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ABSTRACT:
In light of the growing market of urban air mobility, it is crucial to accurately detect the stationary or moving noise

sources within the complex scattering environments caused by aircraft structures such as airframes and engines. This

study combines conventional and wavelet-based beamforming techniques with an acoustic scattering prediction

method to develop an acoustic imaging approach that considers scattering effects. Tailored Green’s function is

numerically evaluated and used to compute the steering vectors and the specific delayed time used in those beam-

forming methods. By examining common scenarios where a scatterer is positioned between the source plane and the

array plane, it is observed that beamforming in a scattering environment differs from that in free space, leading to

improved resolution alongside scattering-induced side lobes. The effectiveness of the developed method is validated

through numerical simulations and experimental studies, confirming its improved ability to localize both stationary

and rotating sound sources in a shielded environment. This advancement offers effective techniques for acoustic

measurement and fault monitoring in the presence of structural scatterers. VC 2024 Acoustical Society of America.
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I. INTRODUCTION

Acoustic imaging is important for localizing, quantifying,

and characterizing noise sources, typically achieved through

acoustic holography in near-field regions and beamforming

techniques in far-field regions (Chiariotti et al., 2019; Merino-

Mart�ınez et al., 2019). Beamforming involves the utilization

of sound pressure or velocity signals captured by a micro-

phone array to conduct non-contact experiments (Chiariotti

et al., 2019), which has been widely utilized in industries such

as aviation, aerospace, navigation, and rail transportation to

offer valuable insights for noise control and reduction. The

delay-and-sum beamforming technique is a classic time-

domain approach in acoustic imaging. Variations in

microphone positions within the array lead to sound waves

emanating from a source reaching different microphones at

different times. By delaying and summing these signals, the

position of the sound source can be identified. To accelerate

the calculation of specific-frequency cases and reduce errors

in the translation of time-domain signals, the beamforming

method is converted into the frequency domain through

Fourier transformation. Since then, the frequency-domain

technique has undergone significant enhancements over the

decades, incorporating methodologies such as deconvolutional

(Brooks and Humphreys, 2006; Sijtsma, 2007), functional

(Dougherty, 2014), adaptive (Huang et al., 2012), and com-

pressive sensing (Zhong et al., 2013), as referenced in

Chiariotti et al. (2019) and Merino-Mart�ınez et al. (2019). The

applicability of these methods in free-space propagation envi-

ronments has been repeatedly demonstrated, whereas in the

current stage, it is worth considering more practical and com-

plicated configurations such as the effects of scattering bodies.

The steering vector in the beamforming process neces-

sitates prior knowledge of sound propagation in the form of

Green’s function, while the presence of a scattering body

may influence sound propagation through absorption and

scattering (including reflection, diffraction, and shielding).

The common scenario is the ground effect, a phenomenon

frequently observed outside the optimal conditions of a non-

reflective anechoic chamber. Representative examples

include acoustic imaging of aircraft flyover noise, highway

passing noise, and ship noise reflected by the sea surface.

Typically, the ground effect can result in changes to sound

pressure level, necessitating correction through a half-space

Green’s function rather than a free-field Green’s function.

Additional instances of scattering manifest in the enclosed

rectangular section of a duct and a room, where multiple

walls contribute to increased interference. This challenge

has been addressed through the application of an image

source method (Fischer and Doolan, 2017; Guidati et al.,
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2002), either with or without flow effects. Concerning other

canonical geometries like airfoil (Amiet, 1975; Zhong et al.,
2020) and sphere (Mao et al., 2015; Siozos-Rousoulis et al.,
2017), specific analytical solutions about the scattering

effects are also available.

Beyond analytical approaches, experimental measure-

ments can be applied to more general and realistic situations

involving scattering (Bousabaa et al., 2018; Fenech and

Takeda, 2007). In these setups, the position of a reference

sound source was adjusted to obtain a series of Green’s

functions from the sources to the microphones. For situa-

tions with airflow, a plasma-based source is particularly suit-

able for non-intrusive sound generation (Bahr et al., 2015).

Simultaneously, numerical methods such as large eddy sim-

ulations and linearized Euler equations were adopted to

characterize sound propagation, which has been applied for

both two- and three-dimensional beamforming (Bousabaa

et al., 2018; Lacombe et al., 2013; Zhou et al., 2024). To

further improve the computational efficiency, geometric

acoustics (Guo, 2024; Sarradj, 2017) and boundary methods

(Hirayama et al., 2022; Lehmann et al., 2022; Lehmann

et al., 2024) were adopted for obtaining the tailored Green’s

function in the presence of scattering bodies. These tailored

Green’s functions have been thoroughly examined with sta-

tionary sources in the presence of scattering bodies. In this

study, rotational sound sources that experience shielding are

considered, where “shielding” refers to the absence of a

direct path from the source to certain microphones (Henty

and Stancil, 2004; Vieira et al., 2019). Such a complex sce-

nario is prevalent in the noise monitoring of modern urban

air transportation systems such as the rotor noise scattered

by the fuselage (Sagaga and Lee, 2024).

In this context, a scattering prediction method involving

an equivalent source method and truncated singular value

decomposition has been adopted to compute the tailored

Green’s function, through which the conventional frequency-

domain beamforming method and the wavelet-based beam-

forming method are extended and applied for stationary and

rotational sound source localization in a scattering environ-

ment, respectively. It is noted that the wavelet-based beam-

forming method employed in this study requires additional

consideration of time delays induced by scattering, which dis-

tinguishes it fundamentally from previous frequency-domain

methods (Hirayama et al., 2022; Lehmann et al., 2022). A

benchmark scenario involving spherical scattering is utilized

for numerical validation. Subsequently, acoustic experiments

are conducted in an anechoic chamber to examine the pro-

posed methodologies for shielded rotating sources.

The structure of this study is as follows. The methodolo-

gies of acoustic imaging with consideration of scattering are

developed and implemented in Sec. II. The developed method

is examined in Sec. III, with the conclusions drawn in Sec. IV.

II. ACOUSTIC IMAGING METHOD

In this section, the method of conventional beamform-

ing is first introduced to show some fundamental principles

of acoustic measurement. The tailored Green’s function,

designed to account for scattering effects in the steering vec-

tor, will be introduced in the frequency domain. Following

this, the extension of wavelet-based beamforming will be

outlined to address scenarios with rotating sources. The

usage of tailored Green’s function, required in the time-

frequency domain, is also specified.

A. Conventional beamforming for stationary source
localization in a scattering environment

The conventional frequency-domain beamforming

method is recommended for fast stationary source localiza-

tion. It typically involves the following sequential steps:

recording the sound pressure signal via the microphone

array; filtering and converting these signals from the time

domain into the frequency domain using the Fourier trans-

form; and steering across various scanning points on the

scanning plane to generate the acoustic image, where local

areas with high amplitude may indicate sources of sound.

The formula for computing an image of sound power AðxÞ
at the scanning plane utilizing the beamforming algorithm is

outlined as follows:

AðxÞ ¼ h CðxÞh�½ �; (1)

where the cross-spectral matrix at a specified angular fre-

quency x is expressed as

C wð Þ ¼

C1;1 C1;2 � � � C1;N

C2;1 C2;2 � � � C2;N

..

. . .
. ..

.

CN;1 CN;2 � � � CN;N

2
66664

3
77775; (2)

with Cnn0 ðxÞ ¼ YnðxÞY�n0ðxÞ and n; n0 ¼ 1;…;N. The sig-

nal YnðxÞ represents the outcome of the Fourier transforma-

tion at the angular frequency x captured by the nth

microphone, while Y�n0ðxÞ denotes the outcome from the

n0th microphone along with an extra conjugate transpose

operation superscripted by �. The diagonal entries of the

cross-spectral matrix with n ¼ n0 denote auto-correlation

and are generally set to zero to remove self-noise.

h is a matrix of steering vectors with a size of M�N,

where M is the number of scanning points in the scanning

plane and N is the number of microphones. The steering

vector plays a crucial role in the beamforming process as it

determines the acoustic directivity of the array, representing

the amplitude and phase variations for sound propagation

between the source and each sensor through Green’s func-

tion. Typically, the steering vector is classified into four for-

mulations, as outlined by Sarradj (2012), with the fourth

formulation being particularly well-suited for accurately

obtaining source positions. A variant of the formula from

Eq. (5) in Chen et al. (2023) is expressed as follows:

hmn ¼
Gðxm; yn; xÞ
jjGðxm; y; xÞjj ; (3)

J. Acoust. Soc. Am. 156 (5), November 2024 Wang et al. 3103

https://doi.org/10.1121/10.0034353

 25 February 2025 03:22:52

https://doi.org/10.1121/10.0034353


where the symbol jj � jj denotes L2-norm operation,

Gðxm; yn; xÞ is the Green’s function from the mth scanning

point at xm to the nth microphone at yn, and Gðxm; y; xÞ
denotes a vector from mth scanning point to all

microphones.

The free-field Green’s function without considering

refraction and scattering effects (Amiet, 1978; Ma et al.,
2022) is expressed as

GSTDðxm; yn; xÞ ¼ e�ikr

4pr
; (4)

where r ¼ jxm � ynj denotes the distance between the

microphone and the scanning point, k is the wave number,

and i is the unit complex number.

When acoustically scattering bodies exist, the first

option is to separate the scattered pressure from the total

sound pressure, retaining only the incident pressure, and

process it using a conventional procedure. In an environ-

ment where the reverberation path time differences are

well separated from the direct propagation path time dif-

ferences, a filtering operation can be employed to elimi-

nate the reflected waves in the cross-spectral matrix

(Fischer and Doolan, 2017). The second option is to

include the scattering effects in Green’s function and asso-

ciated beamforming map (Lehmann et al., 2022), which is

adopted in this study. To obtain the tailored Green’s func-

tion numerically, a scattering prediction method is applied

to the settings of given scatterers’ position, surface imped-

ance, and shape. This scattering prediction method is

established with a monopolar equivalent source method

and a truncated singular value decomposition method in

the frequency domain (Wang et al., 2022; Wang et al.,
2020), which is an alternative to the boundary element

method. The in-house code for scattering prediction has

been well-examined by analytical solutions (Wang et al.,
2022). Importantly, the frequency-domain scattering pre-

diction method is also applicable for the subsequent

wavelet-based beamforming in the time-frequency domain

because the time-frequency method can be regarded as

performing frequency-domain beamforming at each

moment.

By pre-defining a point source, the total pressure

p0toðx; tÞ at time t, a combination of incident pressure and

scattered pressure, is determined by an inverse Fourier trans-

form and frequency selection of the results from the

frequency-domain equivalent source approach. p0toðx; tÞ is

expressed in terms of real and imaginary components, and is

then used to obtain the tailored Green’s function as

GESMðxm; yn; xÞ ¼ p0toðx; tÞ
eixt

; (5)

where GESMðxm; yn; xÞ represents the amplitude decay and

phase delay of signals of a specified angular frequency x.

Then, the conventional beamforming method, which takes

scattering into account, has been established.

B. Wavelet-based beamforming for rotating source
localization in a scattering environment

To consider rotating source localization, Sijtsma et al.
(2001) extended the delay-and-sum beamforming method to

a rotating source identifier shortened as ROSI, where the

“de-Dopplerisation” technique is applied in the time

domain. Additionally, the deconvolution technique can be

combined as outlined in the CLEAN-T method by Cousson

et al. (2019). In the frequency domain, Dougherty and

Walker (2009) proposed a virtual-motion technique to con-

sider the rotating source with a circular phased array. Our

recent advancement has led to the development of the

wavelet-based beamforming method in the time-frequency

domain with consideration of the Doppler effect (Chen and

Huang, 2018; Chen et al., 2023; Chen et al., 2020; Chen

et al., 2021; Liang et al., 2020). The time-frequency domain

method enables the assessment of frequency properties

across various snapshots, physically allowing for the

dynamic capture of a source that varies in both time and fre-

quency. The Morse wavelet transform originated in 1980 is

employed to replace the Fourier transform in the preceding

section, facilitating the conversion of time-domain signals

into the time-frequency domain. Different from conven-

tional beamforming with a fixed cross-spectral matrix CðxÞ
at a specific angular frequency x, the cross-spectral matrix

Cðx0; tÞ of wavelet-based beamforming further varies with

time. The Doppler-shifted angular frequency x0 can be

obtained from Eq. (24) in Chen and Huang (2018) as

x0 ¼ x � a; (6)

where a representing the Doppler effect can be found in Eq.

(20) of Chen and Huang (2018) as

a ¼ 1þ vðtÞ � ðxs � yaÞ
c0jya � xsj

 !�1

; (7)

where xs is the source location and ya is the microphone

location. vðtÞ is the rotational velocity and c0 is the sound

speed.

The formula for computing an image of sound power

Aðx; tÞ at the scanning plane is written as follows:

Aðx; tÞ ¼ h Cðx0; tÞh�
� �

; (8)

where Cnn0 ðx0; tÞ ¼ Ynðx0; tþDtnÞY�n0ðx0; tþDtn0 Þ and n;n0

¼ 1;…;N. The microphone signal Ynðx0; tþDtnÞ represents

the result of the wavelet transformation at the angular fre-

quency x0 and time tþDtn captured by the nth microphone,

while Y�n0ðx0; tþDtn0 Þ denotes the result from the n0th
microphone along with an extra conjugate transpose opera-

tion. The delayed time is written as

Dt ¼ D/=x; (9)

where D/ represents the phase delays obtained from the

imaginary part of tailored Green’s function.
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Regarding the steering vector h in Eq. (8), the tailored

Green’s function for Fourier-based and wavelet-based

beamforming methods is identical, as the microphones and

scanning points remain stationary. Once the Green’s func-

tion is determined, it further includes the coefficient of the

Doppler effect a induced by rotation (Chen and Huang,

2018) as follows:

G0ESMðxm; yn; xÞ ¼ GESMðxm; yn; xÞa2: (10)

Therefore, the tailored Green’s function is applicable to

both stationary and rotational sources, with the latter requir-

ing consideration of the Doppler coefficient as outlined in

Eq. (10). When the rotational speed is low and the Doppler

effect is negligible, the steering vectors of both Fourier-

based and wavelet-based beamforming methods are identi-

cal. In such cases, the primary distinction between these two

methods lies in the cross-spectral matrix, which is con-

structed from the microphone signals following Fourier or

wavelet transformation. The selection of transformed micro-

phone signals in the wavelet transform necessitates knowl-

edge of the delayed time related to source motion and body

scattering, thereby governing the dynamic capture of sour-

ces that vary in both time and frequency. After selecting the

transformed signals, the acoustic imaging process of

wavelet-based beamforming is the same as that of Fourier-

based beamforming. If the source is stationary, it is reason-

able to conclude that wavelet-based beamforming closely

resembles conventional frequency-domain beamforming;

however, it is essential to incorporate the time delay in

wavelet-based beamforming to achieve results consistent

with those obtained through conventional methods. In envi-

ronments with scattering bodies, the time delay in Eq. (9) is

further influenced by the scattering effect, which must be

considered through the tailored Green’s function.

From the above discussion, it is apparent that the tai-

lored Green’s function is a key factor for beamforming

within a complex scattering environment. This tailored

Green’s function determines the time-domain parameter

known as delayed time and the frequency-domain parameter

referred to as the steering vector. The delayed time and

selected frequency further determine the cross-spectral

matrix in the time-frequency domain. To efficiently obtain

the tailored Green’s function, the reciprocity of sound prop-

agation is used in that the propagation from the scanning

points in the source plane to the microphone array can be

reversely replaced by the propagation from the microphone

array to the scanning points in the source plane. This princi-

ple is suitable for multipoles including monopoles, dipoles,

and quadrupoles (Chambon et al., 2022). In cases of recipro-

cal propagation, the tailored Green’s function at a specific

frequency can be computed with a limited number of calcu-

lations equal to the total number of microphones in the

array. The increased computational time compared to theo-

retical free-field Green’s function is dependent on the spe-

cific case at hand. Certainly, the primary advantage of

tailored Green’s functions is their ability to capture both

exterior and interior propagation characteristics in the pres-

ence of scatterers, making them potentially applicable to

various scenarios, including cabin, duct, and fuselage cases.

III. RESULTS AND DISCUSSIONS

Throughout this section, both the stationary and rota-

tional source localization will be examined in three scenar-

ios: beamforming using free-field Green’s function in the

absence of a scatterer; beamforming using free-field Green’s

function in the presence of a scatterer; and beamforming

using tailored Green’s function in the presence of a scat-

terer. A spherical scatterer of diameter 0.3 m and a 56-

microphone array of diameter 0.7 m are selected.

A. Stationary source localization in the presence of a
scattering body

In this subsection, cases of spherical scattering are

employed to examine the performance of tailored Green’s

function in localizing stationary sound sources. An analyti-

cal solution is utilized to model the pressure signals originat-

ing from the sound source, scattered by a sphere, and

subsequently captured by the spiral microphone array

(Siozos-Rousoulis et al., 2017). As depicted in Fig. 1, a

sound source with unit amplitude, a frequency of 6 kHz, and

at three different positions of (0.0, 0.0, 0.5) m, (0.1, 0.0, 0.5)

m, and (0.2, 0.0, 0.5) m is selected for analysis. The scatterer

is centered at (0, 0, 0) m, and the microphone array is posi-

tioned at (0, 0, �1) m along the x�y plane.

Figure 2 illustrates the source strength defined by DSPL

of conventional beamforming utilizing both the free-field

Green’s and tailored Green’s functions in the presence or

absence of a scatterer. DSPL denotes the difference obtained

by subtracting the maximum SPL, where the SPL is calcu-

lated with 10 log10ðA=p2
refÞ and pref ¼ 2� 10�5 Pa. A grid

of 50� 50 scanning points is used in the scanning plane. As

can be expected in Figs. 2(a)–2(c), the application of free-

field Green’s function in free space yields ideal results

across different sound source locations. However, in the

FIG. 1. (Color online) Sketch of beamforming for a sound source behind a

scatterer.
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presence of a scatterer, the characteristics of sound wave prop-

agation deviate from those observed in free field conditions.

At this time, the magnitude of the scattered wave approaches

or even exceeds that of the incident wave. If the original

Green’s function continues to be used, the resulting acoustic

images will reasonably change. In Fig. 2(d), a special case is

presented wherein the sound source can still be localized when

the sound source is shielded by the scatterer due to the rota-

tional symmetry of both the sphere and the array. Meanwhile,

the mainlobe, representing the sound source region, is sur-

rounded by a strong annular sidelobe. When shifting the sound

source away from the central axis, localization errors occur

with the usage of the free-field Green’s function, as shown in

Figs. 2(e) and 2(f). The localization error associated with the

former is more pronounced than that of the latter.

Beyond the aforementioned, the tailored Green’s func-

tion is computed using 2680 grid points and equivalent sour-

ces through the equivalent source method, with the top 1500

eigenvalues retained during the singular value decomposi-

tion process. The position of the equivalent source surface is

a scaled replica of the scattering surface with a ratio of 0.85.

The CPU time for 56 computations of tailored Green’s func-

tion in a workstation equipped with 128 GB of random

access memory and an AMD Ryzen 5965WX CPU (AMD,

Santa Clara, CA) is about 4 min per frequency. Once com-

puted, tailored Green’s functions can be stored and utilized

for sound sources across various positions and motions on

the scanning plane. Upon introducing the tailored Green’s

function, it can be found that the localized sound source

position is close to the actual source position in Figs.

2(g)–2(i). This means that the tailored Green’s function can

enhance the accuracy of beamforming results in the current

shielding or scattering environment. The presence of side

lobes is also a characteristic feature of this type of Green’s

function. Upon comparing Figs. 2(g)–2(i) with Figs.

2(a)–2(c), an interesting observation emerges, indicating

that the sound source is confined within a relatively smaller

region, thereby suggesting an improvement in spatial resolu-

tion. Meanwhile, the difference between Figs. 2(g)–2(i) with

resolution improvement and Figs. 2(e) and 2(f) without reso-

lution improvement lies in the steering vector. The

improved resolution may be caused by the changes in phase

FIG. 2. (Color online) Conventional beamforming results of one sound source using (a)-(c) the free-field Green’s function in the absence of a scatterer, (d)-

(f) the free-field Green’s function in the presence of a scatterer, and (g)-(i) the tailored Green’s function in the presence of a scatterer, respectively. The posi-

tions of the source range from x ¼ 0.0 m to 0.2 m. The white plus signs indicate the actual source location.
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and amplitude in tailored Green’s function, which can be

viewed as a virtual manipulation of the position and weight-

ing of the physical microphones in the beamforming pro-

cess. Another interpretation of electromagnetism is that the

tailored Green’s function incorporates additional reflections,

diffractions, and shadowing effects, in a way that adds more

virtual microphones to the microphone array (Henty and

Stancil, 2004).

In summary, this subsection explores the efficacy of

coupling tailored Green’s functions with conventional

beamforming, providing preliminary validation of its perfor-

mance in the localization of stationary sources.

B. Rotating source localization in the presence of a
scattering body

In this subsection, the performance of wavelet-based

beamforming with tailored Green’s function in localizing

rotating sound sources is numerically examined. Figure 3

shows a sketch of two sound sources rotating around z coor-

dinate and behind a scatterer, which serves as a simplistic

representation of rotor vehicles in general. The coordinate

origin is set at the center of the scatterer, where the micro-

phone array is centered at (0, 0, �1) m. The monopole

sound sources are located in the scanning plane z¼ 0.5 m

with a spacing of 0.2 m and a rotating frequency of 5 revolu-

tions per second in a quasi-stationary manner. The rotational

center axis of the sound source, the scatterer’s center, and

the microphone’s center axis are coaxial, ensuring

FIG. 3. (Color online) Sketch of rotating sound sources behind a scatterer.

FIG. 4. (Color online) Numerical beamforming results of rotating sound sources using (a)–(c) the free-field Green’s function in the absence of a scatterer,

(d)–(f) the free-field Green’s function in the presence of a scatterer, and (g)–(i) the tailored Green’s function in the presence of a scatterer, respectively. The

white plus signs indicate the actual source locations.
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consistency in the imaging results at each instant. In this

scenario, the instantaneous acoustic image in which the

sound sources rotate into the y coordinate is selected for

visualization subsequently.

Using the rotating monopoles, the time-domain pressure

gradient on the surface of the scatterer can be obtained,

which is then transformed into the frequency domain to

serve as a boundary condition for the equivalent source

method. The corresponding scattered sound pressure at dif-

ferent microphones is numerically computed, superimposed

with incident sound pressure, and finally converted back

into the time domain to function as input for wavelet-based

beamforming. Figure 4 illustrates the acoustic images in

three scenarios at varying frequencies. As seen in Fig. 4(a),

the sources of frequency f¼ 4 kHz are not resolved well by

wavelet-based beamforming due to the limitation of the res-

olution according to the Rayleigh criterion (Chen et al.,
2022), and the source region is mixed in one connected

domain. As the frequency increases to 6 and 8 kHz, the two

sources are gradually resolved, and the source positions are

close to the white plus signs in Figs. 4(b) and 4(c), indicat-

ing that the sound sources are accurately identified.

Different from the beamforming results in an ideal free-

space environment, the complexity of introducing a scatterer

increases. If the free-field Green’s function continues to be

used, the localized sound sources will show large deviations

as seen in Figs. 4(d)–4(f). The localized source positions

FIG. 5. (Color online) Experimental setup of beamforming with scattering.

FIG. 6. (Color online) Experimental beamforming results with the scatterer positioned at (0.0, 0.0, 0.0) m: (a)–(c) the free-field Green’s function in the

absence of a scatterer, (d)–(f) the free-field Green’s function in the presence of a scatterer, and (g)–(i) the tailored Green’s function in the presence of a scat-

terer. The white plus signs indicate the actual source locations.
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shift outward from the actual positions, which is consistent

with the observations in Figs. 2(e) and 2(f). With consider-

ation of the tailored Green’s function, the accuracy of source

position can be comparably improved as shown in Figs.

4(g)–4(i). It is also evident that the resolution in a scattering

environment is higher than that in a free space. For example,

the two sound sources are resolved by wavelet-based beam-

forming in Fig. 4(g) instead of in Fig. 4(a).

Therefore, the efficacy of coupling tailored Green’s

functions with wavelet-based beamforming is validated for

the localization of rotating sources. Subsequently, experi-

ments will be conducted to further examine these findings.

C. Experimental examination of rotating source
localization

Before detailing the experimental setup, it is important

to note the similarities and differences between experimen-

tal and computational conditions. On one hand, the experi-

ments utilize the same tailored Green’s function as

employed in the numerical cases. Conversely, the sound

source in the experiment is characterized as Gaussian,

broadband, and particularly unsteady, with the intensity of

the rotor sound source fluctuating instantly. Thus, all experi-

mental results are averaged within a rotating coordinate sys-

tem to exclude the intermittent characteristics.

As shown in Fig. 5, the acoustic experiments were con-

ducted in a 3.2 m� 3.1 m� 2.0 m anechoic chamber (Yi

et al., 2021). The chamber is engineered with a cut-off fre-

quency of 200 Hz, and both the wind tunnel nozzles and col-

lection ports are lined with porous materials to minimize

sound reflection. During the experiments, a two-blade rotor,

referred to as SP2 (Jiang et al., 2022) and developed by our

group, was employed to generate rotating sound sources

with a passing frequency of 120 revolutions per second. The

emitted sound waves, exhibiting broadband and transient

characteristics, were scattered by a stationary scatterer in

no-flow conditions and captured by a 56-microphone array.

The rotor features a diameter of 0.23 m, and the microphone

array corresponds to the previously discussed numerical

example. A stainless steel sphere, measuring 300 mm in

diameter served as a rigid scatterer.

Consistent with the numerical condition, the distance

between the plane of rotor rotation and the center of the scat-

terer is first set at 0.5 m, whereas the distance between the cen-

ters of the microphone array and scatterer is 1 m. Figure 6

shows the experimental acoustic images obtained with

wavelet-based beamforming within a rotating coordinate sys-

tem. The acoustic imaging results in the free-space cases

include the bracket but without the scatterer. At a frequency

of 4 kHz, the sound sources are identified as one region, as

shown in Fig. 6(a); at higher frequencies, the two sound sour-

ces can be better distinguished, as shown in Figs. 6(b) and

6(c). When a scatterer is installed between the microphone

array and the sound source, if the free-field Green’s function

is still used in the steering vector, it can be found that the

localized sound source position deviates from the white plus

signs, as shown in Figs. 6(d)–6(f). If a tailored Green’s func-

tion is used in the steering vector, it can be found that the

localized sound source position is relatively close to the white

plus signs. By comparing Figs. 6(a)–6(c) with Figs. 6(g)–6(i),

it can also be seen that the resolution of sound sources is

improved after introducing scattering. In other words, the

FIG. 7. (Color online) Experimental beamforming results with the scatterer positioned at (0.0, 0.0, 0.2) m: (a)–(c) the free-field Green’s function and (d)–(f)

the tailored Green’s function in the presence of a scatterer. The white plus signs indicate the actual source locations.
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resolution improvement phenomenon also exists in the experi-

mental rotating configurations. By counting the positions of

the maximum SPL values in each frame of the acoustic image,

the average radius of the rotation path in free space is deter-

mined to be 0.079 m for both frequencies of 6 and 8 kHz,

respectively. In the presence of a scatterer and employing the

free-field Green’s function, the averaged radius at frequencies

of 4, 6, and 8 kHz measures 0.171, 0.165, and 0.159 m, respec-

tively. When utilizing the tailored Green’s function, the aver-

aged radius is adjusted to 0.088, 0.084, and 0.086 m,

respectively. It is evident that the tailored Green’s function

yields results significantly closer to those observed in free

space, whereas the free-field Green’s function demonstrates

larger discrepancies.

Keeping the position of the microphone array and rotor

constant, the center of the scatterer is repositioned to (0.0,

0.0, 0.2) m and (0.0, 0.1, 0.0) m. The corresponding acoustic

images are presented in Figs. 7 and 8, respectively. It is evi-

dent that when the scatterer is closer to the rotor, its shield-

ing effect on the sound waves emitted by the rotor becomes

more pronounced. At this point, the sound source positions

are obtained using the free-field Green’s function, as shown

in Figs. 7(a)–7(c), are consistently offset radially outward,

whereas the tailored Green’s function yields more accurate

results. Additionally, when the scatterer is not collinear with

the array center and the rotation center, the results that are

based on tailored Green’s function in Figs. 8(d)–8(f) con-

tinue to provide relatively acceptable results. Therefore, the

methodology of combining tailored Green’s function with

wavelet-based beamforming is confirmed to be effective in

the present cases.

IV. CONCLUSIONS

In this study, tailored Green’s functions, along with the

corresponding delayed time, are calculated numerically through

an equivalent source approach, which is then integrated into the

conventional and wavelet-based beamforming methods. These

techniques have been verified through numerical simulations

and experimental measurements involving spherical scattering.

The application of tailored Green’s functions in scattering sce-

narios can enhance the resolution of acoustic imaging, particu-

larly at a frequency of 4 kHz, compared to situations employing

free-field Green’s functions in free-field environments.

Furthermore, across various frequencies and sphere positions

and within a shielded environment, the results obtained from

tailored Green’s functions are confirmed to be more accurate

than those obtained from free-field Green’s functions. Future

research could investigate the application of artificial intelli-

gence methods to accelerate the computation of tailored

Green’s functions, given their case-dependent nature.
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