Approach for the Noise Localization Analysis of Air-
craft Fly-Overs. 14th AIAA/CEAS Aeroacoustics
Conference (29th AIAA Aeroacoustics Conference)
(2008), doi.org/10.2514/6.2008-2955

DAGA 2023 Hamburg

359



10

0

10

y 
(m

)

315 Hz

coherent

500 Hz

10

0

10

y 
(m

) a

10

0

10

y 
(m

) b

10

0

10

y 
(m

) c

10 0 10
x (m)

10

0

10

y 
(m

)

10 0 10
x (m)

d

74 92
Lp (dB)

72 90
Lp (dB)

Figure 6: Beamforming results for the one-third octave
bands 315Hz and 500Hz. No coherence loss was applied to
(coherent), (a)-(d) correspond to the conditions in table 1.
While the coherence loss has little effect on the source local-
ization, the results of conditions (b) and (c) underestimate
the source strengths.
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Figure 7: Beamforming results for the one-third octave
bands 1000Hz and 2500Hz. The conditions are as in figure 6.
At 1000Hz, the buzz-saw noise is visible at the inlet, and at
2500Hz, the BPF signal is visible at the nozzle. Thus, the
delay-and-sum approach correctly localizes the sources for all
conditions. The coherence loss affects the shape of the main
lobes.
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