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Abstract: The localization and quantification of turbomachinery rotating sound sources is an
important challenge in the field of aeroacoustics. In order to compensate the motion of a rotat-
ing sound source, a rotating beamforming technique is developed and applied in a flow duct, which
uses a wall-mounted microphone array placed circularly parallel to the fan, to detect the broadband
noise source of the aeroengine fan. A simulation of three discrete rotating sound sources with a
non-constant rotational speed is pursued to verify the effectiveness in reconstruction of the correct
source positions and quantitative prediction of the source amplitudes. The technique is ulteriorly
experimentally implemented at an axial low-speed fan test rig facility. The fan test rig has 19 rotor
blades and 18 stator vanes, with a design speed up to 3000 rpm. The method can accurately identify

the radial and circumferential positions of the three rotating sound sources in the simulation case,
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sources appear to be concentrated in the tip region rather than distributed along the span.
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en15228647 1. Introduction

Academic Editors: Jinliang Xu, Beamforming coupled with microphone arrays for the determination of sound source
Lu Liu and Lei Zhang localization and quantification has become a standard tool in acoustic engineering and
free-field fixed-source troubleshooting [1]. In these techniques, assumptions are always
made on the acoustic propagation model, and the free-field propagation function is usually
considered as the simplest case. However, it is conceivable that more accurate results will be
produced when the assumed sound propagation model is similar to the physical situation.
Publisher’s Note: MDPI stays neutral The basic principle of the widely used beamforming algorithm is to combine the
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ations. of the focus signal will have a maximum value, otherwise, most signals will cancel each

other [2]. A special case is fast-moving objects such as airplanes, helicopters, and fan

rotors. The ability to track a source motion is important. In these applications, the data
BY

need to be preprocessed, the preprocessing is sometimes referred to as “de-dopplerisation”.
Beamforming can be processed in time- and frequency-domains. In the time-domain,
conventional beamforming (Delay-and-Sum, DS) mainly consists of adding time-shifted
signals with correct delays, which are deduced from the distances between the focus and
the microphones in the sound propagation model [3,4]. In the frequency domain, the
Attribution (CC BY) license (https:// signals are first subject to Fourier-transform. Based on the steering vector in the sound
creativecommons.org/licenses /by / propagation model, the cross-spectrum matrix is established and averaged to achieve the
40). phase-shifting task of the signals.
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Sijtsma et al. [5] and Minck et al. [6] presented different beamforming applications in
the time-domain on rotating sources, taking into account the time delays and the Doppler
effect. In their method, the transmitted signals from a moving source are reconstructed
by continuously moving the focus of the microphone array along the rotating motion of
the fan. In contrast to frequency-domain beamforming, time-domain beamforming on
moving sources is very time consuming due to the need for oversampling as it would
be necessary according to Shannon’s theorem and the necessity to constantly recalculate
distances and interpolate signal samples accordingly [7]. Moreover, frequency-domain
beamforming focuses on computing the measured cross spectral matrix (CSM) based on
array signals, which enables more sophisticated high-resolution algorithms such as the
deconvolution approach for the mapping of acoustic sources (DAMAS) [8], CLEAN based
on spatial source coherence (Clean-SC) [9] and orthogonal beamforming [10] to be applied.

The resolution of fundamental frequency-domain beamforming is limited by the
Rayleigh or Sparrow limit [11]. The restricted aperture of the microphone array limits
its dynamic range to around 20 dB, while the sparse array design further reduces it to
7-12 dB, which is necessary for high-frequency operation with finite microphones [12].
Dougherty and Walker [13] used a resampling technique to compute microphone data
in a rotating reference frame. Instead of Green’s function, they used a steering vector
derived from the unstable pressure on the rotating blades. Using this method, the cross-
spectral matrix can be calculated. Clean-SC is applied to the duct setup, however, because
the source area after inversion is too concentrated, the authors believe that the image
generated by this method does not look realistic. Lowis and Joseph [14,15] addressed
ducted rotation sources in the frequency-domain. Poletti [16,17] investigated the rotating
monopoles sound field and derived analytical solutions of the monopole radiated acoustic
field in spherical and cylindrical coordinates, a further numerical investigation is computed
to compare the spherical harmonic expansion of the rotating monopole sound field. When
the Mach number is lower than 1, the calculation results of each method tend to be the
same. For the case of a Mach number greater than 1, the sophisticated time-domain method
cannot be applied in practice due to the aliasing effect of sound propagation, and the
solution of harmonic expansion term in the spherical coordinate system requires higher
computational resources and becomes more time-consuming. Carley [18-20] studied the
rotating propellers and a fast series expansion of the sound field around a rotating source
is derived. Although this method has been proved to be effective and accurate numerically,
it is not straightforward to convert the rotational system transformation.

With the development of these technologies in the free field, locating and quantifying
the noise source in the flow duct has become a promising technology in the noise experiment
of turbomachinery [21]. In computational processing terms, it would be helpful to move
the microphone parallel to the trajectory of the moving sound source to be considered
stationary in a moving frame of reference, but this is often not physically feasible. For
rotating fan sources, rotational symmetry can be exploited if the signal is measured with
an axially centered circular array. For the Green’s function to be applicable, it has to be
assumed that a uniform is rotating with constant angular frequency [22]. Since this is not
a reasonable assumption when taking measurements on a real fan, different methods are
used here to strengthen the technology proposed by Dougherty and Walker [13], according
to the instantaneous angular position of the measured object, the virtual rotating array is
approximated by interpolation of the measured signal. To suppress the effects of rotational
instabilities, the time-series sound pressure data are resampled to keep their relative
phase to the rotating blades stable, and finally shows the sound source distribution of the
developed frequency-domain microphone array techniques for rotating broadband sound
sources in axial fans.

The rest of this paper is organized as follows. In the theory section, the beamforming
including Clean-SC algorithm is briefly summarized, and the principle of the virtual
rotating array method is explained. The steering vector deduced by ducted Green'’s function
is introduced to realize the identification and localization of duct sound source. The setup
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section presents a description of the axial flow fan test rig experiment, and then the obtained
noise results are discussed in results section. Finally, the research results are summarized
in the conclusion section.

2. Measurement Theory
2.1. Beamforming and Clean-SC

Conventional beamforming algorithms are divided into time-domain beamforming

. . - . -
and frequency-domain beamforming. Considering there is a sound source s(t) at x in
the free field, and it is measured by an array containing M microphones, the acoustic
information X, (t) received by the m microphone in the array can be expressed as

s(t —Ty)

Xin(t) = o, ¢y
with ¢ denoting the time when the microphone receives the sound wave, ¢ is speed of sound
and T, indicates the delay time required for the sound wave to travel from the sound
source to the m microphone.

Usually, the speed of frequency-domain beamforming is faster than that of time-
domain algorithms, so frequency-domain algorithms are more common; the frequency-
domain transform of Equation (1) is

efinm

FFT(Xp (1)) = / S =) iotgy _ ppT(8(1,) @)

C’Tm C'Tm

The beamformer output can be seen as the true sound source distribution convolved
with the point-spread function related to the position of the microphone array. The dynamic
range of sound source identification depends on the characteristics of the beamforming
algorithm and the designed geometry of the microphone array. Inappropriate settings of
these factors will lead to system errors, which will lead to fuzzy sound images. In order
to deal with this problem, there have been several approaches, and Clean-SC is one of the
fastest methods. The sound source image generated by ] uncorrelated point sources can be
represented by the result of the beamforming method

Y :;Psf(",I)Q] ®)

Rewrite Equation (3) into the following form

Yy —psf(n,1)Q1 = psf(n,2)Q2 + psf(n,3)Qz - - -+ psf(n,J)Qy 4)

According to the above formula, the following iterative process can be determined

Y =YY — psf(n,1)Q; )

where | represents the i-th iteration or represents the i-th sound source which satisfies
1 <i < ]. Obviously, psf(n,i)Q; represents the image information generated by the i-th
sound source, including the mainlobe and sidelobes. If the sound source Q; is known, then
the sidelobe information generated by all ] uncorrelated point sound sources can be filtered
out from the initial image through iteration, so that clean sound source image of only the
sound source Q; (1 < i <) itself is finally obtained.

The basic work flow is to find the maximum value in the beamforming results and put
it into the initial clean map, then to identify the coherent components and remove them
from the original beamforming, so that the original beamforming will leave a different
maximum value. Repeat the process of finding and eliminating the coherent components
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with the maximum value until no more important source can be found in beamforming or
the number of iterations has reached the set maximum number of iterations.

2.2. Virtual Rotating Array

Due to the rotation effect of the sound source, simply using the conventional beam-
forming method cannot realize the localization identification test of the rotating sound
source. Virtual rotation processing on the microphone is performed to keep the phase
synchronized with the rotation of the fan in order to realize the focusing of the rotating
sound source.

The purpose of the virtual rotating array method is to convert the sound pressure
signals acquired by the fixed-mounted microphone array into a virtual microphone array
that rotates synchronously with the sound source. Thus, the Doppler effect caused by the
rotation of the sound source can be offset and the complexity of solving the delay time
when the sound source is focused can be reduced. ¢(t) is set as the angle value of the
test time series, and N, is the number of uniformly arranged microphones, then the angle
interval of the microphones is « = 27t/ N,. The time series signal of the virtual microphone
can be iterated by interpolation:

my(m, t) = (m + @ — 1>moch +1 (6a)
my(m, t) = (m + qOS)>moch +1 (6b)

The weighting coefficient in the interpolation calculation can be obtained by the
following formula:
t t
it = 200 [0 o

si(t) =1 —su(t) (7b)

The sound pressure data of the virtual rotating array in the rotating coordinate system is

pQ,m(t) = S1Pmi + SuPmu ®)

Using this formula, the virtual rotation array can keep synchronous with any object
rotating around the axis.

2.3. Modal Steering Vector

The identification test of fan noise source heavily depends on the theoretical model
of ducted sound propagation between the focal point of the sound source localization
algorithm and the measuring point of the microphone array. In order to facilitate the theo-
retical analysis, the duct of the aeroengine is usually simplified as a semi-infinite straight
cylindrical duct. Consider an infinite rigid-walled cylindrical duct containing uniform axial
mean flow as shown in Figure 1. The convective wave equation is shown below

1 D? 9
(@Dﬂ‘V)PZO ©)

with D/Dt = 9/9t 4+ cM(9d/9z) as the derivative of the mean axial flow velocity function.
The intensity distribution characteristics of the broadband sound source generated by the
rotating fan blade are similar to the dipole with specific spatial and frequency correlation
characteristics on the blade surface. When the dipole sound source with the assumed
moment distribution intensity of rotates at angular frequency () = 271f axially in the
0-direction, it becomes
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where f(y, T) is the intensity distribution of dipole source on the rotor blade surfaces. It
should be noted that the sound source position is a function of the emission time 7, 71(y)
is the unit vector perpendicular to the blade surface S(y). Based on the Green function
solution of the wave equation in the flow duct, the time series pressure signal sensed by
any receiving point x = (7,6, z) within the duct can be computed as

m* eim(0—0s)  rtoo piw(t—T) —iyh, (z—25)
J¥me / e e do (1)

Glotly ) = 1= 1. Z‘P’”” y

m=—m- n= - Kmn (@)

in which ¢, represents the radial shape function of the (m, n) mode and 7,£, denotes the
axial wave number of (m, n) mode, A, is a normalization constant. The Hamiltonian
operator VG in the cylindrical coordinate system is

G 060G oG
VG =rg + o i (12)

the non-zero part of VG is

‘A oo i 00 * im(0—0s) oo LHiw(t—T) ,—ivik, (z—25)
6 oG _ 0 5 im & Y (1) Wiy, grs)e / e e do  (13)
rs 895 47-["1:700 1’5 i’l=0 Amn —00 Kmn (a))
a£ ﬁ o o l/)mn ¢mn (Ts) im(6—6s) /oo eiw(t—r)e—i%ﬁn (z—2zs)
aZ 47Tm_z—oo nZO l’)’mn Z A%rm —00 Kmn ((,U) deo (14)

JSOm)=f(r.0,—Q1,2,7)

Figure 1. Noise radiation from rotating dipole sound sources in infinitely long duct.

Substituting Equations (13) and (14) into Equation (10) gives

imé m;(t T)
plat) =5 / /f s Z / gm(y,z,1,w)e dwdS(y)dt  (15)

m=—00
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To simplify the transfer function, g, is defined as the transfer function of the m-
order modal wave propagating from a unit-intensity dipole sound source at position y to
x=(r,0=0,2).

(16)

N —

oo * imls ,—iy, (z2—2s)
gu(y,zr,w) =3 Y | —Vmuncosa+ " sin Poun () i (75) €™ €T
n=0

Vs A%,m Kmn(w)

3. Experimental Setup
3.1. Experimental Facility

The experimental test of broadband noise identification and localization of axial
flow fan is a key content of this paper. Figure 2 shows the schematic diagram of the fan
experimental test, in which the duct diameter is 0.5 m, the single-stage axial flow fan
is composed of 19 rotor blades and 18 stator vanes, and a motor with a rated power of
18.5 kW can drive the single-stage axial flow fan to work at the rated speed of 3000 rpm;
the maximum axial Mach number can reach to 0.1 under this operating condition. The inlet
section is equipped with a short nozzle section in the shape of a bell mouth, and there is
no spoiler or filter screen installed inside the flow duct. The microphone array consists
of four circular arrays, each consisting of eight microphones with equal circumferential
spacing. The sampling frequency of sound pressure data in the test is 16,384 Hz. The time
series of 60 FFT windows are used for spectrum calculation, and each window contains
16,384 data samples. In order to capture the instantaneous fan speed, a photoelectric sensor
is used to catch the pulse signal generated by the fan rotation during the acoustic test. The
pulse signal can be used to capture the circumferential position of the fan blades and the
real-time fan speed. During the noise measurement, its angle accuracy can be ensured to
be less than 2°. In order to reduce the environmental noise pollution to acoustic testing,
the acoustic testing environment is very important. When the standing wave formed in
the external enclosed environment radiates into the axial flow fan duct, it will directly
reduce the signal-to-noise ratio of the acoustic test signal and ultimately influence the
effectiveness of the acoustic test in the axial fan experiment. In this experiment, the inlet
section and acoustic measurement section are placed in the semi-anechoic chamber as
shown in Figure 3 to reduce the impact of external reflected noise on the axial fan acoustic
test. The outlet duct is equipped with an anechoic terminal device, which is composed of
perforated acoustic liners installed on the inner and outer duct walls in the fan exhaust
section. Therefore, the entire acoustic test conditions of the axial fan are in strict accordance
with ISO 5136 international standard for the determination of sound power in duct.

Anechoic termination

Inlet Nozzle 3
4 static Sensor arrayconsisting of lS(tzlnr (ll:) . XXX, Throttle
holes 4> 8 microphones otor (19) Five-hole probe /.. ;
| | Nesesoae 0 & o || | SO0
oo 00
Inlet & |(0 o 00 C Motor,
DY
Reference M
microphone Measurement | Struct (6)
duct
910 610 | 417 | 554 1110

Figure 2. Schematic diagram of fan experimental test with an anechoic termination outlet duct.
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Total mode number

Figure 3. Inlet noise measuring section in semi-anechoic chamber and photo of axial flow fan.

3.2. Modal Function Spectrum

Due to the acoustic boundary of hard-wall duct, the number of modal waves that
can propagate and radiate to the far field in the axial fan is closely related to its frequency
during acoustic testing. Figure 4 shows the spectrum diagram of acoustic modal cut-on
function of axial flow fan. Figure 4a shows the total number of modal waves, the maximum
circumferential modal order and the maximum radial modal order of the cut-on waves
with solid lines, dash dot lines and dot lines, respectively. The total modal number is
the sum of the modal waves propagating downstream and upstream. At 3000 Hz, based
on the modal cut-on function, there are 55 modes in the fan duct that can be cut-on.
Considering the forward and backward propagation, there will be 110 modal waves in the
fan duct that can propagate and ultimately radiate to the far field. In order to effectively
distinguish so many modal waves, it needs to pay attention to the internal components of
modal waves, especially the order of the cut-on modal waves. At 3000 Hz, the maximum
circumferential mode order is m = +12, and the maximum radial mode wave order is
n = 4. In order to show the radial mode components inside each circumferential mode
more clearly, Figure 4b shows the cut-on function spectrum diagram of the radial mode. It
can be seen that at 3000 Hz, the (0, 1), (0, 1), (0, 1) and (0, 1) modes will be cut-on inside the
m = 0 circumferential mode.

60

50

1‘:
total number of modes maxn
e max mode order m 4
—————— max mode order n s
2
E 10 4
[+F] 0
=4
(+]
]
T
g *
Tr T T T
500 1000 1500 2000 2500 3000 500 1000 1500 . 2000 2500 3000
Frequency (Hz) Frequency (Hz)
(a (b)

Figure 4. Modal cut-on function spectrum of single-stage fan. (a) Modal cut-on function. (b) Radial
modes of mode order m.

4. Results and Discussion
4.1. Simulation Application

The simulated data are created for three mono-frequency sources Q(7) = ¢'“, for
processing the data, a microphone array consisting of a 4-ring array which is uniform
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to that in Figure 2 and 1 m in diameter was used. In Figure 5, sound identification
using conventional beamforming coupled with virtual rotating array for three sources
(f = 3000 Hz) at R = 0.3 m rotating with 49.6 Hz is shown. The rotating sources show up
in Figure 5 and they are perfectly focused. The method can accurately identify the radial
and circumferential positions of the three rotating sound sources. Due to the geometric
influence of the microphone array, large sidelobes appear near the main-lobe of the sound
source. In order to suppress the influence of the side-lobes, the number of sensors need
to be increased, or transform to frequency-domain processing to apply advanced higher
resolution algorithms, which are discussed in Figure 6.
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Figure 5. Conventional beamforming coupled with virtual rotating array for three sourcesat R = 0.3 m
and angles are 0, 0.5 77, 1.0 77, processing frequency f = 3000 Hz, rotating frequency = 49.6 Hz. (a) 0's;
(b) 0.15s; (c) 0.3 s; (d) 0.45 s; (e) 0.6 s; (£) 0.75s; (8) 0.9 5; (h) 1.05 s; (i) 1.2 s.
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Figure 6. Sound maps of three rotating sources simulation. (a) Conventional beamforming; (b) Clean-
SC method; (¢) DAMAS method.

Deconvolution technology can try to suppress the sidelobe and peak spread in the
process of sound source identification by removing the coherent components in the algo-
rithm or other iterative methods, resulting in deconvolution maps with wider dynamic
range and higher resolution than conventional beamforming maps. Clean-SC is partic-
ularly successful in dynamic range. Clean SC has outstanding effect in dynamic range
due to the elimination of coherent components in the algorithm design. DAMAS has a
better resolution than conventional beamforming or Clean-SC, but a lower dynamic range.
Deconvolution usually changes the continuous source distribution to a point pattern. The
calculation process of deconvolution is usually slow because they are usually iterative and
the relationships between parts of the overall beamforming graph must be considered. For
each Figure, 3600 pixels have been calculated. Clean-SC was stopped after 20 iterations,
while for DAMAS, 200 iterations have been calculated. The abscissa and ordinate of the
focus area are subdivided into 60 nodes, so each image contains 3600 pixels. The maximum
number of iterations for Clean-SC is set to 20, while for DAMAS it is set to 200. Clean-SC
method is based on the iterative calculation of spatial sound source coherence. It has
excellent performance in dynamic range and timeliness, and can obtain more information
about the sound source, so it has been widely used. By applying one iteration of Clean-SC,
all coherent sources are removed from the beamformed image. The result of the removal of
the main coherent source is shown in Figure 6b, where the scale is the same as in Figure 6a.
It was observed that coherent sidelobes “disappeared” almost completely. Therefore, all
visible sources in this band are clearly coherent. It has to be noted that the applied Clean-
SC deconvolution algorithm inherently assigns correlated sources to a single focus point,
regardless of the actual range of source. Thus, coherent sources that are actually distributed
in a region discrete by several points are artificially “compressed”, especially low-frequency
sources, which extend beyond the region presented by a single focus, are only visible in a
single location. DAMAS yields comparable results in terms of localization of the rotating
sound sources and calculation of the sound pressure levels, and it calculates the sound
source results with the highest resolution after taking a long time for iteration process-
ing. This investigation shows that more progressive source characterization methods with
high resolution, such as Clean-SC and DAMAS, can be applied for characterizing rotating
broadband sound sources on the basis of the coupled virtual rotating array method.

4.2. Experimental Application

The performance of the proposed method in multiple rotating sound source scenes can
be obtained through simulation. On this basis, the actual data of axial flow fan are further
tested. The fan rotation frequency is set to 49.6 Hz, and the minimum distance between the
microphone array and the fan leading edge plane is 1.9 m. The general effect of neglecting
the duct acoustic boundary or rotational instability of a rotating axial fan is illustrated in
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(a)

Figure 7, which shows representative sound maps calculated with different data processing
algorithms around 3150 Hz. The data process managements in Figure 7a,b are roughly
the same, the only difference is the application of modal steering vector in sound source
reconstruction in Figure 7b. The fan noise sources identified by beamforming are fuzzy, and
distributed in the whole circumferential rotation direction, and the sound source energy is
approximately uniformly distributed on the circumference rotation trajectory. A virtual
rotating array using modal steering vector with and without resampling process yields
similar results; the sound source of the fan blade can be clearly displayed, but in Figure 7b
a certain smearing in the acoustical image appeared due to unstable rotation motion in the
flow duct. From the sound source localization results in Figure 7c, it can be clearly seen
that the dominant sound source area is the same as the rotor blade tip, this is consistent
with the generation mechanism of turbine noise. The smearing appearing in Figure 7 may
be induced by the unsteady flow caused by boundary layer separation at the hub, but there
are no measurements to evaluate the aerodynamic characteristics of the axial flow fan, as
this is beyond the scope of this document.

SPL /dB SPL /dB SPL /dB

86 P e 86

(b)

Figure 7. Noise source map in axial flow fan at 3150 Hz: (a) using free-field Green function to generate
steering vector; (b) using ducted Green function to generate steering vector; (c) using ducted Green
function to generate steering vector with resampling process.

It should be noted that when the microphone array is processed by virtual rotation,
the air medium between the microphone array and the sound source does not rotate at the
same angular velocity as the virtual rotating array and therefore is not stationary in the
rotating reference frame, but rotates itself. For beamforming applications, a sufficiently precise
model of the delay time is necessary, i.e., the travel time between the microphones and the
assumed sound source. Ignoring the rotating medium is not consistent with the actual physical
mechanism, which leads to an inaccurate sound source location result. However, computing
the delay time for each sample with arbitrarily varying angles is computationally expensive,
as it is not easy to conduct an analytical investigation about this portion. Therefore, for the
purposes of this article, it is assumed that the angular velocity variation is small enough to be
negligible for the delay time to be calculated with sufficient accuracy using average angular
velocity. To track the rotary motion of axial flow fan, a photoelectric sensor was applied behind
fan rotor blades, in this way;, it enables to record one trigger per revolution. During the test,
the trigger signal and the sound pressure time series are recorded at the same time. In the
data processing, the timing position of the pulse trigger signal and the time interval in the
sampling process can be used to calculate the fan rotation angle of each sound pressure signal
through spline interpolation. Finally, the acquired sound pressure signal is time-resampled to
512 samples per revolution, i.e., the final sampling frequency depends on the fan speed. This
is an important step in data processing, because the characteristic frequency of many noise
sources generated by rotating turbofan is the shaft frequency and its harmonics. The number of
samples for fan rotation during processing can be specified in order to facilitate the calculation.
In this paper, 512 samples are selected for convenient calculation, which is helpful to improve
the timeliness of time-frequency conversion operation. For more information, see [23].
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Beamformer resolution is a measure of how well the beamformer can distinguish
between sources that are close to each other. In the case of aeroacoustics, if the distance be-
tween sound sources is greater than the correlation length (the distance related to the larger
scale turbulent structure in the flow), the sound sources can be considered as separate. The
result of beamforming usually consists of the mainlobe at the source position and a series
of sidelobes on both sides of the real sound source position. If the side lobe is not properly
suppressed in the identification process, it is likely to affect the recognition of the mainlobe
at the real sound source position. If the width of the mainlobe in beamforming is greater
than the distance between two sound sources, these two sources will be indistinguishable
in the same mainlobe. Therefore, the width of the mainlobe determines the resolution of
the beamformer. An ideal beamformer would have zero beamwidth and infinite sidelobe
suppression. The ideal situation for beamforming is to reduce the beamwidth and suppress
the amplitudes of sidelobe as much as possible. It is known from array processing theory
(e.g., summarized by Johnson and Dudgeon [24]), for arrays of finite spatial extension,
the mainlobe always has a limited width. It should be pointed out that since the virtual
rotating array requires artificial rotation treatment of the recorded time-domain sound
pressure signals, the designed array in the application of this method need to be a circular
axially centered array. The microphone array consisting of 32 microphones was arranged
circularly in four rings, which were mounted parallel to the fan.

The radial resolution is very important to identify the spanwise distribution of a single
blade sound source. Whether rotor blade or stator vane, determining how to quantify the
noise sources on adjacent blades is required to improve the circumferential angle resolution
in the process of source recognition as much as possible. For axial flow fans with high
consistency consisting of multiple blades, it is important to improve the radial resolution to
identify the spanwise noise source distribution of a single rotor/stator blade, especially
to quantitatively evaluate the sound source intensity at blade root and tip. Moreover, due
to the compact arrangement of blades, determining how to quantify the contribution of
adjacent blades to noise radiation depends on the circumferential identification of sound
sources. Figure 8 shows the reconstructed sound source maps evaluated for a one-third
octave band from 2000 Hz to 6300 Hz at fan rotation with 49.6 Hz. The noise source
maximum changes with increasing frequency, so the maps are displayed with different
legends while the range of the color legend is always 26 dB. In the figure, the outer and
inner black rings refer to the contour of the fan blade tip and the position where the blade
root connects with the hub. Noise inside inner circles is hidden for convenience, this is
because the region is not an actual physical noise source, but a by-product of possible
reflections occurring during sound wave propagation. At low frequencies in Figure 8§,
between 2000 Hz and 2500 Hz, the noise source generated by each rotor blade cannot be
effectively distinguished due to the large beamwidth allied to a few cut-on modes. In other
words, the noise source appears more “blurred” around the blades. However, discrete
noise sources above 2500 Hz are clearly shown around the tip area and fuzzy noise sources
present in the hub region. At 3150 Hz, 4000 Hz, 5000 Hz, and 6300 Hz the sound source area
of each blade is more obvious, and the noise contribution of each blade can be observed
intuitively in the figure. Artificial output close to the hub walls also starts to become evident.
It needs to be noted that these artifacts are not the actual noise sources, but the sound
reflection from the duct wall and the obvious sidelobes caused by the microphone array
itself, which is limited in size and installation position. These phenomena are consistent
with the situation presented in Figures 5 and 6. By comparing the source regions with the
blade positions, the result appears good, knowing that: (a) the turbofan duct is annular, so
there is no line of sight between each sound source and each microphone; (b) there is no liner
between rotor and duct flush-mounted array. A distinctive feature of beamforming outputs
is that the sound sources appear to be concentrated in the tip region rather than distributed
along the span. This may mean that the sources appear in tip regions (e.g., tip vortices
due to rotor blades) are of major importance. Note that the source position on the sound
source map does not exactly match the desired source position under the mainlobe of the
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beamwidth at 2000 Hz and 2500 Hz due to the small number of modal waves cut-on in the
flow duct at low frequencies. At higher frequencies, the source discriminability increases,
followed by a reduction in sidelobe levels, thanks to the large number of cut-on modes that
allow for better representation of source location. Overall, these visualizations validate the
code. In this frequency band, the main sound source is located near the tip region. This is
reasonable because the circumferential velocity increases from the hub to the tip, which
results in a stronger interaction mechanism between the leading edge of the fan blade and
the inflow flow [25]. Although there are no obstacles upstream, for fans, the sound source
is expected to be in the leading edge region, as the inflow usually maintains some degree
of turbulent intensity, even under free inflow conditions. In addition, tip leakage flow can
lead to instability of the flow field in the tip region, especially for un-skewed fans, with
greatly increased turbulence intensity levels [26].
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Figure 8. Sound source maps for an axial fan for eight different frequencies between 2000 Hz and
6300 Hz. (a) 2000 Hz; (b) 2500 Hz; (c) 3150 Hz; (d) 4000 Hz; (e) 5000 Hz; (f) 6300 Hz.
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5. Conclusions

An evaluation method of ducted rotating sources is presented. Based on this approach,
the interpolated sound pressure due to the synchronized rotation of the virtual array and
the modal steering vectors are generated coupled with the resampling processing of time
series signals. By considering the influence of duct wall on acoustic wave propagation and
the phase variation caused by source rotation, the data postprocessing embedded in this
method allows the application of complex source characterization methods that are only
suitable for fixed sources. Beamforming with the wall flush-mounted array exhibited noise
sources appear to be concentrated in the tip region rather than distributed along the span.
In other words, sources distributed along the fan seem to be of minor importance. The
good quality of a wall flush-mounted array beamforming image is well understood while
considering the presence of reflecting walls to generate the modal steering vector. Further
research is needed to use a coaxially-mounted circular array with more microphones to
investigate the detailed distribution of the sound field inside the flow duct.
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