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The microphone data collected in aeroacoustic wind tunnel test contains not only desired aeroacoustic signal
but also background noise generated by the jet or the valve of the wind tunnel, so the desired aeroacoustic
characteristics is difficult to be highlighted due to the low Signal-to-Noise Ratio (SNR). Classical cross spectral
matrix removal can only reduce the microphone self-noise, but its effect is limited for jet noise. Therefore, an
Airflow Background Noise Suppression method based on the Ensemble Empirical Mode Decomposition (ABNS-
EEMD) is proposed to eliminate the influence of background noise on aeroacoustic field reconstruction. The
new method uses EEMD to adaptively separate the background noise in microphone data, which has good
practicability for increasing SNR of aeroacoustic signal. A localization experiment was conducted by using
two loudspeakers in wind tunnel with 80 m/s velocity. Results show that proposed method can filter out the
background noise more effectively and improve the SNR of the loudspeakers signal compared with spectral
subtraction and cepstrum methods. Moreover, the aeroacoustic field produced by a NACA EPPLER 862
STRUT airfoil model was also measured and reconstructed. Delay-and-sum beamforming maps of aeroacoustic
source were displayed after the background noise was suppressed, which further demonstrates the proposed
method’s advantage.
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1. Introduction

In the past, the research on aircraft noise was
mainly focused on engine jet noise, and much work
was achieved to reduce the engine noise (Snakowska
et al., 2008; Lee et al., 2018; Humphrey et al., 2016).
With the development of research, airframe noise gene-
rated by the interaction between the fuselage structure

and the airflow has attracted more attention (Li et al.,
2013; Tao et al., 2016). The airframe noise mainly in-
cludes the aeroacoustic sources generated by the lift
device, landing gear, wing and tail wings, etc. (Tao
et al., 2016; Huang, 2011). To obtain the characteristics
of aeroacoustic sources generated by different struc-
tures, a large amount of data needs to be accumulated
through experiments. The cost of flight test is much
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greater than ground measurement, and usually, less
data is obtained in flight test. Therefore, the research
on aeroacoustic source was mostly focused on different
scaled models to carry out the measurements in the
acoustic wind tunnel (Mimani et al., 2018; Pan et al.,
2019).

The aircraft structure model is placed inside the
airflow, and the microphone array is constructed outside
a distance to collect the acoustic pressure during the
wind tunnel measurement (Merino-Martínez et al.,
2018; Suryadi et al., 2017). The aeroacoustics distri-
bution and radiation can be revealed by processing
the pressure signal of microphone array. However, the
original measured-data by microphone array contains
not only desired acoustic signal generated by the inter-
action between structure model and airflow, but also
the background noise caused by jet flow (Bahr et al.,
2011). The background noise source may be distributed
near the nozzle or diffuser, and the frequency overlap
with the desired aeroacoustic signal, resulting in a low
Signal-to-Noise Ratio (SNR) of measured-data. Aeroa-
coustic sources in the beamforming map are disturbed
or submerged in the background noise generated by
jet flow, which brings great interference to the aeroa-
coustic source analysis (Bahr et al., 2011; Merino-
Martínez et al., 2019). Therefore, the original micro-
phone data, including aeroacoustic signal and back-
ground noise, must be pre-processed, so as to highlight
the aeroacoustic signal characteristics and provide ac-
curate data support for structural noise-reduction de-
sign.

Numerical analysis and measurements of aeroa-
coustics have shown that there is partial frequency
overlap between aeroacoustic signal and background
noise (Chong et al., 2013; Vathylakis et al., 2015;
Kingan et al., 2009). Traditional methods of back-
ground noise removal are often limited by the ap-
plication environment and highly dependent on hu-
man experience, including following three categories:
cross-spectral matrix processing, wavenumber process-
ing, and spectral processing. Cross spectral matrix-
diagonal removal is widely used to suppress back-
ground noise in closed test-section measurement
(Hald, Ginn, 2019; Hald, 2017; Bahr et al., 2016;
Chiariotti et al., 2019; Porteous et al., 2015). The
method works well for microphone self-noise, but its
application is limited for the background noise gene-
rated by jet flow in open section wind tunnel. Because
the jet noise not only exists in the diagonal part, but
also exists in the non-diagonal elements. Fischer pro-
posed an improved eigenvalue background noise reduc-
tion method which has good effect on microphone self-
noise and fan noise, but it works under the assumption
that the background noise eigenvectors are orthogo-
nal to the source eigenvectors (Fischer et al., 2020).
For the second method related to wavenumber pro-
cessing, some scholars use the method to suppress the

upstream propagating spurious waves by filtering the
wavenumber components in different propagation di-
rections (Koop et al., 2008). But the background noise
of airflow turbulence in the open section wind tunnel is
almost the same as the aeroacoustic signal direction,
therefore, the background noise cannot be effectively
filtered out.

This paper focuses on the third methods related to
spectrum processing.

1) Traditional band-pass filtering can achieve the
purpose of signal frequency division (Wei et al.,
2017a), but it is difficult to accurately determine
the filtering band in the overlapping frequency
based on the experience of researchers, so the pro-
cessing ability of this method for unstable signals
is limited (Beck et al., 2005).

2) Spalt et al. (2011; 2012) tried to use adapti-
ve noise cancellation method to suppress back-
ground noise). However, this kind of method re-
quires a reference signal, and the parameter set-
ting is too complex to be applied in engineering.

3) Spectral subtraction, a method that does not re-
quire artificial judgement, is widely used to sup-
press background noise in frequency-domain
(Bahr et al., 2017; Bin et al., 2020; Blacodon
et al., 2014). However, the time-domain signal re-
construction must combine the amplitude spec-
trum obtained by spectral subtraction with the
phase of the original signal which is disturbed by
the background noise (Blacodon et al., 2014;
Boll, 1979). Moreover, the background signals
change between measurements will lead to large
residual noise levels in the spectral subtraction re-
sult (Bahr et al., 2015; Blacodon, 2011).

4) The cepstrum method is also a commonly used de-
noising method (Boonkla et al., 2017; Fu et al.,
2014), which can convert convolution in time-
domain into a linear superposition in cepstrum-
domain. The mechanism of aeroacoustics is too
complicated to be fully expressed by convolution,
which limits the effectiveness of cepstrum method
to suppress the background noise. Conclusively,
there is urgency for studying an effective method
that does not depend on the environment and hu-
man experience to suppress the background noise
generated by jet flow.

Empirical Mode Decomposition (EMD) is also
a kind of spectrum processing method, has been widely
studied and applied in recent years (Huang et al.,
1998; Yang et al., 2016), which can adaptively decom-
pose the signal into different Intrinsic Mode Function
(IMF). However, EMD has the problem of mode mix-
ing when the signal is non-stationary. Wu proposed
an Ensemble Empirical Mode Decomposition (EEMD)
method (Wu et al., 2009), which greatly improves the
analysis ability of non-stationary signals through white



Y. Li et al. – Research on Airflow Background Noise Suppression. . . 243

noise addition technology. Therefore, the EEMD has
been successfully applied in fault diagnosis (Žvokelj
et al., 2016), condition monitoring (Liu et al., 2016),
and biological signal processing (Taebi et al., 2017). In
this paper, EEMD was used to decompose the origi-
nal microphone data including desired aeroacoustic
signal and background noise. The key is that several
IMFs representing different characteristic frequencies
were obtained to suppress the background noise. Based
on the above principles, an Airflow Background Noise
Suppression method based on the EEMD (ABNS-
EEMD) was proposed to adaptively decrease the inter-
ference of airflow in aeroacoustic localization without
any prior parameter. In order to verify the effectiveness
of the proposed method for background noise suppres-
sion, the loudspeaker signals and airfoil model aeroa-
coustic signals were tested in an open section wind
tunnel respectively. Traditional methods are compared
with the proposed method to highlight the method’s
advantages.

The rest of this paper is presented as follows. The
principle of the proposed method was introduced in
Sec. 2. Then, an experiment that localizes two loud-
speakers was carried out under the airflow environ-
ment in Sec. 3, and different methods’ effects on back-
ground noise suppression was discussed in detail. In
Sec. 4, aeroacoustic signal of the NACA EPPLER 862
STRUT-airfoil model was measured and localized with
the flow speed of 80 m/s. Finally, the study conclusion
was provided in Sec. 5.

2. Airflow background noise suppression
method based on EEMD

2.1. Theory of EEMD algorithm for processing
microphone array signals

Suppose the time-domain signal received by a mi-
crophone in the array is ym(t), where m = 1,2, ...,M
and M is the number of microphones.

Set J groups of white noise nj(t) with zero mean
and constant standard deviation, where j = 1,2, ..., J .
In subsequent calculations, an ensemble member of 50
is used, and the added white noise in each ensemble
member has a standard deviation of 0.1. The white
noise is uncorrelated with each other. J group of the
superimposed signal will be obtained after adding dif-
ferent white noise nj(t) respectively to original micro-
phone sound pressure signal ym(t), and the superim-
posed signal ym,j(t) can be expressed as:

ym,j(t) = ym(t) + nj(t). (1)

Decompose ym,j(t) by EEMD method and the
starting point is the identification of all local maxi-
ma and minima of ym,j(t). Then, all local maxima are
connected by a cubic spline curve that serves as the

upper envelope h+m,j(t); similarly, all local minima are
connected by a spline curve that acts as the lower enve-
lope h−m,j(t). The mean of the two envelopes is denoted
by hm,j(t):

hm,j(t) =
h+m,j(t) + h−m,j(t)

2
. (2)

The first proto-IMF cm,j,1(t) can be obtained by
subtracting hm,j(t) from the signal ym,j(t):

cm,j,1(t) = ym,j(t) − hm,j(t). (3)

Then, determine whether cm,j,1(t) satisfies the IMF
condition:
1) The numbers of extrema and zero-crossings must

either be equal or differ at most by one.
2) At any data location, the mean value of the enve-

lope defined by the local maxima and the envelope
defined by the local minima is zero.

If cm,j,1(t) satisfies all above criteria, cm,j,1(t) is
regarded as the first IMF of signal ym,j(t), and ex-
pressed as IMFm,j,1(t). If cm,j,1(t) does not satisfy
all above criteria, ym,j(t) is replaced by cm,j,1(t) as
the input signal to be processed, and the operations of
formula (2) and (3) are repeated until the obtained
cm,j,1(t) meets the two stopping criteria.

The first component IMFm,j,1(t) obtained previ-
ously is subtracted from the initial signal ym,j(t), and
the residual rm,j,1(t) can be obtained:

rm,j,1(t) = ym,j(t) − IMFm,j,1. (4)

Using the residual rm,j,1(t) as the input signal
and repeating steps (2)–(4), we can obtain the 2nd
to n-th IMF in sequence, denoted as IMFm,j,2(t),
IMFm,j,3(t), ..., IMFm,j,n(t), respectively. The final
residual term rm,j,n(t) of the original signal can be
expressed as:

rm,j,n(t) = rm,j,n−1(t) − IMFm,j,n. (5)

The entire procedure is terminated when residue
rm,j,n(t) is a constant, a monotonic slope, or a func-
tion with only one extremum. Thus, the original signal
ym,j(t) can be expressed as the sum of several IMF
and a residual term:

ym,j(t) =
n

∑
i=1

IMFm,j,i(t) + rm,j,n(t). (6)

J group set will be obtained after decomposing
the m-th collected signal in the M microphones. Ave-
rage the J group to eliminate the effect of adding white
noise on the original signal to obtain i-th IMF of the
m-th microphone signal:

IMFm,i(t) =
1

J

J

∑
j=1

IMFm,j,i(t). (7)
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Each IMF represents the basic characteristics of dif-
ferent frequency bands in the original microphone sig-
nal ym(t), and is arranged in order from high to low
frequency, that is, the frequencies of the first IMF is the
highest. The original signal ym(t) can be expressed as:

ym(t) =
n

∑
i=1

IMFm,i(t) + rm,n(t), (8)

where
rm,n(t) =

1

J

J

∑
j=1

rm,j,n(t).

The reason why EEMD can eliminate mode mixing
is because there is white noise in each decomposition.
The white noise fills all the scale spaces uniformly.
Original signal will be projected into the scale space
established by the white noise when it is decomposed,
eliminating the fitting error of the upper and lower
envelopes of the extreme point, effectively decreasing
the local interference of the abnormal event on the
signal. The decomposition effects are that the added
white noise series cancel each other in the final mean
of the corresponding IMFs; the mean IMFs stay within
the natural dyadic filter windows and thus, signifi-
cantly reduce the chance of mode mixing and preserve
the dyadic property (Wu et al., 2009).

2.2. Background noise suppression

EEMD can adaptively decompose the signal into
a series of IMFs with high to low frequencies; however,
the selection of IMFs to suppress the background noise
is the core of the algorithm.

Assume that no structure is placed in the air-
flow, and the microphone array is used to collect only
the background noise generated by jet. The signal
yBG,m(t) collected by the m-th microphone can be ex-
pressed as:

yBG,m(t)=xBG,m(t) ⋅gm(t)+em(t), m=1,2, ...,M, (9)

where yBG,m(t) is the background noise collected by
the microphone, xBG,m(t) represents the noise genera-
ted by the jet flow without structure, gm(t) denotes the
array response function, and em(t) shows the random
interference noise of the acquisition system.

Using the microphone array to measure the aeroa-
coustic signal after the structure is placed in the air-
flow, the signal ym(t) collected by the m-th micro-
phone also can be expressed as:

ym(t)=xBG-S,m(t) ⋅ gm(t)+em(t), m=1,2, ...,M, (10)

where ym(t) is the original microphone data, which
contains desired aeroacoustic signal and airflow back-
ground noise; xBG-S,m(t) is the comprehensive pres-
sure generated after putting the structure in airflow,
which mainly consists of two parts, one is the back-
ground noise xs,m(t) caused by jet flow, and the other
is the aeroacoustic signal sm(t) generated by structure.

The aim is to reduce the interference of xs,m(t) from
xBG-S,m(t) and highlight the characteristics of desired
signal sm(t).

First, the decomposition by EEMD is performed
sequentially on each original microphone data ym(t),
and n IMFs of each microphone signal are obtained as
IMFm,i(t) (m = 1,2, ...,M, i = 1,2, ..., n) according to
Eqs (1)–(7).

Then, cross-correlation is performed on the compo-
nent IMFm,i(t) of the original microphone data ym(t)
and the background noise yBG,m(t). For any value of τ ,
the correlation coefficient can be calculated by the fol-
lowing equation:

Rm,i = max{E[yBG,m(t)IMFm,i(t + τ)]}. (11)

For the data collected by any microphone, n cor-
relation coefficients can be obtained, which come from
the results of cross correlation calculation between n
IMFs and the background noise. Therefore, the average
value of n correlation coefficients can be expressed as:

Rm =
n

∑
i=1

Rm,i

n
, m = 1,2, ...,M. (12)

The average value Rm is taken as a threshold for n
IMFs of each original microphone data. A larger corre-
lation coefficient Rm,i indicates that the IMF is closer
to the background noise and should thus be removed.
By contrast, a smaller correlation coefficient Rm,i im-
plies that less background noise is contained, suggest-
ing that the IMF mainly originates from the aeroacous-
tic signal and should thus be reserved. It is assumed
that K IMFs with low correlation coefficients are se-
lected, the aeroacoustic signal after the background
noise is suppressed can be reconstructed in the time
domain (Mariyappa et al., 2014; Chen et al., 2012)
as follows:

ycm =
K

∑
k=1

IMFkm,i(t), k = 1,2, ...,K, (13)

where ycm is the signal of m-th microphone after the
background noise is suppressed; IMFkm,i(t) is the k-th
of all IMFs whose correlation coefficient is less than the
threshold.

2.3. Summary and flowchart of airflow background
noise suppression method

The method proposed in this paper contains two
parts. One is to use a microphone array to collect
background noise before the structure is placed in
the airflow. The second is to keep the airflow and
array parameters unchanged, obtaining the original
microphone data after putting structure into airflow,
and rationally filter the IMF after EEMD decomposi-
tion to reconstruct the array signal. The process for
this method is briefly explained as follows, and the
flowchart is presented in Fig. 1.
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Fig. 1. Flowchart of background noise suppression method.

Step 1: Use an array of M microphones to collect the
background noise generated by jet flow without
structure and obtain the pressure yBG,m(t),
m = 1,2, ...,M .

Step 2: The microphone array is used to collect the
original microphone data ym(t),m = 1,2, ...,M
with structure, and EEMD decomposition is
performed to obtain each IMFm,i(t), m =
1,2, ...,M , i = 1,2, ..., n.

Step 3: The n IMFs of the m-th original microphone
data are respectively cross-correlated with the
background noise yBG,m(t), and n correlation
coefficients Rm,i, i = 1,2, ..., n, are obtained.

Step 4: Calculate the average valueRm of n correlation
coefficients as the threshold.

Step 5: The IMF is reserved in case of Rm,i < Rm.
Step 6: Repeat steps 3 to 5 for all M microphones

to obtain the processed array signals which
background noise is suppressed. Aeroacoustic
source localization can be displayed with the
beamforming method.

In summary, the proposed method has the ability
of adaptive signal decomposition, which can effectively
remove the background noise generated by jet flow and
improve the SNR of aeroacoustic signal.

3. Experimental validation and data analysis
of background noise suppression

Sound source localization experiment under the air-
flow interference was carried out for two loudspeak-
ers in the acoustic wind tunnel to verify the proposed
method’s effectiveness. Different methods were used to
suppress the background noise to display the methods’
performance.

3.1. Experimental environment and test facilities

The experiment was conducted in an open section
wind tunnel with the chamber size of 3.6× 3.6× 3.2 m.
The top, bottom, and walls of the chamber had sound-
absorbent designs. The nozzle had a square cross-sec-
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Fig. 2. Experimental environment and layout of facilities: a) schematic diagram of experimental instruments layout,
b) experimental instruments, c) Archimedes spiral array, d) position relationship of the array and reconstruction

plane in 3D.

tion with a side of 0.2 m, which could generate a stable
airflow of 0–80 m/s. The distance between nozzle and
diffuser was 0.6 m, which was the test section in the
wind tunnel.

Two spherical speakers with a diameter of 9.5 cm
were placed as the sound sources on the side of the air-
flow and were used to generate acoustic signals with
different frequency bandwidth. The velocity of air-
flow was set to 80 m/s to generate background noise.
The two speakers were placed on the same side and
15 cm away from the centerline of the airflow as shown
in Fig. 2a and 2b. The distance between the two speak-
ers was set to 25 cm, and speaker B was 5 cm away
from the nozzle to ensure that the test was carried out
in a stable area of airflow. An Archimedes spiral array
with a diameter of 64 cm was placed on the other side
at a distance of 25 cm away from the central line of
airflow, and the measured distance L from the speaker
to the microphone array was 40 cm. The Archimedes
spiral array consisted of 28 microphones distributed
over 7 Archimedean spiral arms, and each arm was
equipped with 4 microphones as shown in Fig. 2c.
All microphones on the array were BSWA MPA-201
pre-polarized free field microphone. The reconstructed
plane measured 60× 60 cm and contained 60× 60 re-
constructed points. The NI-PXIe data acquisition sys-
tem was used to achieve signal collection with a sam-
pling frequency of 44100 Hz, and 3000 points were
sampled.

3.2. Signal processing and spectrum analysis

The limited test space in the acoustic wind tun-
nel directly affects the size of microphone array and
its installation position. According to the experimental
setup of Subsec. 3.1, the diameter D of the array was
64 cm, the measured distance L was 40 cm, and the
distance between the two sources, the spatial resolu-
tion, was ∆l = 25 cm. Generally, the spatial resolution
of sound source localization could be calculated by the
following formula (Zhang et al., 2019; Luesutthivi-
boon et al. 2019):

∆l ≈ 1.22
L ⋅ c
D ⋅ f . (14)

The Eq. (14) meant that two sources with a distan-
ce less than ∆l could not be resolved. From Eq. (14),
we also knew that in order to accurately identify the
two source locations with a distance of 25 cm, the fre-
quency f must be higher than 1000 Hz when the para-
meters c, L, and D were fixed values. Meanwhile,
aeroacoustics sources of aircraft structures are of-
ten distributed as multiple broadband noise sources,
some broadband noise sources overlap in frequency,
while others are distributed in completely different fre-
quency bands (Pagani et al., 2018; Qiao et al., 2016).
Therefore, three group signals with different frequency
ranges were set in the experiment to verify the pro-
posed method’s effectiveness, and the results of each
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group are shown in the overall frequency range cover-
ing the frequency bands of both loudspeakers:
1) The background noise often covered more than

1000 Hz (Liu et al., 2017; Di Marco et al., 2019),
and the aeroacoustic signal was mainly distribu-
ted above 1000 Hz with lower energy so that the
aeroacoustic signal was seriously interfered by
the background noise near 1000 Hz. Therefore, fre-
quency of speaker A was set to 1000–1500 Hz,
and speaker B was set to 1500–2000 Hz. In addi-
tion, the amplitude of background noise in acous-
tic wind tunnel was above 0.1 Pa near 1000 Hz,
while the amplitude of loudspeakers was less than
0.2 Pa, so the signal was strongly influenced by
the background noise.

2) The frequency of speaker A was 1000–3000 Hz,
and the speaker B was 2000–4000 Hz. Within this
frequency range, background noise had a certain
interference with the speaker signal.

3) The frequency of speaker A was 4000–7000 Hz,
and speaker B was 5000–8000 Hz. The speaker sig-
nal in this frequency range was less disturbed by
background noise.

First, the microphone array was used to collect the
three groups of speaker signals without airflow; this
was used as the reference value after the background
noise was suppressed. Then, the wind tunnel started
to work, and the airflow was ejected from the nozzle
at a steady speed of 80 m/s through debugging. The
microphone array collected the background noise after
turning off the speaker. Finally, keeping the flow veloci-
ty of 80 m/s constant, the speakers sent out the above
three groups of signals in sequence, and the original mi-
crophone data containing the speaker signal and the
background noise were collected. The ABNS-EEMD,
spectral subtraction, and cepstrum methods were re-
spectively used to suppress the background noise, and
the results were compared with the reference signal
collected when there was no airflow:

• spectral subtraction method: The m-th original
microphone signal ym(t) is equally divided into
T blocks with overlapping segments, onto which
an FFT is applied, and the frequency spectrum
of t-th block is written as P t(rm, ω). The same
operation gets the spectrum P tBG(rm, ω) of the
t-th block of background noise yBG,m(t). Then,
the spectrum after suppressing background noise
is calculated by averaging all the amplitude differ-
ence of T blocks:

P (rm, ω) =
1

T

T

∑
t=1

(P t(rm, ω) − P tBG(rm, ω)).

• cepstrum method: After obtaining the frequency
spectrum P t(rm, ω) and P tBG(rm, ω), they are
converted to the cepstrums. The de-noised cep-
strum is estimated by subtracting the background

noise cepstrum from the original microphone sig-
nal cepstrum. And the final cepstrum after sup-
pressing background noise is calculated by avera-
ging all de-noised cepstrums of T block:

C(rm, τ) = 1

T

T

∑
t=1

[FFT−1(logP t(rm, ω))

− FFT−1(logP tBG(rm, ω))] .

The frequency spectrum can be recovered by FFT
transformation of the cepstrum.

The signal spectrum after the background noise
was suppressed by different methods were shown in
Fig. 3. To be sure all the results in Fig. 3 were selected
from the microphone signal of first channel (shown in
Fig. 2c) for display, and the signals of other channels
were also the same analysis process.

The first row in Fig. 3 corresponds to the spectrum
of speaker signal without airflow interference, and this
row is used as a reference signal.

The second row is the spectrum of original micro-
phone data containing the background noise and the
speaker signal. It can be seen that the original data col-
lected by the microphone array under the background
noise influence had a significant difference with the
speaker signal without airflow environment; the energy
of original microphone data was mainly distributed
in the frequency range below 500 Hz. The character-
istics of speaker signal above 1000 Hz were difficult
to be highlighted due to airflow interference and were
seriously submerged in the background noise.

The third row is the result obtained by spectral sub-
traction. To some extent, spectral subtraction could
suppress the low-frequency background noise, but even
so, the energy of background noise was still dominant,
and the characteristics of speaker signal were difficult
to effectively highlight.

The fourth row is the spectrum after suppressing
the background noise by cepstrum method. Compa-
red with spectral subtraction method, the cepstrum
method could more effectively suppress the back-
ground noise and highlight the characteristics of spea-
ker signal; but the signal processed by the cepstrum
method still had background noise components below
500 Hz, which made the SNR of speaker signal still
unsatisfactory.

The fifth row is the result after suppressing the
background noise by the ABNS-EEMD method. It can
be seen that the new method had a positive effect in
different frequency ranges for background noise sup-
pression and had more obvious advantages than other
methods in the range of 1000–2000 Hz where there was
more overlap in the spectrum of the background noise
and the speaker signal.

To explicitly quantify the quality of background
noise suppression, correlation coefficients were calcu-
lated to evaluate the similarity between the spectrum
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Fig. 3. Spectrum analysis after background noise suppression.

of suppressed signal and the spectrum of reference sig-
nal without airflow.

Table 1 shows that the signals obtained by spectral
subtraction and cepstrum method have low correla-
tion with the reference signal without airflow. Howe-
ver, the spectrum obtained by ABNS-EEMD method
had a positive similarity with the reference spectrum
in all frequencies, and the proposed method’s advan-

Table 1. Correlation coefficient of the spectrum.

Frequency
[Hz]

Speaker A 1000–1500 1000–3000 4000–7000
Speaker B 1500–2000 2000–4000 5000–8000

Original microphone
data

0.346 0.353 0.286

Spectral subtraction 0.392 0.411 0.333
Cepstrum 0.456 0.552 0.601

ABNS–EEMD 0.770 0.768 0.731

tages was more prominent in low frequency. In order
to explain the reason why the ABNS-EEMD method
could effectively suppress the background noise, the
group (2) data in Fig. 3 was used for analysis, and
the results were shown in Fig. 4.
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We have know that after the signal is decomposed
by EEMD, a series of sorted IMFs can be obtained,
which represent the signal components in the different
frequency bands from high frequency to low frequency.
The difference characteristics between the signal and
the background noise made each IMF have a differ-
ent correlation coefficient with background noise. The
IMF containing the background noise could be accu-
rately identified through the correlation calculation of
Eq. (11). Figure 4 shows that the correlation coeffi-
cients of the six IMFs with serial numbers 4 to 9 are
higher than the threshold, indicating that these six
IMFs are very similar to the background noise and
should be filtered. IMFs with serial numbers 1 to 3
had very small correlation coefficients with background
noise, denoting that these three IMFs mainly con-
tained signal components and should be reserved. The
speaker signal should be reconstructed according to
formula (13) as shown in Fig. 5.

As can be seen in Fig. 5, the reconstructed signal
based on IMF1,1–IMF1,3 had a high consistency with
the speaker signal collected without airflow, which in-
dicated that the reconstructed signal based on IMF1,1–
IMF1,3 could effectively suppress the background noise
and retain the frequency characteristics of speaker
signal. The correlation of spectrum between recon-
structed signal and speaker signal without airflow can
be found in Table 1, which is 0.768. Instead, the su-
perposition of removed components based on IMF1,4–
IMF1,9 mainly retained the background noise, so it was
similar to the original microphone data collected under
the airflow environment. EEMD could adaptively de-

compose the signal into a finite number of IMFs, which
represented the local signals at different scales, so as to
separate the airflow background noise from the original
microphone data.

3.3. Analysis of the sound source localization results

Conventional delay-and-sum beamforming was used
to locate the sound source before and after back-
ground noise was suppressed to further analyze the
background noise suppression effect. The processed 28
channels array signals were applied, and the localiza-
tion results of the three group signals are shown in
Fig. 6.

The direction of airflow in the beamforming maps
of Fig. 6 is from right to left. Two circles in each map
represent the actual positions of the loudspeakers with
speaker A on the left and speaker B on the right. From
Fig. 6, we ascertained the following information.

In the first row, the positions of two sound sources
could be better identified for signals with different fre-
quencies when there was no airflow interference.

In the second row, the reconstructed source loca-
tion seriously deviated from the actual source position
due to the influence of high-intensity background noise.
The airflow turbulence along the axis in the down-
stream direction was continuously increasing, causing
the turbulence noise sources to be mainly distributed
on the left side toward the diffuser. The strong back-
ground noise on the left completely buried the speaker
location, and the hotspots at the speaker position
could not be observed from the beamforming maps.
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Fig. 6. Normalized beamforming maps of the loudspeakers.

In the third row, Amiet theory was used to modify
the propagation path of the acoustic signal to elimi-
nate the airflow influence (Wei et al., 2017a), and the
same operation was applied to the results of the fourth
and fifth rows. spectral subtraction had a certain sup-
pression effect on the background noise and could dis-
play the distribution of two sources at high frequency

signals, but it was still unable to accurately identify the
source position in the low frequency band (Speaker A:
1000–1500 Hz, Speaker B: 1500–2000 Hz).

In the fourth row, the cepstrum method could effec-
tively be used to identify the source signals at middle
and high frequency, but the ability to improve the SNR
was limited in the low frequency band (Speaker A:
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1000–1500 Hz, Speaker B: 1500–2000 Hz). There were
ghosts on the left side of the beamforming maps, which
directly affected the localization accuracy.

In the fifth row, the result of ABNS-EEMD method
could not only effectively highlight the positions of two
speakers but could also be closer to the reconstructed
heat area of reference source without airflow. Amplitu-
de of localized source and relative error in three groups
of frequency bands were statistically analyzed to quan-
titatively illustrate the amplitude restoration accuracy.
The relative error of the reconstructed source ampli-
tude could be calculated as:

η = ∣Wi −W0∣
W0

× 100%, (15)

where Wi was the amplitude of the reconstructed sour-
ce after the background noise was suppressed, W0 was
the amplitude of the reconstructed source without air-
flow. The results are shown in Fig. 7.
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Fig. 7. Quantitative analysis of amplitude error:
a) speaker A and b) speaker B.

From Fig. 7 we ascertained the following conclu-
sions:
1) Spectral subtraction was difficult to effectively

suppress the background noise, which caused a lar-
ge error in the source amplitude reconstruction;
so, spectrum subtraction could not be used to ob-
tain the amplitude information due to the failure
localization in the low frequency band (Speaker A:
1000–1500 Hz, Speaker B: 1500–2000 Hz).

2) Cepstrum method could be used to reconstruct
the amplitude information at different frequencies,
and the error of the reconstructed amplitude of
sound source was lower than that of spectral sub-
traction.

3) Among the three methods, the reconstruction er-
ror of ABNS-EEMD method was the lowest in

all of the methods. The proposed method was
less than 2.26% at all frequencies, indicating that
the method not only had the advantage in sound
source localization, but also had the advantage in
accurately reconstructing the source amplitude.

4) The reconstructed amplitude error decreased with
frequency increasing for all methods. This was be-
cause the high frequency signal contained less
background noise, and the background noise was
mainly distributed at low frequencies, which had
a greater impact on the source localization at
low frequency.

4. Measurement and analysis of the aeroacoustic
signal produced by airfoil model

4.1. Parameter setting of the measurement

The measurement environment used for the aeroa-
coustic signal produced by an airfoil model was the
same anechoic wind tunnel described in Sec. 3. The sa-
me microphone array was also utilized, and the pla-
cement of the microphone array remained unchanged.
The airfoil model used was NACA EPPLER 862
STRUT with a chord length of 12 cm, a span of 40 cm,
and a thickness of 3.6 cm as shown in Fig. 8a. The air-
foil model was set at the central line of airflow with
an attack angle of 0○. The distance between the air-
foil model center and nozzle is 30 cm, and the dis-
tance between the microphone array and the model
was 25 cm as shown in Fig. 8b and 8c. The airflow
speed analyzed in this study was still set to 80 m/s.
Similarly, the conventional delay-and-sum beamform-
ing maps were calculated on a plane which provided
60× 60 cm visualized area and contained 60× 60 recon-
structed points. The signals were recorded with the
same NI-PXIe data acquisition system at a sampling
frequency of 44.1 kHz, and 3000 points were sampled.

4.2. Result analysis of the aeroacoustic signal
of airfoil model

The generation mechanism of airfoil aeroacoustics
is related to frequency. The spectrum was obtained by
applying the temporal Fourier transform to original
microphone data after the airfoil model was placed in
the airflow and compared with the background noise
spectrum when there was no airfoil model. Spectrum
of the microphone data in first channel before and after
putting in the airfoil model is shown in Fig. 9.

According to the amplitude changes in spectrum,
Fig. 9 can be divided into two parts: zone I and
zone II. In zone I, the background noise spectrum
was consistent with the original microphone data
spectrum, indicating that the components of original
microphone data distributed in the frequency band
zone I are mainly background noise. In zone II, the
energy of original microphone data was higher than
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that of the background noise, meaning that the
aeroacoustic signal generated by the airfoil model was
mainly distributed in zone II. Simultaneously, there
was significant background noise remaining in zone II,
which made it difficult for traditional band-pass
filtering method to determine the cut-off frequency.
Different selection for lower cut-off frequency of the
band-pass filter lead to different filtering results, as
shown in Fig. 10. It should be noted that with all the
results, the researchers used Amiet theory to modify
the effect of airflow on sound propagation (Wei et al.,
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2017b), and normalize all the maps. By using Fig. 10,
we ascertained that as the cut-off frequency increased,
the background noise contained in the filtered signal
decreased, so the reconstructed source location was
less interfered by the background noise and gradually
approached the airfoil trailing edge (Murayama at al.,
2014). From the above analysis, it can be concluded
that the selection for cut-off frequency of the band-
pass filter would have a great impact on the sound
source location. Therefore, we needed to use adap-
tive methods, such as spectral subtraction, cepstrum,
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and ABNS-EEMD, to remove the background noise
and improve the location accuracy of sound source.

According to the previous research results, fre-
quency of aeroacoustic signal generated by airfoil
model was related to the horizontal coordinate of
source location along the airflow axial, mainly includ-
ing the leading edge noise and trailing edge noise
(Chong et al., 2016; Paruchuri et al., 2017). When
an airfoil was subjected to an airflow, aeroacoustics was
basically generated at both the airfoil leading edge and
the trailing edge. Therefore, it could be concluded that

0

20

40

60

80

100

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

(0.13, 0.03)

102.3 dB

(0.19, -0.15)

103.1 dB

(0.13, -0.02)

89.2 dB

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

10
1

10
2

10
3

10
4

0

1

2

p 
[P

a]

Zone I Zone II

10
1

10
2

10
3

10
4

0

0.6

1.2

Zone I Zone II

10
1

10
2

10
3

10
4

0

0.6

1.2

Zone I Zone II

10
1

10
2

10
3

10
4

0

0.6

1.2
Zone I Zone II

10
1

10
2

10
3

10
4

0

1

2

Zone I Zone II

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

(-0.14, 0.01)

103.6 dB

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

0.3

0.2

0.1

0

-0.1

-0.2

-0.3
-0.3-0.2-0.1 0 0.1 0.2 0.3

(0, 0)

105.5 dB

(-0.05, -0.02)

95.91 dB

(-0.03, -0.01)

97.59 dB

(0.03, -0.01)

107.4 dB

(0.23, -0.16)

105.5 dB

N
o
z
z
le

D
if

fu
se

r

N
o
z
z
le

D
if

fu
se

r

Spectrum Map of full band Map of Zone 1

Airflow 
directionA

irf
lo

w
 w

ith
ou

t 
ai

rf
oi

l m
od

el
O

rig
in

al
 m

ic
ro

ph
on

e 
da

ta
 w

ith
 a

irf
oi

l m
od

el
Sp

ec
tra

l s
ub

st
ra

ct
io

n
C

ep
st

ru
m

A
B

N
S–

EE
M

D

p 
[P

a]
p 

[P
a]

p 
[P

a]
p 

[P
a]

f [Hz]

f [Hz]

f [Hz]

f [Hz]

f [Hz]

Fig. 11. Spectrum and normalized maps of airfoil model after background noise suppression.

zone II included leading edge noise and trailing edge
noise as well as part of the background noise. It was
necessary to adopt an adaptive method to eliminate
the interference of human factors and extract more
accurate aeroacoustic signals. The aeroacoustic signal
spectrum and delay-and-sum beamforming maps after
suppressing the background noise by different adaptive
methods are shown in Fig. 11. Similarly, the Amiet the-
ory and normalization are applied in the results.

The first column of Fig. 11 shows the microphone
signal spectrum of the first channel before and after the



254 Archives of Acoustics – Volume 47, Number 2, 2022

background noise is suppressed by different methods,
and the changes in the frequency distribution can be
observed intuitively. The second column is the full-
band localization maps before and after background
noise suppression, which show the different methods’
ability to reduce the background noise interference on
source localization. The third column is the localiza-
tion map in zone I. The source is distributed near the
nozzle, so it is mainly airflow background noise, which
can effectively reflect the proportion of the residual
background noise contained in the processed signal.

The first row of Fig. 11 shows the source loca-
tion of background noise without airfoil model. The
background noise is mainly composed of two parts.
One is the low-frequency noise of zone I generated
by the interaction between airflow and nozzle, which
is mainly located near the nozzle. The other is the
high-frequency noise which is produced by the air-
flow turbulence and located at the diffuser downstream
of the airflow. The full band map of airflow shows that
the reconstructed source is close to the diffuser; this
is because the high frequency noise has low amplitude
but wide frequency band which makes the total energy
of high frequency noise more prominent.

The second row in Fig. 11 is the original micro-
phone data before the background noise is suppressed.
The full band result shows that the source is located
near the airfoil leading edge, which is the combined
effect of background noise and aeroacoustic signal.
The localization result of zone I shows that there was
a large amount of background noise distributed near
the nozzle.

The third row in Fig. 11 shows the result of spectral
subtraction method. It can be seen from the spectrum
that the energy in zone I had a high amplitude, demon-
strating that the aeroacoustic signal was submerged
in the background noise and was difficult to be high-
lighted. By comparing the background noise spectrum
of airflow, it can be seen that the result of spectral
subtraction method also leaves a large amount of back-
ground noise in zone II. The source of band zone I is
distributed near the nozzle with extremely high ener-
gies, indicating that the spectral subtraction method
was difficult to effectively filter out the background
noise, which was still dominant in processed signal.
The localization result of full band combined the in-
fluence of leading edge noise, trailing edge noise, and
background noise, thus, the reconstructed source was
concentrated in the airfoil model center.

For the cepstrum method in the fourth row of
Fig. 11, the interaction mechanism between the airflow
and the structure was too complex to describe com-
pletely with a convolution relationship, so that the cep-
strum method could only be used to filter out part of
the background noise. The spectrum of zone I still re-
mained at partial energy, which represented the back-
ground noise; meanwhile, energy of zone II in high fre-

quency weakened, resulting in the SNR of the aeroa-
coustic signal to be relatively low. The energy in beam-
forming map of zone I was much lower than spectral
subtraction, which indicated that cepstrum method
had a better suppression effect than spectral subtrac-
tion. The reconstructed source in full band was dis-
tributed at the trailing edge of the airfoil because the
amplitude of the leading-edge noise was reduced, and
the residual background noise near to the diffuser also
affected the result (Qiao et al., 2018).

The fifth row in Fig.11 display the result of ABNS-
EEMD method. A series of IMFs adaptively obtained
by the method represent signals in different frequen-
cies and can be used to effectively recognize the dif-
ference in the background noise spectrum and aeroa-
coustic signal compared with the other two methods.
Therefore, background noise components can be ac-
curately filtered by different IMFs screening and the
SNR of the aeroacoustic signal was improved. The con-
structed source of full band was located in front of trail-
ing edge due to the combination of leading-edge noise
and trailing-edge noise. The results show that ABNS-
EEMD had the lowest energy in zone I, effectively
suppressing the background noise distributed near the
nozzle. In addition, the method also has the ability to
filter out the background noise at low frequency and
preserve the signal amplitude at high frequency in the
zone II, which can obtain a more accurate signal. Al-
though the localization results of the proposed method
and cepstrum method were not much different in the
full band, ABNS-EEMD contained less background
noise, which was more conducive to the aeroacoustic
signals analysis.

Based on the three adaptive methods in this paper,
the SNR of signal obtained by different methods was
calculated to quantify the suppression effect of back-
ground noise. The previous analysis showed that ma-
jor energy of zone I was the background noise, and the
aeroacoustic signal was mainly distributed in zone II.
Therefore, the SNR of the aeroacoustic signal could be
approximately calculated by regarding the total ener-
gy in zone II as the useful signal and using the overall
energy of zone I as the background noise. SNR could
be estimated by the following equation:

SNR = Ezone II

Ezone I
, (16)

where E is calculated by summing the amplitudes of
all frequencies in each zone. The higher of SNR value,
the less of the background noise component in the pro-
cessed signal, and the easier it was to highlight the
aeroacoustic signal. The SNR corresponding to each
method is shown in Table 2.

In Table 2, the signal processed by ABNS-EEMD
method had the highest SNR, indicating that it con-
tained the least background noise, which made the
aeroacoustic signal characteristics more prominent
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Table 2. The value of SNR of the signal processed
by different methods.

Method Spectral subtraction Cepstrum ABNS-EEMD
SNR 3.62 6.00 17.96

than the other methods. The SNR value of ABNS-
EEMD method was nearly three times that of the cep-
strum method and five times that of the spectral sub-
traction method.

5. Conclusion

1) This paper proposes an EEMD based method to
suppress the background noise generated by jet
flow, which can adaptively decompose the origi-
nal microphone data into different IMFs without
setting parameters, so as to identify the difference
between the background noise and the aeroacous-
tic signal. By selecting the IMFs for reconstruc-
tion, the background noise can be suppressed, and
the SNR of aeroacoustic signal can be improved.

2) A sound source localization experiment was car-
ried out on two speakers at an acoustic wind
tunnel with the flow velocity of 80 m/s. Compa-
red with the spectral subtraction and cepstrum
methods, the proposed method had the strongest
ability to suppress background noise, so that the
amplitude error of the localized source corre-
sponding to ABNS-EEMD was less than 2.26%.
Moreover, the correlation between the signal ex-
tracted by ABNS-EEMD and the reference sig-
nal was higher than 0.73, indicating that the new
method could be used to remove the background
noise interference, which was beneficial to obtain
accurate aeroacoustic source location.

3) In the anechoic wind tunnel with a flow speed of
80 m/s, the aeroacoustic source localization of air-
foil model was conducted to compare the different
methods’ effects for suppressing the background
noise and improving the SNR in the aeroacoustics
measurements. From the perspective of source lo-
calization, the localization effect of ABNS-EEMD
method is similar to that of cepstrum method, and
is better than that of spectral subtraction method.
However, the SNR obtained by the ABNS-EEMD
method is more than three times that of the other
two methods, so the new method can provide
accurate aeroacoustic signal for further study of
sound field reconstruction.
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