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A number of sound field separation techniques have been proposed for different purposes. How-

ever, these techniques just consider the separation of sound fields in the space domain and are re-

stricted to stationary sound fields. When the sound fields are nonstationary, it is also necessary to

perform the separation in the time domain. Therefore, on the basis of the propagation principle of

sound pressure in the time-wavenumber domain, a nonstationary sound field separation technique

with two closely spaced parallel measurement surfaces is proposed. It can separate the nonstation-

ary signals generated by the primary sources in both time and space domains when the disturbing

sources exist on the other side of the measurement plane. The signals in time and space domains

are separated by using the spatial Fourier transform method and the time domain deconvolution

method. A simulation involving two monopoles driven by nonstationary signals demonstrates that

the method proposed can remove the influence of disturbing sources in both time and space

domains. The feasibility of this method is also demonstrated by an experiment with two loud-

speakers located on two sides of measurement planes. Additionally, to comment more objectively

on the separation results, some indicators are computed in both the simulation and experiment.
VC 2012 Acoustical Society of America. [DOI: 10.1121/1.3683249]
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I. INTRODUCTION

A number of sound field separation techniques have

been proposed for different purposes. The sound field separa-

tion technique based on the spatial Fourier transform (SFT)

was formally proposed by Tamura1 to separate the incident

and reflected plane-wave components on the surface of the

test material, and this separation led to the determination of

reflection coefficients at arbitrary angles of incidence. Later,

some experimental verifications of this method were also

given.2,3 Cheng et al.4,5 developed this technique to separate

the incident and scattered field in both Cartesian and cylindri-

cal coordinate systems and investigated the sensitivity of

implementing this separation technique to the measurement

parameters and their errors. Yu6 applied this separation tech-

nique to remove the noise sources, overcoming the limitation

on applications of nearfield acoustic holography (NAH).7,8

The sound field separation technique based on spherical

wave expansion was first proposed by Pachner9 to determine

the traveling and standing components of an arbitrary scalar

wave field from the measured instantaneous values of the

field on the surface of two spheres surrounding the emitter.

Weinreich and Arnold10 used this technique to separate the

outgoing waves from the source and incoming waves from

reflections by carrying out the measurement on two concen-

tric spheres. Zhao and Wu11 combined this separation tech-

nique with hybrid NAH to reconstruct the vibroacoustic

fields in half space.

Both the methods based on SFT and on spherical wave

expansion employed double layer pressure measurements.

Jacobsen and Jaud12 proposed a single layer technique on the

basis of statistically optimized NAH to separate the primary

source form the disturbing source. This method measured

both the sound pressure and the normal components of the

particle velocity in one measurement plane. Zhang et al.13

modified this method to make the location of the disturbing

source arbitrary rather than symmetrical on the side of the

measurement plane opposite to that of the primary source.

The preceding sound field separation techniques limited

the measurement surface to be regular, such as planar, cylin-

der, or spherical. Langrenne et al.14 proposed a separation
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technique based on the boundary element method to recover

free field conditions from noisy bounded space situations.

Recently Bi et al.15 proposed a sound field separation tech-

nique based on equivalent source method to make NAH

applications in a field where there exist sources on the two

sides of the hologram surface in a reverberant field or in a

scattered field. In these two methods, the measurement sur-

face can be arbitrarily shaped.

However, all the above-mentioned techniques were only

used with stationary sound fields, and the separations were

just applied in the space domain. In the presence of nonsta-

tionary sound fields, for separating the time-dependent inci-

dent and reflected wave components to determine the

reflection coefficients on the surface of test materials over a

wide frequency range in a single measurement or for separat-

ing the time-dependent incident and scattered fields when

the scattering bodies exist in the sound field or for removing

the disturbance from noise sources when applying time do-

main holography16 or real-time nearfield acoustic hologra-

phy17,18 to study the sound radiation in confined industrial

places, all the separations should be done in both time and

space domains. Until now, it seems that no research has been

done considering the separation technique in both time and

space domains for nonstationary sound fields. In this paper, a

nonstationary sound field separation technique is proposed

based on the propagation principle of sound pressure in the

time-wavenumber domain. The approach leading to the

reconstruction of the pressure field radiated by the primary

source is described in Sec. II. To investigate the performance

of the method proposed in both time and space domains, a

simulation study with two monopole sources is carried out

and reported in Sec. III. Section IV presents an experiment

with two loudspeakers located on the two sides of measure-

ment planes to demonstrate the feasibility of the method

proposed.

II. NONSTATIONARY SOUND FIELD SEPARATION
TECHNIQUE

The technique is based on the use of two measurement

planes close to each other. The configuration is shown in

Fig. 1, where source 1 is the primary source, source 2 is the

disturbing source, and the distance between measurement

plane 1 and measurement plane 2 is Dz ¼ z2 � z1. Each mea-

surement plane provides the contribution of the primary

source and also the contribution of the disturbing source.

The aim of the separation technique is to remove the contri-

bution of the disturbing source on measurement plane 1. For

this purpose, the contribution of the disturbing source on

measurement plane 1 is predicted by using the pressure field

acquired from measurement plane 2, which is propagated to

measurement plane 1. Then the predicted disturbing acoustic

field is subtracted from the acoustic field recorded on mea-

surement plane 1, yielding a formulation of the pressure field

acquired from measurement plane 1 and due to the primary

source alone.

In the following, the steps of the separation technique

are described. The sound pressure pðx; y; z1; tÞ acquired

from measurement plane 1 equals the sum of the sound pres-

sure p1ðx; y; z1; tÞ generated by source 1 and the sound

pressure p2ðx; y; z1; tÞ generated by source 2, that is

pðx; y; z1; tÞ ¼ p1ðx; y; z1; tÞ þ p2ðx; y; z1; tÞ: (1)

By applying the two-dimensional Fourier transform with

respect to x and y to Eq. (1), and using the time-wavenumber

spectrum Pðkx; ky; z; tÞ given by

Pðkx; ky; z; tÞ ¼
ð1
�1

ð1
�1

pðx; y; z; tÞejðkxxþkyyÞdxdy;

(2)

Eq. (1) yields

Pðkx; ky; z1; tÞ ¼ P1ðkx; ky; z1; tÞ þ P2ðkx; ky; z1; tÞ:
(3)

Similarly, the time-wavenumber spectrum Pðkx; ky; z2; tÞ
on measurement plane 2 equals the sum of the time-

wavenumber spectrum P1ðkx; ky; z2; tÞ generated by source

1 and the time-wavenumber spectrum P2ðkx; ky; z2; tÞ gen-

erated by source 2, that is

Pðkx; ky; z2; tÞ ¼ P1ðkx; ky; z2; tÞ þ P2ðkx; ky; z2; tÞ:
(4)

According to the forward propagation formulation of

the sound pressure in the time-wavenumber domain as

shown in Ref. 19, the relationships between the time-

wavenumber spectra of pressures radiated from a single

source on both planes can be written as

P1ðkx; ky; z2; tÞ ¼ P1ðkx; ky; z1; tÞ � hðkx; ky; Dz; tÞ;
(5)

P2ðkx; ky; z1; tÞ ¼ P2ðkx; ky; z2; tÞ � hðkx; ky; Dz; tÞ;
(6)

where hðkx; ky; Dz; tÞ is the impulse response function that

is given by

FIG. 1. Configuration of the separation system. Source 1 is the primary

source, source 2 is the disturbing source and the distance between measure-

ment plane 1 and measurement plane 2 is Dz ¼ z2 � z1.
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hðkx; ky;Dz; tÞ ¼ dðt� Dz=cÞ � Dz
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
k2

x þ k2
y

q

�
J1 c

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
k2

x þ k2
y

q ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
t2 � Dz2=c2

p� �
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
t2 � Dz2=c2

p
� Hðt� Dz=cÞ; (7)

where c denotes the sound velocity, dðtÞ denotes the Dirac

delta function, J1 denotes the Bessel function of the first

kind and order 1, and HðtÞ denotes the Heaviside function.

Substituting Eq. (5) into Eq. (4) leads to

Pðkx; ky; z2; tÞ ¼ P1ðkx; ky; z1; tÞ � hðkx; ky; Dz; tÞ
þ P2ðkx; ky; z2; tÞ: (8)

Similarly, substituting Eq. (6) into Eq. (3) yields

Pðkx; ky; z1; tÞ ¼ P1ðkx; ky; z1; tÞ þ P2ðkx; ky; z2; tÞ
� hðkx; ky; Dz; tÞ: (9)

Applying the convolution with the impulse response function

hðkx; ky;Dz; tÞ to both sides of Eq. (8) and then subtracting

from Eq. (9) gives

Pðkx; ky; z1; tÞ � Pðkx; ky; z2; tÞ � hðkx; ky; Dz; tÞ
¼ P1ðkx; ky; z1; tÞ � P1ðkx; ky; z1; tÞ
� hðkx; ky; Dz; tÞ � hðkx; ky; Dz; tÞ
¼ P1ðkx; ky; z1; tÞ � ½dðtÞ � hðkx; ky; Dz; tÞ
� hðkx; ky; Dz; tÞ�: (10)

The left part of Eq. (10) is obtained by applying the spatial

two-dimensional Fourier transform to the spatial pressure

fields acquired from both measurement planes, yielding

Pðkx; ky; z1; tÞ and Pðkx; ky; z2; tÞ and by using

hðkx; ky; Dz; tÞ, which is known. Six methods for calculat-

ing the impulse response were presented in Ref. 19. Grulier

et al. showed that the inverse Fourier transform method and

the numerical Kaiser method provided the most accurate

results among the six methods tested. As the numerical Kai-

ser method is much more time-consuming than the inverse

Fourier transform method, the inverse Fourier transform

method is used here. Finally, the time-wavenumber spec-

trum P1ðkx; ky; z1; tÞ on measurement plane 1 generated

by the primary source can be solved by operating the

deconvolution of Eq. (10).

By setting

Aðkx; ky; tÞ ¼ Pðkx; ky; z1; tÞ � Pðkx; ky; z2; tÞ
� hðkx; ky; Dz; tÞ; (11)

Bðkx; ky; tÞ ¼ dðtÞ � hðkx; ky; Dz; tÞ
� hðkx; ky; Dz; tÞ; (12)

Eq. (10) can be rewritten as

Aðkx; ky; tÞ ¼ P1ðkx; ky; z1; tÞ � Bðkx; ky; tÞ: (13)

Equation (13) acts in the continuous time domain. To imple-

ment Eq. (13), the time variable t should be discretized as t1,

t2, …, tN . Then, according to the discrete convolution for-

mula, Eq. (13) can be discretized as

Aðkx; ky; tnÞ ¼
Xn

i¼1

P1ðkx; ky; z1; tiÞBðkx; ky; tnþ1�iÞ;

n ¼ 1;…;N: (14)

For each ðkx; kyÞ in the wavenumber domain, Eq. (14) can

be written in a matrix form as

A ¼ BP1; (15)

where

A ¼ Aðkx; ky; t1Þ Aðkx; ky; t2Þ � � � Aðkx; ky; tNÞ½ �T ;
(16)

P1 ¼ P1ðkx; ky; z1; t1Þ P1ðkx; ky; z1; t2Þ � � �
�
P1ðkx; ky; z1; tNÞ

�T
; (17)

B ¼

Bðkx; ky; t1Þ 0 � � � 0

Bðkx; ky; t2Þ Bðkx; ky; t1Þ . .
. ..

.

..

. . .
. . .

.
0

Bðkx; ky; tNÞ � � � Bðkx; ky; t2Þ Bðkx; ky; t1Þ

2
66666664

3
77777775
: (18)

In Eq. (15), both A and B are known, and P1 is to be calcu-

lated. In practice, because the data in A are always contami-

nated by some errors, such as the measurement error and the

calculation error of the impulse response, coupled with the

ill-posed process of solving P1, these errors will lead to an

inappropriate solution in the inversion process. To obtain an

appropriate solution, the singular value decomposition

(SVD) and the standard Tikhonov regularization20 are used.
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Define the SVD of the matrix B as

B ¼ USVH; (19)

where U and V are the left and right unitary (orthonormal)

matrices, respectively, VH is the conjugate transpose of V,

and S is the diagonal matrix of singular values. By substitut-

ing Eq. (19) into Eq. (15) and solving the inverse of B, the

non-regularized solution of Eq. (15) is obtained by

P1 ¼ VS�1UHA ¼
XN

n¼1

uH
n A

sn
vn; (20)

where sn is the nth singular value of B. The regularization

acts as a filter on the singular values of B, yielding the regu-

larized solution

Pk
1 ¼

XN

n¼1

fn
uH

n A

sn
vn; (21)

where fn are the coefficients of the regularization filter. In

the case of standard Tikhonov regularization, the filter coef-

ficients fn are given by

fn ¼
s2

n

s2
n þ k2

; (22)

where k is the regularization parameter, selected by the

L-curve method.21

Once the regularized solution Pk
1 is obtained for each

wavenumber ðkx; kyÞ by Eq. (21), the sound pressure

p1ðx; y; z1; tÞ on measurement plane 1, generated by the pri-

mary source, can be separated in both time and space domains

by applying the inverse Fourier transform with respect to kx

and ky to Pk
1.

III. NUMERICAL SIMULATION

To investigate the performance of the method proposed,

a simulation study with two monopole sources is carried out.

The geometric description of sources and measurement planes

is shown in Fig. 2. Source 1 located at ð0:252 m; 0:324 m;
�0:15 mÞ is considered as the primary source that generates a

nonstationary signal with a linear frequency modulation in the

[200, 1800] Hz band and a Gaussian amplitude modulation.

Source 2 located at ð0:432 m; 0:324 m; 0:18 mÞ is considered

as the disturbing source that also generates a nonstationary

signal – Morlet wavelet defined by

sðtÞ ¼ cosð2pf0tÞe�t2=2; (23)

where f0 ¼ 800 Hz. Each measurement plane provides

19� 19 measurement points. In this simulation, the theoreti-

cal sound pressure at each measurement point is calculated

by using the following equation

pðR; tÞ ¼ sðt� R=cÞ
4pR

; (24)

where sðtÞ denotes the input signal, and R denotes the dis-

tance between the measurement point and the monopole

source. Considering that the Nyquist sampling rate requires

the spacing of measurement points to be less than half the

shortest wavelength of the signal generated by the primary

source (kmin corresponds to the maximum frequency 1800

Hz), the spacing of measurement points in both x and y direc-

tions is set to a ¼ 0:036 m < kmin=2 ¼ 0:096 m. Then the

size of the measurement plane, namely 0:648� 0:648 m2, is

large enough to almost cover the whole sound field and to

avoid the significant discontinuity at the measurement edge.

Measurement plane 1 is located at z1 ¼ 0 m, and measure-

ment plane 2 is located at z2 ¼ 0:03 m. The simulated signals

are sampled at a frequency fe ¼ 34 400 Hz providing 256

samples. Because the pressure signal generated by the dis-

turbing source on measurement plane 1 is to be removed

finally, it can be seen as the “noise,” while the pressure signal

generated by the primary source on measurement plane 1 is

seen as the signal of interest. The calculated mean signal-to-

noise ratio (SNR) on measurement plane 1 is 3.8 dB. In the

separation process, the Tikhonov regularization method is

used, and the regularization parameter values selected by the

L-curve method for each wavenumber ðkx; kyÞ are shown in

Fig. 3. Besides, to lessen the wrap-around errors due to the

use of discrete two-dimensional spatial Fourier transforms

FIG. 2. Geometric description of sources and measurement planes. Points A

and C, marked withþ , stand for the points facing the primary source and

the disturbing source, respectively. Points B and D, marked with *, stand for

the points not facing sources.

FIG. 3. Regularization parameter values selected by the L-curve method for

each wavenumber ðkx; kyÞ.
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associated with the finite size of the hologram, the 19� 19

pressure matrices on the measurement planes are extended to

37� 37 matrices by zero-padding.7

To assess the relevance of the proposed separation tech-

nique in the time domain, four space points on measurement

plane 1 are selected, and their positions are A (0.252 m,

0.324 m, 0 m), B (0.324 m, 0.324 m, 0 m), C (0.432 m,

0.324 m, 0 m), and D (0.540 m, 0.324 m, 0 m), respectively.

As shown in Fig. 2, points A and C are facing the primary

source and the disturbing source, respectively, point B is

located at the center of measurement plane 1, and point D is

close to the edge of measurement plane 1. The theoretical

pressure radiated by the primary source (line with circles)

and the theoretical pressure radiated by the disturbing source

(line with plus signs) at these four points are shown in

Fig. 4. Note that the strength ratios of these two pressures

are different at four space points; for example, the pressure

strength radiated by the primary source is larger than that

radiated by the disturbing source at point A but smaller at

point D. It is conceivable that this difference will lead to dif-

ferent qualities of separation results. The lines with solid

points in Fig. 4 denote the theoretical pressure including the

contributions of the primary source and the disturbing

source. The comparison results between lines with circles

and lines with solid points indicate that the pressure signals

radiated by the primary source are contaminated by the

“noise” radiated by the disturbing source. To remove the

influence of disturbing source and extract the pressure radi-

ated by the primary source, the separation technique pro-

posed is used. The calculated pressures (line with crosses)

FIG. 4. Comparison between the

time pressure signals on measure-

ment plane 1 in points A (a), B (b),

C (c), and D (d): The theoretical

pressure radiated by the primary

source (line with circles), the theo-

retical pressure radiated by the dis-

turbing source (line with plus signs),

the theoretical pressure including the

contributions of the primary source

and the disturbing source (line with

solid points), and the calculated

pressure using the separation tech-

nique (line with crosses).
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are shown in Fig. 4. Obviously, the calculated pressures

match well with the theoretical pressures radiated by the pri-

mary source at four points except that some slight residual

distortions appear at the ends of the separated pressure sig-

nals. In conclusion, the separation results demonstrate that

the method proposed can remove or highly reduce the radia-

tion contribution due to the disturbing source.

To comment more objectively on the separation results

in the time domain, two time indicators T1 and T2 are calcu-

lated for a point ðxi; yjÞ on measurement plane 1. They are

defined by

T1ðxi; yjÞ ¼
hpaðxi; yj; z1; tÞpcðxi; yj; z1; tÞitffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
hp2

aðxi; yj; z1; tÞithp2
cðxi; yj; z1; tÞit

p ; (25)

T2ðxi; yjÞ ¼
prms

a ðxi; yj; z1Þ � prms
c ðxi; yj; z1Þ

�� ��
prms

a ðxi; yj; z1Þ
; (26)

where prms
a ðxi; yj; z1Þ and prms

c ðxi; yj; z1Þ are the root mean

square pressure values given by

prms
a ðxi; yj; z1Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
hp2

aðxi; yj; z1; tÞit
q

; (27)

prms
c ðxi; yj; z1Þ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
hp2

cðxi; yj; z1; tÞit
q

: (28)

h it denotes the time averaged value. paðxi; yj; z1; tÞ is the the-

oretical time-dependent pressure, and pcðxi; yj; z1; tÞ is the

calculated time-dependent pressure using the separation

technique. T1 and T2 are sensitive to the phase difference

and magnitude difference between paðxi; yj; z1; tÞ and

pcðxi; yj; z1; tÞ, respectively. Phase accuracy gives T1 in the

neighborhood of 1, and magnitude accuracy gives T2 near 0.

The values of both indicators T1 and T2 are computed for

each measurement point. The map of indicator T1 with the

0.99 contour line is shown in Fig. 5(a), and the map of indi-

cator T2 with the 0.05 contour line is shown in Fig. 5(b).

From the indicator values shown in Fig. 5, it can be seen that

for most space points in the time domain, the pressure result-

ing from the separation technique matches very well the the-

oretical pressure, and a lower accuracy mainly appears near

the edge of measurement plane 1. The values of indicator T1

at marked points A(þ), B(*), C(þ), and D(*) are 0.997,

0.999, 0.999, and 0.986, respectively. The values of indicator

T2 at marked points A(þ), B(*), C(þ), and D(*) are 0.028,

0.003, 0.021, and 0.006, respectively.

Similarly, for highlighting the relevance of the proposed

separation technique in the space domain, two random time

instants (t1¼ 4.2 ms and t2¼ 5.0 ms) are chosen. Figures

6(a), 6(b), and 6(c) show the theoretical pressure pa radiated

by the primary source, the theoretical pressure pb including

the contributions of the primary source and the disturbing

source, and the calculated pressure pc resulting from the sep-

aration technique at t1¼ 4.2 ms, respectively. Figures 6(d),

6(e), and 6(f) show the same sound fields but at t2¼ 5.0 ms.

Obviously, the proposed separation technique demonstrates

its ability to eliminate the disturbance from source 2 in the

space domain.

To evaluate the quality of the separation results in the

space domain, a spatial error criteria is introduced and defined

by

Er
x;yðtnÞ ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
hðpcðx; y; tnÞ � paðx; y; tnÞÞ2is

q
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
hp2

aðx; y; tnÞis
p ; (29)

which corresponds to the relative error between the pressure

calculated using the separation technique pcðx; y; tnÞ and the

theoretical pressure paðx; y; tnÞ radiated from the primary

source at a given time tn, and h is denotes the spatial aver-

aged value. The time evolution of the relative error is shown

in Fig. 7, which illustrates that at most time instants the pres-

sure resulting from the separation technique is close to the

theoretical pressure field radiated by the primary source in

the space domain. High values of the relative spatial error

are obtained at the edges of the signal due to the fact that the

theoretical pressure field supplies the denominator of Eq.

(29) with very low values at these time instants. The values

of the relative error at t1¼ 4.2 ms and t2¼ 5.0 ms are 0.044

and 0.088, respectively.

FIG. 5. Spatial maps for the indicator T1 (a) with a

contour line at the value 0.99 and for the indicator

T2 (b) with a contour line at the value 0.05.
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IV. EXPERIMENT

To examine the feasibility of the proposed sound field

separation techniques, an experiment is carried out. The ex-

perimental setup is shown in Fig. 8.

Two loudspeakers are selected as the primary source

and the disturbing source, respectively. The signals gener-

ated by these two sources are very similar to those used in

the simulation case. These signals are also recorded at a sam-

pling frequency fe ¼ 34 400 Hz providing 256 samples.

In addition, the experiment provides the same locations

of sources and measurement planes as those in the simula-

tion case. A double-layer microphone array with an interval

of 0.03 m, shown in Fig. 8, is used to measure simultane-

ously the pressure fields on both measurement plane 1 and

measurement plane 2. Each layer provides 2� 4 micro-

phones equally spaced every 0.036 m. For each measure-

ment the array is moved, both sources are synchronized and

generated exactly the same signals to simulate the simultane-

ous sound field acquisition on a large area composed of

19� 19 measurement points providing an overall scan area

of 0:648 m� 0:648 m. The calculated mean SNR on mea-

surement plane 1 is 4.7 dB.

As in the simulation case, the same Tikhonov regulari-

zation method and zero-padding method are used in the sep-

aration process of experiment. Moreover, an exponential

filter2 with the optimal selected parameters kc ¼ 80 rad/m

and a ¼ 1:0 is employed in the experiment to further

improve the accuracy of separation results.

Four space points, with the same locations as those in

the simulation case, are selected to show the results in the

time domain from the separation technique. Figure 9 shows

the measured pressure radiated by the primary source (line

with circles), the measured pressure radiated by the disturb-

ing source (line with plus signs), the measured pressure

including the contributions of the primary source and the dis-

turbing source (line with solid points), and the calculated

pressure using the separation technique (line with crosses).

The comparison results between the lines with circles and

the lines with solid points indicate the measurements are

affected by the disturbing source in different degrees at four

points. The comparison results between the lines with circles

and the lines with crosses show that the calculated pressures

using the separation technique match well with the measured

pressures radiated by the primary source, which demonstrate

FIG. 8. (Color online) Experimental setup with two loudspeakers and a

double-layer microphone array.

FIG. 7. Time evolution of the relative error Er
x;y between the pressure calcu-

lated using the separation technique and the theoretical pressure radiated

from the primary source. The vertical lines indicate the chosen time instants

t1 ¼ 4.2 ms and t2 ¼ 5.0 ms.

FIG. 6. Simulated results: theoreti-

cal spatial pressure field pa radiated

by the primary source at t1¼ 4.2 ms

(a) and at t2 ¼ 5.0 ms (d), theoretical

spatial pressure field pb including

the contributions of the primary

source and the disturbing source at

t1 ¼ 4.2 ms (b) and at t2¼ 5.0 ms

(e), and spatial pressure field pc

resulting from the separation tech-

nique at t1 ¼ 4.2 ms (c) and at

t2 ¼ 5.0 ms (f). The left marked loca-

tion is facing the primary source and

the right marked location is facing

the disturbing source.
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FIG. 10. Spatial maps for the indicator T1 (a) with

a contour line at the value 0.9 and for the indicator

T2 (b) with a contour line at the value 0.2.

FIG. 9. Comparison between the

time pressure signals on measure-

ment plane 1 in points A (a), B (b),

C (c), and D (d): The measured pres-

sure radiated by the primary source

(line with circles), the measured

pressure radiated by the disturbing

source (line with plus signs), the

measured pressure including the

contributions of the primary source

and the disturbing source (line with

solid points), and the calculated

pressure using the separation tech-

nique (line with crosses).
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that the separation technique has a good ability of removing

the influence of the disturbing source in the time domain.

Indicators T1 and T2 are also computed for each location

facing the microphone positions from the measured pressure

pa radiated by the primary source and the calculated pressure

pc resulting from the separation technique. The map of indi-

cator T1 with the 0.9 contour line is shown in Fig. 10(a), and

the map of indicator T2 with the 0.2 contour line is shown in

Fig. 10(b). Figure 10 indicates that the separation works well

for most space points in the time domain even if the indica-

tor values are less accurate than those from the simulation

case. The values of indicator T1 at marked points A(þ),

B(*), C(þ), and D(*) are 0.993, 0.994, 0.971, and 0.955,

respectively. The values of indicator T2 at marked points

A(þ), B(*), C(þ), and D(*) are 0.061, 0.058, 0.003, and

0.230, respectively.

The separation results in the space domain are studied

for the two time instants selected in the simulation case

(t1¼ 4.2 ms and t2¼ 5.0 ms). Figures 11(a), 11(b), and 11(c)

show the measured pressure pa radiated by the primary

source, the measured pressure pb including the contributions

of the primary source and the disturbing source, and the cal-

culated pressure pc resulting from the separation technique

at t1¼ 4.2 ms, respectively. Figures 11(d), 11(e), and 11(f)

show the same sound fields but at t2¼ 5.0 ms. Obviously,

the proposed separation technique seems effective to sup-

press the sound radiated by the disturbing source in the space

domain.

The relative spatial error defined in Eq. (29) is calculated

for each time tn. Its time evolution is shown in Fig. 12, which

highlights a similar trend as that in Fig. 7 but with less accu-

rate values. The values of the relative error at t1¼ 4.2 ms and

t2¼ 5.0 ms are 0.247 and 0.305, respectively.

V. CONCLUSIONS

The existing sound field separation techniques can only

be used in the presence of stationary sound fields. In this pa-

per, a nonstationary sound field separation technique is pro-

posed. The method performs the separation in both time and

space domains. In the time domain, the signals generated by

the primary source are separated using a deconvolution

method. A simulation involving two monopoles driven by

nonstationary signals demonstrates that the method proposed

can well remove the influence of the disturbing source in

both time and space domains. The feasibility of the method

proposed is also investigated through an experiment with

two loudspeakers located on the two sides of measurement

planes. To comment more objectively the separation results,

some indicators are introduced to both time and space

domains. The computed values of these indicators demon-

strate the results obtained in the simulation case are satisfac-

tory, while the results obtained in the experimental case are

a little worse. Therefore the experiment has to be further

improved in the future by enhancing the experimental condi-

tions and investigating some parameters, such as the size of

the measurement plane, the distance between two measure-

ment planes, the spacing of measurement points, the SNR,

and the source locations, etc.

FIG. 12. Time evolution of the relative error Er
x;y between the pressure cal-

culated using the separation technique and the measured pressure radiated

from the primary source. The vertical lines indicate the chosen time instants

t1 ¼ 4.2 ms and t2 ¼ 5.0 ms.

FIG. 11. Experimental results:

measured spatial pressure field pa

radiated by the primary source at

t1 ¼ 4.2 ms (a) and at t2¼ 5.0 ms

(d), measured spatial pressure field

pb including the contributions of the

primary source and the disturbing

source at t1¼ 4.2 ms (b) and at

t2 ¼ 5.0 ms (e), and spatial pressure

field pc resulting from the separation

technique at t1 ¼ 4.2 ms (c) and at

t2 ¼ 5.0 ms (f). The left marked loca-

tion is facing the primary source and

the right marked location is facing

the disturbing source.
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