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This paper utilizes a rigid spherical microphone array to reduce wind noise. In the experiments con-

ducted, a loudspeaker is used to reproduce the desired sound signal and an axial fan is employed to

generate wind noise in an anechoic chamber. The sound signal and wind noise are measured sepa-

rately with the spherical microphone array and analyzed in the spherical harmonic domain. The

wind noise is found to be irregularly distributed in the spherical harmonic domain, distinct from the

sound signal which is concentrated in the first few spherical harmonic modes. This difference is uti-

lized to reduce wind noise without degrading the desired sound pressure level (SPL) by use of a

low pass filter method in the spherical harmonic domain. Experimental results with both single-

tonal and multi-tonal sound signals demonstrate that the proposed method can reduce wind noise

by more than 10 dB in the frequency range below 500 Hz. The SPL of the desired sound signal can

be extracted from wind noise with an error within 1.0 dB, even when the sound level is 8 dB lower

than wind noise. VC 2018 Acoustical Society of America. https://doi.org/10.1121/1.5082290

[DKW] Pages: 3211–3220

I. INTRODUCTION

Acoustic measurements in outdoor environments and

ventilation ducts are often contaminated by wind noise due

to the turbulent pressure fluctuations (Raspet et al., 2006;

Shepherd and La Fontaine, 1986). Various methods have

been explored in the past to attenuate wind noise, which can

be categorized into methods that utilize physical structures

and signal processing methods (Shust, 1998).

Porous microphone windscreens are the most popular

structures for wind noise reduction (WNR), especially in

outdoor acoustic measurements (van den Berg, 2006).

Strasberg (1988) analyzed the wind noise inside spherical

and cylindrical porous windscreens with dimensional analy-

sis and found that the wind noise spectra measured by differ-

ent researchers form a single curve when plotted against the

Strouhal number. Morgan and Raspet (1992) compared the

noise reduction characteristics of various spherical open-cell

foam windscreens and showed that the spherical windscreens

have better performance than the streamlined windscreens.

Zhao et al. (2017b) measured the WNR of five 90 mm diam-

eter porous microphone windscreens with porosity from 20

to 60 pores per inch (PPI) and showed that the 40 PPI wind-

screen exhibited the best performance.

Nonporous windscreens are also used to reduce wind

noise, especially in the infrasonic range. Collier et al. (2014)

investigated the WNR performance of three semi-porous

fabric domes composed of different materials and showed

that the primary source of low frequency wind noise was due

to the pressure fluctuations on the surface of the domes.

Shams et al. (2005) developed compact nonporous micro-

phone windscreens for infrasonic acoustic measurements

based on the assumption that the infrasound can penetrate

any barrier of practical thickness while the wind fluctuations

are blocked by the solid nonporous walls. The experimental

results showed that a windscreen composed of closed-cell

polyurethane foam with an internal diameter and height of

3� 9 in.2, and a wall thickness of 0.5 in. achieved the best

performance. Dauchez et al. (2016) studied the performance

of a windscreen constructed from a squared plate coupled

with a nonporous cavity and showed the mechanism of

WNR to be the spatial averaging of the pressure fluctuations

over the plate.

Hedlin and Raspet (2003) measured the WNR of a

cylindrical barrier of 2 m height with a diameter of 5.5 m,

and compared to that of the rosette filters with diameters of

18 and 70 m in atmosphere. It was found that the rosette fil-

ters only produce reductions if the turbulence scale is smaller

than the diameter of the rosette, and the cylindrical barrier

has large reductions only when the scale size of the turbu-

lence is smaller than the height of the barrier. Abbott et al.
(2015) optimized the WNR of a porous wind fence enclosure

which is 2.9 m high and has a diameter of 5.0 m, and found

that the best reduction was achieved with a surface poro-

sity between 40% and 55%, supplemented by a secondary

windscreen.

In addition to the above methods adopting physical

structures to reduce wind noise, signal processing techniques

have also been widely studied. Chung (1977) proposed aa)Electronic mail: sipei.zhao@uts.edu.au
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coherence function method for flow noise rejection using

three pressure transducers based on the assumption that the

flow noise is mutually uncorrelated at each transducer.

However, this assumption is not valid in the lower frequency

range which corresponds to the large scale turbulent eddies.

Shields (2005) employed a three-axis orthogonal micro-

phone array with 10 sensors in each arm to measure outdoor

wind noise and showed that the time domain correlation as a

function of sensor separation varies as e�3.2Xcos(2pX) in the

downwind direction and decays as e�7Y in the crosswind

direction, where X and Y are the separation in wavelengths

in the downwind and crosswind directions, respectively.

Wilson et al. (2007) measured the outdoor wind noise with a

7� 7 planar horizontal microphone array and found that the

wind noise is substantially correlated for microphone separa-

tions smaller than the size of the turbulent eddies. Wilson

and White (2010) analyzed the spatial and temporal charac-

teristics of the wind noise, and discriminated the sound

signal from wind noise with a Gaussian-mixture-model

classifier.

In an alternative approach, McGuinn et al. (1997) pro-

posed reducing the flow induced noise in ducts by use of the

adaptive least mean square (LMS) algorithm to filter out the

flow velocity fluctuations measured by a hot wire anemome-

ter before subtraction from the pressure fluctuations mea-

sured by a microphone. This was based on the assumption

that the flow velocity fluctuations are highly correlated with

the flow induced noise. Similarly, Shust and Rogers (1998)

studied the performance of wind noise removal from outdoor

microphones using velocity measurements from a four chan-

nel anemometer and a simple model to transform the wind

velocity fluctuations into wind noise estimates based on the

Bernoulli equation. Unfortunately, the Bernoulli equation is

only valid for fluid flows without turbulence and the coher-

ence between the hot wire anemometer signal and the micro-

phone signal is lower in outdoor environments, thus the

performance was unsatisfactory (Shust, 1998).

In contrast to the abovementioned research, this paper

utilizes a rigid spherical microphone array to mitigate wind

noise. The sound signal and wind noise are first measured

with the spherical microphone array separately and analyzed

in the spherical harmonic domain. Then, a low pass filter

method in the spherical harmonic domain is used to reduce

the wind noise but retain the desired sound signal.

Experimental results demonstrate the feasibility of the pro-

posed method in situations where the wind noise spectrum

masks the sound signal.

II. METHOD

A low pass filter method in the spherical harmonic

domain (illustrated in Fig. 1) is proposed to reduce wind

noise captured by a spherical microphone array. The

recorded signals are first transformed to the spherical har-

monic domain via the discrete spherical Fourier transform

(Rafaely, 2015),

pnm ¼ Y
†

p; (1)

where the superscript † denotes the pseudo inverse operation,

p¼ [p(f, h1, /1),…, p(f, hq, /q),…, p(f, hQ, /Q)]T, p(f, hq,

/q) is the signal at the qth microphone at frequency f, (hq,

/q) denotes the elevation angle (hq) and azimuth angle (/q)

of the qth microphone, and Q¼ 64 is the number of micro-

phones in the spherical microphone array. pnm¼ [p00(f),
p1(�1) (f), p10(f), p11(f),…, pNN(f)]T are the spherical har-

monic coefficients, N is the highest order of the decomposi-

tion, and the matrix Y of dimensions Q�(Nþ1)2 is given by

Y ¼

Y0
0ðh1;/1Þ � � � Ym

n ðh1;/1Þ � � � YN
N ðh1;/1Þ

..

. . .
. ..

. . .
. ..

.

Y0
0ðhq;/qÞ � � � Ym

n ðhq;/qÞ � � � YN
N ðhq;/qÞ

..

. . .
. ..

. . .
. ..

.

Y0
0ðhQ;/QÞ � � � Ym

n ðhQ;/QÞ � � � YN
N ðhQ;/QÞ

2
66666664

3
77777775
;

(2)

where Ym
n (h, /) is the spherical harmonic function of order n

(n¼ 0, 1,…, N) and degree m (m¼�n, �nþ1,…, 0, 1,…,

n), which is defined as

Ym
n h;/ð Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
2nþ 1

4p
n� mð Þ!
nþ mð Þ!

s
Pm

n cos hð Þeim/; (3)

where Pm
n (�) is the associated Legendre functions, i is the

imaginary unit, and (�)! is the factorial operator.

Different modes of the spherical harmonic function

represent different spatial patterns. For example, the first

mode Y0
0 (h, /) represents a monopole pattern, the spherical

harmonic of the order n¼ 1 are dipole patterns, and higher

modes have more complex patterns (Rafaely, 2015). For

a low frequency sound signal with long wavelength, the

FIG. 1. (Color online) Diagram of the proposed method.
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spherical microphone array has little effect on the sound

propagation and most of the sound energy is focused in the

first few modes of the spherical harmonic. For example, tak-

ing k> 5D, the frequency f should be less than 344 Hz

(k¼ c/f, c¼ 344 m/s is the speed of sound, D¼ 0.2 m) for the

spherical microphone array to have little effect on the sound

propagation. However, for wind noise, the distribution of the

noise energy along the sphere shows more complex patterns.

This will be illustrated by the experimental results in

Sec. III.

In consideration of the abovementioned difference

between the sound signal and wind noise in the spherical

harmonic domain, this paper proposes to mitigate wind noise

by applying a low pass filter to the spherical harmonic coeffi-

cients, i.e.,

p0nm ¼ wnm � pnm; (4)

where p0nm are the filtered spherical harmonic coefficients,

wnm¼[w00, w1(�1), w10, w11,…, wNN]T are the low pass filter

coefficients. For brevity without loss of generality, a simple

rectangular low pass filter in the spherical harmonic domain

is used here, i.e.,

wnm ¼
1; l � M;
0; l > M;

�
(5)

where l¼ n(nþ1)þmþ1 is the mode number, and M is the

threshold mode number above which the spherical harmon-

ics are filtered out. The low pass filtering in the spherical

harmonic domain physically represents removing the higher

order more complex patterns in the spatial domain, but

retaining the monopole or the first few simple patterns.

After low pass filtering in the spherical harmonic

domain, the spatial domain signals can be derived from the

low pass filtered harmonic coefficients with the discrete

inverse spherical Fourier transform

p0 ¼ Yp0nm; (6)

where p0 is the obtained sound signal after WNR. To quan-

tify the WNR performance, WNR is defined as (Zhao et al.,
2018)

WNR fð Þ ¼ 10 log10

P1 fð Þ
P2 fð Þ dBð Þ; (7)

where P1(f) and P2(f) are the power spectral density of the

wind noise before and after reduction.

It is noteworthy that the proposed method here is differ-

ent from the beamforming methods. Beamforming methods

are essentially spatial filters, which pick up sound signals

from one direction and attenuate the signals from other

directions. Therefore, for wind noise from the same direction

as the sound signals, beamforming methods cannot reduce

wind noise without degrading the sound signals. In contrast,

the proposed method utilized the difference in spatial dis-

tribution between the sound signals and wind noise, which

is independent of the sound signal direction. Even if the

wind noise comes from the same direction as the sound sig-

nals, the wind noise can still be reduced with the proposed

method.

The advantage of the proposed method is that the

desired sound signal can be extracted from wind noise even

when the sound signal is much lower than the wind noise.

In addition, contrasting with existing WNR structures, e.g.,

large spatial filters (DeWolf et al., 2013) and wind fence

enclosures (Abbott et al., 2015), the proposed method uses

only a portable spherical microphone array, which is conve-

nient for outdoor noise measurements. Finally, the proposed

method is flexible and can be extended to spherical beam-

forming for future sound source localization. The feasibility

of the proposed method will be verified by experiments and

discussed in Sec. III.

III. EXPERIMENTS AND DISCUSSIONS

A. Experiment setup

The experiments were performed in an anechoic cham-

ber with the experimental setup illustrated in Fig. 2. A com-

mercial axial fan was used to generate wind noise and a

B&K type 4295 omnidirectional loudspeaker was employed

to produce the sound signal. A Visisonics spherical micro-

phone array with 64 microphones on a 20 cm diameter rigid

sphere was utilized to measure the pressure fluctuations due

to the sound signal and wind noise (VisiSonics, 2015). The

frequency range of the Panasonic WM-61 A electret con-

denser microphone used in the Visisonics spherical array is

20 Hz�16 kHz. The spherical microphone array was placed

in the middle of the anechoic chamber, and the fan and the

FIG. 2. (Color online) Experimental setup.
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loudspeaker were both 1.4 m away from the spherical micro-

phone array. The fan was located at a direction of (90�, 0�)
relative to the spherical microphone array, where (h, /)

denotes the elevation angle and azimuth angle. The loud-

speaker was placed at a variety of positions, but only results

for the same direction as the fan (90�, 0�) are presented here

for brevity because the results for other directions are

similar.

In the experiments, the sound signal was recorded first

when the loudspeaker was active without the fan running,

and then the wind noise was recorded when the fan was run-

ning alone. Finally, the sound signal, contaminated with

wind noise, was recorded with both the loudspeaker and fan

active. The characteristics of the sound signal and wind

noise were analyzed in the spherical harmonic domain first,

and then the difference between them was utilized to filter

out wind noise in the spherical harmonic domain.

Figure 3 compares the recorded time domain signals at

the front of the sphere near the stagnation point (100�, 0�)
and at the rear of the sphere (100�, 180�). It can be observed

from Fig. 3(a) that the low frequency sound signal at 150 Hz

is similar at both the front and rear of the sphere, indicating

that the sound signal is uniform around the sphere. The time

axis in Fig. 3(a) is zoomed to be 0–0.1 s for the waveform

details to be observed. In contrast, Fig. 3(b) shows that the

wind noise at the front of the sphere is much higher than that

at the rear, implying a complex distribution pattern of wind

noise around the sphere. The correlation coefficients of the

wind noise across each pair of microphones are found to be

less than 0.3, showing that the wind noises are uncorrelated

around the sphere.

Figures 3(c) and 3(d) present the wind noise contami-

nated sound signal when the sound pressure level (SPL) of

the sound signal is 10 dB higher and 3 dB lower than the

wind noise, respectively, and clearly show that the sound

signal is significantly distorted by the wind noise in the time

domain. It is noteworthy that in Fig. 3(c), the sound signal is

a tonal signal at 150 Hz, which is higher than the wind noise

at 150 Hz. However, the wind noise is broadband signals, so

pressure fluctuations of the wind noise in the time domain is

larger than the tonal sound signal. While the spectral and

spatial characteristics of the wind noise and sound signals

are quite distinct, separation is difficult in the time domain.

Hence, on the basis of the spherical microphone signals, the

FIG. 3. (Color online) Comparison of the time domain signals measured at the front (100�, 0�) and the rear (100�, 180�) of the rigid spherical microphone

array: (a) the 150 Hz tonal sound signal, (b) the wind noise, and the wind noise contaminated sound signal when the sound signal is (c) 10 dB higher, and (d)

3 dB lower than the wind noise. The mean wind speed at the spherical microphone array is U¼ 4.2 m/s.
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analysis was performed in the spherical harmonic domain

in Sec. III B.

B. Sound signal in the spherical harmonic domain

The measured sound pressure are substituted into Eq. (1)

to calculate the spherical harmonic coefficients pnm, and the

results for the sound signal without the fan running are shown

in Fig. 4 at 150 and 500 Hz, respectively. In the calculation,

the sample length for spherical harmonic transform was 1 s

with a sampling frequency of 44.1 kHz. The fast Fourier trans-

form (FFT) length was 65 536, which is the next power of 2 of

the sample length. For time dependent sound signals and wind

noise, the proposed method can be applied every second.

Therefore, a nearly real time noise monitoring system can be

built based on the proposed method for long term measure-

ments. The highest order N¼ 6, so there are L¼ (Nþ1)2¼ 49

modes in the spherical harmonic decomposition. The abscissa

mode number in Fig. 3 is l¼ n(nþ1)þmþ1, where l¼ 1 rep-

resents the first mode Y0
0(h, /) and the l¼ 49 indicates the

highest mode YN
N(h, /).

Figure 4(a) shows that the spherical harmonic coeffi-

cient for the first mode is much larger than that for higher

modes at 150 Hz, indicating that the sound energy is predom-

inantly in the first mode. To quantify the percentage of sound

energy contained in the first L0 modes, the cumulative

energy ratio is calculated as

R ¼

XL0

l¼1

Cl
2

XL

l¼1

Cl
2

� 100%; (8)

where Cl denotes the lth spherical harmonic coefficient, L is

the total number of spherical harmonic modes. The accumu-

lative energy ratio for the sound signal at 150 and 500 Hz

corresponding to Fig. 4 is summarized in Table I. It is clear

that 93.0% of the sound energy is contained in the first mode

at 150 Hz.

In the acoustic measurements, the error in the SPL is

within 0.5 dB if 90% of the sound energy is captured. This

implies that the measurement accuracy can be restricted to

0.5 dB by neglecting the higher modes but only retaining the

first mode. To further verify this result, the low pass filter in

the spherical harmonic domain with M¼ 1 is used in Eq. (4)

to calculate the filtered spherical harmonic coefficients,

which are substituted in Eq. (6) to obtain the filtered signal.

Comparison of the filtered signal with the original signal in

Fig. 5(a) shows that the original SPL at 150 Hz is clearly

extracted from the first mode with an error of 0.4 dB.

Similarly, Fig. 4(b) shows that at 500 Hz, the spherical

harmonic coefficients in the first few modes are much larger

than those in higher modes, and Table I shows that 92.8%

sound energy is focused in the first four modes. A low pass

filter in the spherical harmonic domain with M¼ 5 and

M¼ 1 is applied and the filtered signal compared with the

original signal in Fig. 5(b). It can be seen that the desired

SPL at 500 Hz can be extracted from the first five modes

with an error of 0.3 dB. However, if only the first mode is

utilized, the restored SPL is 5.5 dB lower than the original

signal, which indicates that some of the sound energy is lost

in the process.

The above results demonstrate that over 90% sound

energy is contained in the first spherical harmonic mode at

150 Hz and in the first four modes at 500 Hz. Hence, a low

pass filter in the spherical harmonic domain can restore the

original SPL with an error less than 0.5 dB, and the threshold

mode number M needs to be tuned for different frequency

sound signals. For higher frequency sound signals, higher

modes are needed to restore the SPL, as shown in Table I.

However, in the application scenario of WNR, the frequency

range below 500 Hz is of greater interest because previous

measurement results showed that wind noise above 500 Hz

is below 40 dB in both indoor and outdoor environments

(Zhao et al., 2016, 2017a).

C. Wind noise in the spherical harmonic domain

The wind noise was measured when the fan was running

alone. In the experiment, the fan ran at three different
FIG. 4. (Color online) The spherical harmonic coefficients for the tonal

sound signal at frequency of (a) 150 Hz and (b) 500 Hz.

TABLE I. The cumulative energy ratio (%) for the sound signal.

Modes (L0) 1 2 3 4 5 10

150 Hz 0.930 0.961 0.962 0.992 0.992 0.995

500 Hz 0.288 0.632 0.649 0.928 0.959 0.993
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speeds, and the mean wind speeds around the spherical

microphone array were about 2.4, 3.3, and 4.2 m/s, respec-

tively. The spherical harmonic coefficients at frequencies

150 and 500 Hz are shown in Fig. 6 for the wind speed of

4.2 m/s. It seems that the spherical harmonic coefficients for

the wind noise do not have a clear pattern and the energy is

irregularly distributed along the mode number in the spheri-

cal harmonic domain, which is different from that for the

sound signals shown in Fig. 4. To quantify the difference,

Table II summarizes the cumulative energy ratio for the

wind noise at different wind speeds.

It can be seen that less than 1% wind noise energy is

contained in the first mode at 150 Hz, while less than 10%

wind noise energy is contained in the first four modes at

500 Hz. This is dramatically different from the sound signals

in Table I, where over 90% of sound energy is contained in

the first mode at 150 Hz, and in first four modes at 500 Hz.

In the acoustic measurements, if less than 1% and 10% wind

noise energy are retained, the WNRs are over 20 and 10 dB,

respectively. Therefore, in comparison with Tables I and II,

more than 20 and 10 dB WNR are expected at 150 and

500 Hz, respectively, with a measurement accuracy of the

desired SPL within 0.5 dB.

Figure 7(a) presents the magnitude of the spherical har-

monic coefficients of the wind noise at different modes and

frequencies below 1000 Hz. This shows that the wind noise

is distributed irregularly in the spherical harmonic domain at

each frequency from 10 to 1000 Hz. This implies that if the

sound signal dominates in the lower order modes, then the

wind noise can be reduced using the proposed low pass filter

approach in the spherical harmonic domain by filtering out

the higher modes. The filtered results with different thresh-

old mode numbers are compared with the original signal in

Fig. 7(b), which shows that the wind noise is reduced in the

whole frequency range from 10 to 1000 Hz by the proposed

low pass filtering in the spherical harmonic domain.

This can be observed more clearly from Fig. 8(a) for the

WNR as a function of frequency. In addition, more wind

noise is attenuated when fewer modes are used in the low

pass filtering, as indicated in Fig. 8(b), where the overall

WNR in the whole frequency range 10–1000 Hz is shown as

a function of the threshold mode number. The overall WNR

decreases from 19.0 to 3.5 dB as the threshold mode number

FIG. 5. (Color online) Comparison of the original signal with the spherical

harmonic domain filtered signal for the tonal sound at the frequency of (a)

150 Hz and (b) 500 Hz.

FIG. 6. (Color online) The spherical harmonic coefficients for the wind

noise at the frequency of (a) 150 Hz and (b) 500 Hz.

TABLE II. The cumulative energy ratio (%) for the wind noise at different

speeds.

Modes (L0) 1 2 3 4 5 10

U¼ 2.4 m/s 150 Hz 0.004 0.007 0.008 0.025 0.026 0.131

500 Hz 0.012 0.021 0.023 0.033 0.063 0.162

U¼ 3.3 m/s 150 Hz 0.007 0.010 0.030 0.046 0.059 0.117

500 Hz 0.001 0.016 0.036 0.051 0.092 0.138

U¼ 4.2 m/s 150 Hz 0.004 0.074 0.081 0.092 0.129 0.148

500 Hz 0.006 0.010 0.015 0.031 0.034 0.104
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increases from one to 48. It is noteworthy that maintaining

the first spherical harmonic coefficient in the proposed

method is equivalent to spatial averaging along the sphere

(Rafaely, 2015). The spatial averaging provides the largest

WNR, which is obtained by using the proposed low pass fil-

ter method in the spherical harmonic domain with M¼ 1. It

can be used as a reference level to be compared to the results

with other spherical harmonic orders.

The above results demonstrate that the spherical har-

monic coefficients for the wind noise are irregularly distrib-

uted at each frequency in the spherical harmonic domain, as

opposed to the sound signal where the sound energy domi-

nates in the first few spherical harmonic modes. This differ-

ence can be utilized to reduce wind noise while retaining the

desired sound signal with the proposed low pass filter

method in the spherical harmonic domain.

The physical reason for the difference between sound

signal and wind noise is due to different generation mecha-

nism between them. The sound signal propagates as an

acoustic wave, which has the diffraction property, e.g., the

sound wave can propagate beyond obstacles (the spherical

microphone array here) when the wavelength is larger than

the obstacle. This explains that the sound pressure at the

front and rear of the sphere are similar, as shown in

Fig. 3(a). However, the wind noise is caused by turbulent

fluctuations, which is convected by the mean air flow.

Different from wave propagation, the flow convection can-

not diffract beyond obstacles, so the wind noise at the front

is much larger than that at the rear of the sphere, as shown in

Fig. 3(b). The different physical mechanisms of sound wave

and wind noise cause the different characteristics in the

spherical harmonic domain. In addition, the mean wind

speed is much lower than the speed of sound, hence the tur-

bulence wavelength is much smaller than the acoustic wave-

length. This may also contribute to the difference between

sound signal and wind noise in the spherical harmonic

domain, which will be studied in detail in the future.

D. Wind noise reduction (WNR) in the spherical
harmonic domain

To investigate the performance of the proposed spheri-

cal harmonic domain low pass filter method when retrieving

at sound signal from wind noise, a noisy sound signal was

recorded with the spherical microphone array with both the

loudspeaker and fan operating. A single-tonal sound signal

at different frequencies was played through the loudspeaker

to conduct two sets of experiments.

In the first set of experiments, the SPL of the sound

signal was higher than the wind noise and the results are

shown in Fig. 9, where the spherical harmonic coefficients

FIG. 7. (Color online) (a) The magnitude of the spherical harmonic coeffi-

cients of the wind noise at different mode and different frequency, and (b)

the comparison of the original signal and the spherical harmonic domain fil-

tered signal with different threshold mode number.

FIG. 8. (Color online) (a) WNR (dB) as a function of frequency for various

threshold mode number M, and (b) overall WNR (dB) as a function of the

threshold mode number M.
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are presented for the noisy sound signal when the frequency

of the sound signal is 150 and 500 Hz, respectively. In

Fig. 9, the SPL of the desired sound signal is 10 and 8 dB

higher than the wind noise at 150 and 500 Hz, respectively.

In this case, the difference between the sound and the wind

noise in the spherical harmonic domain can be observed

because the sound energy is higher than the wind noise at

the same frequency, as illustrated by the red marker ellipses

in Figs. 9(a) and 9(b). On the other hand, the wind noise

energy is irregularly distributed across the frequency range

in the spherical harmonic domain, which is consistent with

Fig. 7(a).

These observations indicate that the wind noise can be

reduced by the proposed low pass filter method in the spheri-

cal harmonic domain as discussed in Sec. III C. The low pass

filtered results are compared with the original signal in

Figs. 9(c) and 9(d) for the single-tonal sound of frequency

150 and 500 Hz, respectively. It can be observed from

Fig. 9(c) that when only the first mode is kept in the

spherical harmonic domain, the wind noise is reduced by

19.2 dB across the whole frequency range from 10 to

1000 Hz and the desired SPL at 150 Hz is retained with an

error of 0.5 dB. For the 500 Hz tonal sound in Fig. 9(d), with

only the first mode is retained in the spherical harmonic

domain (M¼ 1), the wind noise is significantly reduced by

19.2 dB but the desired sound signal is also degraded by

5.5 dB. When the first five modes are retained in the spheri-

cal harmonic domain (M¼ 5), the wind noise is reduced by

13.0 dB across the whole frequency range from 10 to

1000 Hz, and the desired SPL is degraded by 1.0 dB.

The above results demonstrate that the proposed low

pass filter method in the spherical harmonic domain can

reduce the measured wind noise by 13.0 dB without degrad-

ing the sound signal when the SPL of the sound signal is

higher than the wind noise. In practical applications, the SPL

of the sound signal might be lower than the wind noise. In

this situation, the difference between the sound signal and

wind noise cannot be seen in the spherical harmonic domain,

as illustrated by Figs. 10(a) and 10(b). However, the spheri-

cal harmonic domain low pass filtered results in Figs. 10(c)

and 10(d) demonstrate that the proposed method can still

extract the desired sound signal from wind noise. For the

150 Hz tonal sound signal with a SPL of 84 dB (3 dB lower

than the wind noise), the low pass filtered results with M¼ 1

and M¼ 5 obtain the same SPL of 84 dB at 150 Hz in

Fig. 9(c). For the 500 Hz tonal sound signal with a SPL of

71 dB (8 dB lower than the wind noise), the low pass filtered

results with M¼ 5 and M¼ 10 derive almost the same SPL

of 70 dB at 500 Hz, which are both about 5 dB higher than

that with M¼ 1 as shown in Fig. 9(d).

FIG. 9. (Color online) The magnitude of the spherical harmonic coefficients for the wind noise contaminated sound signal at different modes frequencies for a

sound signal at (a) 150 Hz and (b) 500 Hz, and comparison of the spherical harmonic domain low pass filtered signal with the original signal for the sound sig-

nal at (c) 150 Hz and (d) 500 Hz. The sound signal at 150 and 500 Hz are 10 and 8 dB higher than the wind noise, respectively.
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To further evaluate the performance of the proposed

method, a multi-tonal sound signal consisting of 125, 250,

and 500 Hz sounds was recorded in the presence of wind

noise. The SPL of the 125 Hz sound was 94 and 7 dB higher

than the wind noise, the SPL of the 250 Hz sound was 82 dB

which is the same level as the wind noise, and the SPL of the

500 Hz sound was 72 and 2.5 dB lower than the wind noise.

The spherical harmonic domain low pass filtered signals

with different threshold mode numbers are compared with

the original signal in Fig. 11. It can be seen that when only

the first mode is retained (M¼ 1), the error for 250 and

500 Hz sounds is 1.5 and 3.0 dB, respectively, although the

error for the 125 Hz sound is within 0.5 dB. When the first

five modes are retained (M¼ 5), the error is within 1.0 dB

for all the three tonal signals, and the wind noise is reduced

by 10 dB. With more than five modes retained (e.g., M¼ 10),

there is almost no further improvement in the measurement

accuracy of the desired sound signals, but the WNR is

decreased by 3 dB. Therefore, the threshold mode number

M¼ 5 is considered appropriate for this case, with a 10 dB

WNR and measurement error within 1.0 dB.

In summary, the above results demonstrate that the pro-

posed low pass filter method in the spherical harmonic

domain can extract the desired sound signal from the noisy

signal even when the SPL of the sound signal is lower than

the wind noise. In theory, more than 20 and 10 dB measured

WNR are expected at 150 and 500 Hz, respectively, with a

measurement accuracy of the desired SPL within 0.5 dB, as

shown in Tables I and II. In the experiments, 19.2 and

13.2 dB WNRs were observed at 150 and 500 Hz, respec-

tively, with the measurement accuracy of the desired SPL

within 1.0 dB. Experimental results with the multi-tonal

sound signals show a WNR of 10 dB with the measurement

error within 1.0 dB for all three tonal sounds.

FIG. 10. (Color online) The magnitude of the spherical harmonic coefficients of the wind noise contaminated sound signal at different mode and different fre-

quency for sound signal at (a) 150 Hz and (b) 500 Hz, and comparison of the spherical harmonic domain low pass filtered signal with the original signal for the

sound signal at (c) 150 Hz and (d) 500 Hz. The SPL of the sound signal at 150 and 500 Hz are 3 and 8 dB lower than the wind noise, respectively.

FIG. 11. (Color online) Comparison of the spherical harmonic domain low

pass filtered signal with the original signal for the multi-tonal sound signal

consisting of 125, 250, and 500 Hz tonal sound.
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The feasibility of the proposed method for outdoor

WNR was verified by an outdoor experiment, which is not

shown here for the sake of brevity. Although the turbulence

length scale of outdoor wind is much larger than that of the

wind from the fan in this paper, the results obtained by the

proposed method are similar. The physical reason is that

the proposed method utilized the different properties of

sound signals and wind noise. Wind noise is the turbulent

fluctuations convected by the mean air flow, rather than

propagating acoustic wave, therefore it cannot diffract to the

rear of the sphere. Therefore the property of wind noise and

sound signal is much different in the spherical harmonic

domain, which is utilized by the proposed method for WNR

without degradation of sound signals.

IV. CONCLUSIONS

This paper utilized a portable rigid spherical micro-

phone array to mitigate wind noise without degrading the

SPL of the desired sound signal to be measured. The wind

noise was found to be irregularly distributed in the spherical

harmonic domain at each frequency, contrasting with the

sound signal that dominates in the first few spherical har-

monic modes. A low pass filter method in the spherical

harmonic domain was proposed to reduce wind noise while

preserving the SPL of the desired sound signal. Experimental

results showed a 19.2 and 13.2 dB WNR at 150 and 500 Hz,

respectively, with the measurement error of the desired sound

signal within 1.0 dB, even when the SPL of the sound signal

is 8 dB lower than the wind noise. The proposed method was

also validated with the measurements of the multi-tonal sound

signals in the presence of wind noise, which showed a 10 dB

WNR with the measurement error within 1.0 dB. Future work

will extend the proposed method to sound source localization

using beamforming algorithms in the spherical harmonic

domain.
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