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ABSTRACT

A spatial active noise control (ANC) method based on the interpola-
tion of a sound field from reference microphone signals is proposed.
In most current spatial ANC methods, a sufficient number of error
microphones are required to reduce noise over the target region be-
cause the sound field is estimated from error microphone signals.
However, in practical applications, it is preferable that the number
of error microphones is as small as possible to keep a space in the
target region for ANC users. We propose to interpolate the sound
field using reference microphones, which are normally placed out-
side the target region, instead of the error microphones. We derive a
fixed filter for spatial noise reduction on the basis of the kernel ridge
regression for sound field interpolation. Furthermore, to compen-
sate for estimation errors, we combine the proposed fixed filter with
multichannel ANC based on a transition of the control filter using
the error microphone signals. Numerical experimental results indi-
cate that regional noise can be sufficiently reduced by the proposed
methods even when the number of error microphones is particularly
small.

Index Terms— spatial active noise control, kernel interpolation,
adaptive filtering algorithm, sound field control

1. INTRODUCTION

Active noise control (ANC) is used to reduce unwanted primary
noise by driving secondary sources (loudspeakers). In particular,
spatial ANC, which is a technique of suppressing noise in a spatial
target region, has attracted attention in recent years, owing to the re-
cent progress in sound field analysis and synthesis methods [1-6].
Although conventional multichannel ANC methods for minimizing
the power of error microphone signals [7, 8] can be applied to re-
gional noise reduction, there is no guarantee that the primary noise
is reduced in the region between the error microphone positions.
To achieve noise reduction over a spatial target region, several spa-
tial ANC methods have been proposed on the basis of the spheri-
cal/circular harmonic expansion [9—12] or kernel interpolation of the
sound field [13, 14]. In these methods, adaptive filtering algorithms
to minimize regional noise power are obtained on the basis of the
sound field estimated using error microphones. To fully capture the
sound field inside the target region, it is required to place a sufficient
number of error microphones inside or near the target region.
Considering practical spatial ANC applications, e.g., inside au-
tomobile cabins [15] and office rooms [16], ANC users normally
exist in the target region. Therefore, it will be difficult to place many
microphones inside or near the target region and it is preferable that
the number of error microphones is as small as possible to keep a
space for the users. Since most current spatial ANC methods are
based on the sound field estimated from error microphone signals,
they are not applicable to suppressing spatial noise sufficiently over

the target region when the number of error microphones is particu-
larly small.

We propose a spatial ANC method based on the sound field es-
timated using reference microphones, instead of error microphones.
In typical feedforward ANC systems, reference microphones are
placed outside the target region to capture the incoming primary
noise signals. By using a relatively large number of reference mi-
crophones, we can assume that the sound field produced by primary
noise sources, i.e., the primary noise field, can be estimated from
reference microphone signals. The error microphones are not used
to estimate the spatial sound field; thus a space for ANC users can
be saved by reducing the number of error microphones. A side
benefit of this setting is that effects from scattering waves produced
by obstacles in the target region can be alleviated because they will
be negligible at the reference microphone positions. Such an ANC
system will be easy to use because the system scale in the target
region is small.

We formulate the spatial ANC method with the above-described
concept based on the kernel ridge regression for sound field inter-
polation [6, 17]. A major advantage of the kernel ridge regression
against the spherical/cylindrical harmonic analysis is its applicabil-
ity to arbitrary microphone array geometry. Based on the estimated
sound field, we derive a fixed filter for minimizing the acoustic
potential energy in the target region. In addition, to compensate for
the estimation error using the error microphone signals, a normal-
ized least-mean-square (NLMS) algorithm for transitioning from
the fixed filter to the adaptive control filter for multichannel ANC is
derived. We evaluate the spatial noise reduction performance of the
proposed methods by numerical experiments in a two-dimensional
(2D) space including a scattering object. For simplicity, all the
formulations are derived in the frequency domain; however, time-
domain algorithms can be readily derived in a similar manner to our
previous work [14].

2. PROBLEM STATEMENT AND PRIOR WORKS
2.1. Problem statement

The objective of spatial ANC is to reduce the incoming primary
noise over  C RP, where D = 2 or 3, by driving multiple sec-
ondary sources. As shown in Fig. 1, error microphones are placed
inside €2 to capture the sound field, and secondary sources and ref-
erence microphones are placed outside 2. In particular, we here
assume that the number of error microphones is small whereas the
number of reference microphones is relatively large.

The numbers of error microphones, secondary sources, and ref-
erence microphones are denoted as M, L, and R, respectively. We
denote the driving signals of the secondary sources and the observed
signals of the reference and error microphones at the time frame
n and angular frequency w as yn(w) € CY, x,(w) € CF, and
e, (w) € CM, respectively. Hereafter, the argument w is omitted for
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Fig. 1: Schematic diagram of feedforward spatial ANC with small
number of error microphones.

notational simplicity. By denoting the primary noise source signals
at the error microphone positions as d,, (w) € C™, we can represent
the error microphone signals as

where G € CM*L consists of transfer functions from the secondary
sources to the error microphones. We assume that G is given by
measuring or modeling them in advance. The driving signals of the
secondary sources are obtained by filtering the reference microphone
signals with the control filter matrix W,, € CL*¥ as

Yn = Whxhy. 2)

For simplicity, we assume that the secondary source signals at the
reference microphone positions, i.e., acoustic feedback, are negligi-
ble. The effect of acoustic feedback can be mitigated by using di-
rectional loudspeakers [18] or by cancelling acoustic feedback using
the estimated acoustic feedback path [19].

2.2. Prior works on spatial ANC

When applying a conventional multichannel ANC method to the spa-
tial ANC, the cost function is defined as the expected value of the
power of the error microphone signals as

Je=E[|lenl3] . 3)

By replacing the expected value with the instantaneous value at the
time frame n, we can derive the NLMS algorithm for updating W,
to minimize Jo =~ ||ex||3 as

B
L Mn 8W,,’f
=W, — unG'ena!, )

Wn+1 = W7

lenll3

where (-)* and (-)" denote the complex conjugate and conjugate
transpose, respectively. Here, w, is the step size obtained as

Ho
Hn = 5 (5)
GG l2||@nll3 + €

where || - ||2 for matrices denotes the maximum singular value, po €
(0,2) is a normalized step-size parameter, and € > 0 is a regulariza-
tion parameter to avoid zero division. The initial control filter Wy, is
typically set to O.

Since the cost function defined in (3) evaluates the power of er-
ror microphone signals, the primary noise can be suppressed only
around the error microphone positions. In spatial ANC methods,

the cost function is typically defined as the acoustic potential energy
inside €2, represented as

Jee =E {/ e (r,n)[? d’r} , 6)
Q

where ue (-, 1) is the total sound field generated by the primary noise
and secondary sources at the time frame n. In the spatial ANC
methods, uc(r,n) (r € Q) and Jpg are typically estimated from
e,. However, when the number of error microphones is particularly
small, it is significantly difficult to estimate the sound field over the
target region. Therefore, the current spatial methods are not suitable
for this setting.

3. SPATIAL ANC METHOD BASED ON KERNEL
INTERPOLATION FROM REFERENCE MICROPHONE
SIGNALS

As discussed in Sect. 2.2, the current spatial ANC methods based on
kernel interpolation are not suitable when the number of error micro-
phones is particularly small because the sound field is interpolated
from the error microphone signals. The conventional multichannel
ANC method can be applied, but there is no guarantee that the pri-
mary noise is suppressed over the target region. We propose a spatial
ANC method on the basis of the primary noise field estimated using
reference microphones, instead of error microphones, by assuming
that the number of reference microphones is relatively large. By re-
ducing the number of error microphones, we can save a space for the
ANC users. We formulate the acoustic potential energy on the basis
of the kernel interpolation of the primary noise field from the refer-
ence microphone signals. Then, two algorithms are derived: a fixed
filter for minimizing the acoustic potential energy and an NLMS al-
gorithm for transitioning from the fixed filter to the control filter for
multichannel ANC.

3.1. Kernel interpolation of primary noise field from reference
microphones

First, we consider the interpolation of the primary noise field inside
) using kernel ridge regression. We here assume that an approx-
imate direction of a single primary noise source is given and de-
noted as 7). The primary noise field at the time frame n, denoted as
up(+,n), is estimated from the reference microphone signals as

up(r,n) = 2:(r) @ )

with the interpolation filter

zo(r) = [(K + Mg) Y]’

k(7). (8)
Here, K € C™ ¥ and k(r) € C? are the Gram matrix and the
vector consisting of the kernel function (-, -), respectively. We ap-
ply the kernel function with directional weighting [6, 20], which is
defined as

Jo (/G0 — Fria) Gom — kriz)) it D=2
Jo (\/(Jﬂn - leQ)T(jﬂT] - kT12)) itD =3 ’
©

k(r1,r2) =

where r12 = 11 — 72, k is the wave number, and Jy(-) and jo(+) are
the Oth-order Bessel and spherical Bessel functions of the first kind,
respectively. The scalar 5 > 0 is a weighting parameter for control-
ling the sharpness of weighting. Even when the primary noise source
direction is unknown, we can also apply the kernel function in (9) by



setting 3 to 0. Furthermore, when multiple primary noise sources ex-
ist, it is possible to define the kernel function by the weighted sum of
(9) with different 5 and 7 values, and optimize the parameters from
the measured signals [21].

3.2. Fixed filter based on kernel interpolation

In a manner similar to the primary noise field interpolation described
in Sect. 3.1, we estimate the sound field produced by the secondary
sources, i.e., secondary sound field, as

us(r,n) = Cy(r) Yn, (10)

where us(-,n) is the secondary sound field at the time frame n and
¢y(+) is the estimation filter. Although several approaches to derive
¢y(+) can be considered, we here assume that ¢y (+) is modeled by the
free-field Green’s function G (7, r") with the observation position
and the source position 7’ as

Cy(r) = [G(r,m) G(r,ro)]", (11)

where 7, is the Ith secondary source position. With this assumption,
we do not need to measure the secondary path. Furthermore, when
the transfer functions from secondary sources to multiple points in
Q are given, it is also possible to construct the interpolation filter
¢y () based on the kernel ridge regression [22], which can improve
the interpolation accuracy in a reverberant environment.

By adding the primary noise and secondary sound fields respec-
tively estimated using (7) and (10), we can estimate the total sound
field inside €2, ue (-, n), as

uG(T7 TL) = up(’m TL) + uS(T7 TL)
= 2:(r) @0 + &y (1) Ty (12)

The cost function for spatial ANC is the estimated acoustic potential
energy inside €2, which is defined in (6). By substituting (12) into
(6) and by replacing the expected value with the instantaneous value,
we can approximate Jpg as

JpEz/ [ue(r,n)? dr
Q

= y:Ayyyn + ysAywmn + m:Agxyn + m:Azzmm (13)

where Ay, € CE*E Ay, € CE*E and A,, € CT are inter-
polation matrices defined as

Ayy :/Cy("')*Cy("')Tdr (14)
Q

Ay = /Q Cy() za(r) " dr (15)

Aw:/zx(r)*zw(r)Tdr. (16)
Q

The gradient of Jpg with respect to the control filter is represented
as
0JprE
oW
When the matrix A, is invertible, we can derive the fixed control
filter Whixea that satisfies 8Jpr/0W,; = 0 for any reference mi-
crophone signals as

~ (AyyWy + Ay )znxh, 17

Wiixed = _A;;Ayx (18)
The matrices Ay, and A, respectively defined in (14) and (15)
can be calculated offline. Thus, Wiyeq can be obtained before ANC

processing. When the matrix A, is not invertible, we replace A;yl
in (18) with the pseudo-inverse of A,,.
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Fig. 2: Experimental setup. The orange circular area is the target
region, which excludes the area inside the rigid circular object (gray
circle).

3.3. NLMS algorithm for transitioning from fixed filter

The fixed filter derived in Sect. 3.2 can suffer from estimation er-
rors of the sound field because the number of reference microphones
is sometimes insufficient and such microphones are placed far from
the target region. Furthermore, the modeling error in the interpola-
tion filter for the secondary sound field, e.g., reverberation, can also
cause estimation errors. These errors degrade the noise reduction
performance of the fixed filter.

To compensate for the estimation error of the sound field, we
consider the cost function represented by the time-varying weighted
sum of Jpg and the power of the error microphone signals, Je, as

Jtrans,n = 77LJPE + Je (19)

with the forgetting factor v € (0,1). The initial control filter is set
to the fixed filter, i.e., Wo = Wiixea. By gradually reducing the
weight of Jpg in the cost function, we expect that the control filter
transitions from Wiixeq to that for multichannel ANC. By comput-
ing the gradient of Jirans,» With respect to the control filter, we can
derive the NLMS algorithm transitioning from the fixed filter as

0
Wn+1 = Wn - Hna—mjtrans,n
=W, — Mn [’Yn(Ayyyn + Ayan) + GHen] wH7 (20)

where the step size (., is obtained as

Lo
[ = . Q1)
T Ayyllz + [|GHG2]|@n3 + €

If ~ is set to 0, this algorithm is equivalent to the conventional mul-
tichannel ANC method with the initial value Wixeq.

4. EXPERIMENTS

We conducted numerical experiments under a 2D free-field condi-
tion to evaluate the two proposed methods: a fixed filter based on
kernel interpolation from reference microphones (Fixed-KIR) and
the NLMS algorithm for transitioning from the fixed filter (NLMS
w/ Fixed-KIR). For comparison, we also evaluated the perfor-
mance of the conventional NLMS algorithm for multichannel ANC
(NLMS).

The target region {2 was set to a circular region with a radius of
0.5 m, whose center was the coordinate origin. L secondary sources
and R reference microphones, where L = 12 and R = 6, were
placed on circles with radii of 1.0 m and 2.0 m, respectively. To al-
leviate the forbidden frequency problem [23], every reference micro-
phone was shifted 0.03 m or —0.03 m in a radial coordinate. M = 2
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Fig. 3: Regional noise power reduction at 400 Hz.

error microphones were placed at (0.3 m, 0.0 m), and a single pri-
mary noise source was at (—3.5m, 0.2m). In addition, as an ob-
stacle inside the target region, a rigid circular object with a radius
of 0.15m was placed at the coordinate origin. The overall settings
are shown in Fig. 2. The primary noise source and all the secondary
sources were assumed to be point sources. The noise signal is con-
stant in the frequency domain, and Gaussian noise was added to the
reference and error microphone signals at each iteration so that the
signal-to-noise ratio became 40 dB. In Fixed-KIR, the weighing
parameter (3 in the kernel function (9) used for primary noise field
interpolation was set to 6.0, and the direction 7 was set to the actual
primary noise source direction. The estimation vector ¢, (-) for es-
timating the secondary sound field was obtained using the 2D free-
field Green’s function. Under this setting, the interpolation matrix
A, was invertible for all the frequencies used in the experiments,
thus, the fixed filter in (18) could be calculated. In NLMS w/ Fixed-
KIR, we set the forgetting factor y to 0.9. The parameters po and €
in (5) and (21) were 0.1 and 1078, respectively.

As a performance measure, we define the regional noise power
reduction inside €2 as

3, ue(rs,n)f?

Fieal) = 1010810 3 Ty 0P
J )

(22)

where 7; is the jth evaluation point inside €2, and up (-, n) represents
the primary noise field at the time frame n. We set 556 evaluation
points inside €2, except for the area inside the rigid circular object.

Fig. 3 shows P,eq at each iteration when the noise frequency
was 400 Hz. The two proposed methods achieved a higher noise
reduction performance than NLMS. We can also see that the perfor-
mance of NLMS w/ Fixed-KIR was the same as that of Fixed-KIR
at the first iteration and became higher as the adaptation process
proceeded. Fig. 4 shows the power distribution achieved by each
method after 10000 iterations, normalized by the average power of
the primary noise field inside 2. Fig. 4a shows that the noise reduc-
tion by NLMS was limited to only around the error microphones.
In contrast, the noise power over {2 was reduced by the proposed
methods, as can be seen in Figs. 4b and 4c. In particular, NLMS w/
Fixed-KIR achieved a large noise reduction around the error micro-
phone positions while maintaining the noise reduction over §2.

We also varied the noise frequency from 100 Hz to 500 Hz at
10 Hz intervals. Fig. 5 shows P,eq after 10000 iterations at each
frequency. The performance of Fixed-KIR was comparable to that
of NLMS, but it was worse at some frequencies. This is due to
the estimation error of the sound field, probably caused by the dis-
tant location of the reference microphones from the target region
and scattering from the circular object in the target region. More-
over, NLMS w/ Fixed-KIR achieved the largest noise reduction at
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Fig. 5: Regional noise power reduction after 10000 iterations with
respect to frequency.

all frequencies, which confirms that transitioning from the fixed fil-
ter successfully compensated for the estimation error of the sound
field.

5. CONCLUSION

We proposed a spatial ANC method based on the kernel interpola-
tion of a sound field from reference microphone signals. Current
spatial ANC methods are based on the sound field inside the tar-
get region estimated from error microphone signals; however, these
methods are not suitable when the number of error microphones is
particularly small. In the proposed method, the primary noise field
is interpolated using reference microphones instead of error micro-
phones, assuming that the number of reference microphones is rela-
tively large. On the basis of the interpolated sound field, a fixed filter
minimizing the estimated acoustic potential energy in the target re-
gion is derived. Furthermore, to compensate for the estimation error
of the sound field, we also formulated an NLMS algorithm for transi-
tioning from the fixed filter to a control filter for multichannel ANC.
The effectiveness of the proposed methods when the number of error
microphones is small was validated by numerical experiments.
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