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ABSTRACT

This paper proposes a novel Active Noise Control (ANC)
framework that exploits time-domain underdetermined
multichannel inverse filters (TUMIF) with kernel-based
sound field interpolation to enhance the spatial coverage of
noise suppression. While TUMIF is effective in reducing
noise at the measured control points, its performance
degrades elsewhere, limiting its application in extended
spatial regions. To solve this problem, a kernel ridge
regression method is used to interpolate the Acoustic
Transfer Functions (ATFs) of the secondary loudspeakers
and the unmeasured control points, based on the Helmholtz
equation. The interpolated control points enable the creation
of extended quiet zones with a limited number of measured
control points. The simulation results showed that the
proposed approach achieved significant broadband noise
reduction in an extended control region.

Keywords: active noise control, sound field interpolation,
kernel method.

1. INTRODUCTION

Active Noise Control (ANC) is an effective technique for
reducing unwanted noise, especially in the low frequency
range, by generating anti-noise signals through secondary
loudspeakers [1]. Adaptive filtering techniques, such as the
widely used filtered-x least mean squares (FXLMS), handle
time-varying issues but suffer from increasing
computational complexity as the number of secondary
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loudspeakers and control points increases [1-2]. Moreover,
these approaches are constrained by the overdetermined
inverse filtering problem, which limits their achievable
noise reduction performance. To address this, time-domain
underdetermined multichannel inverse filtering (TUMIF) is
introduced [3].

A major limitation of traditional ANC systems is that noise
cancellation is confined to measured control points, with
performance deteriorating in between these locations [4].
Broader quiet zones can be achieved by increasing the
amount of measured control points. However, measuring a
large number of measured control points is often
impractical due to the time-consuming calibration process
and physical constraints in real-world environment [5]. To
overcome this challenge, the kernel ridge regression method
[6] is proposed to estimate the Acoustic Transfer Functions
(ATFs) at unmeasured locations, so-called interpolated
control points. These interpolated control points enable
broader noise suppression without requiring additional
physical sensors.

In this work, we propose a novel ANC framework that
integrates TUMIF with kernel interpolation to achieve
spatially extended noise control. This combination enhances
the noise suppression at interpolated control points while
maintaining the performance at measured control points.

2. RELATED WORK

Figure 1. Block diagram of a single-channel
feedforward ANC system.
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Single-channel feedforward ANC system can be seen as a
model-matching problem as illustrated in Fig. 1. Under the
assumption that both the secondary path g[n] and the

controller c[n] are FIR systems, their linear convolution
should match the primary path m[n] such that the residual
error signal e[n] tends to zero, with n denoting the discrete

time index. Let L , L , and L be the impulse response

length of, respectively, primary path, secondary path, and
controller, the matrix form of the linear convolution relation
is modeled as

Gec=-m (1
where
m =[m[0] ml[l] m[L, - 17 2
c=[c[0] ([I] drL -1 3)
[ g[0] 0 0 |
g1l g[0]
gll]
L -1 : 0
G- glL, —1] @
0 g[L —1] g[0]
0 -oogl
. 0 0 e g[L —1] |

Note that Lp=LS+LC—1 and G is a LPXLC

convolution matrix. The least square (LS) solution is
computed as:

¢,=-Gm=-(G'G) G'm 5)
The fact that Eqn. (1) is an overdetermined system
(L, > L) generally leads to a non-zero minimum residual

error. The TUMIF approach [3] has proven effective in
mitigating this problem by introducing additional secondary
loudspeakers.

3. PROPOSED METHOD

The proposed method is divided into two stages: calibration
stage and testing stage. At the calibration stage, the ATFs
between J microphones and K secondary loudspeakers

G, are measured. ATFs at interpolated control points G:

are estimated using kernel ridge regression based on the
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measured one and then inverse transformed into time-
domain impulse reponses (IRs). Both the interpolated and
measured IRs are fed onto TUMIF to compute the
coefficients of the controllers € . The microphones are
detached at the testing stage and the proposed ANC
framework suppresses unwanted noise in a widened region,
resulting in broader quiet zones.

3.1 Sensor interpolation using kernel method

Measured ATF
Sound source C
\\ D
D— Measured point Interpolated ATF ™~
Interpolated point

Figure 2. Block diagram of the sensor interpolation
problem.

As shown in Fig. 2, kernel interpolation is utilized to
estimate the ATFs in between measured control points, as
written as the following optimization problem:
.~ NV |-
nGlin J= Z‘/_:l ‘GF (r)-Gp(r)

2 ~ 2
+a|GFr

(©)

F
where Gr(r)) and Gp(r) are, respectively, the

interpolated and measured ATFs at position vector 1, of the

j microphone, « is the regularization parameter, and

; is the squared L,-norm within the Hilbert space €.

By deriving the reproducing kernel, the solution of Eqn. (6)
can be obtained as [6]

Gr(r)=x'(r)(K+al,)' G, @)
where
jo(k”rl_rl”z) jO(k”rl_rJ”z)

K= ®)

Jo(klle, = ll) i (el =x )

@ =[j Kle=xl.) S (ke-rl)] ©
are the Gram matrix and kernel function, respectively, in

which & is the wave number, I, denotes the JxJ
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identity matrix, r is position vector of the interpolated
control point, and Jo(®) = sin() / () denotes the zeroth-
order spherical Bessel function, also known as the sinc
function.

3.2 TUMIF

Let J, be the total number of both interpolated and

measured control points. The multichannel version of Eqn.
(1) can be formulated as

Gll GIK C1 —m1
: = (10)
G, G, |L% -m,
where k :
m, =[m[0] m/[l] m[L 11" (1)
¢, =[¢[0] c[1] clL -1 (12)
[ g,[0] 0
g,[1]
: 0
G,=|g,L -1 g,0] (13)
0 g,[1]
0 gL 1]

for j=1,2,...,J, and k =1,2,...,K .

An underdetermined system can be established if the
following requirement is satisfied:

LP:LS+LC—1<KLC (14)
or
L -1
L >— (15)
K -1

By satisfying Eqn. (15), exact solutions that result in zero
residual errors exist. It also follows that an infinite number
of exact solutions exists, providing additional freedom to
achieve other objectives [3]. The minimum-norm solution

can be wriitten as
¢, =-Gm=-G'(GG') m (16)

However, the Gram matrix G’ G may be ill-posed at some
frequencies, resulting in high gain controllers. This problem
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can be mitigated, at some cost in model fitting performance,
by using the TIKR approach [7]

~(6¢'G+4°1) G'm

where [ is the regularization parameter.

(17)

¢ TIKR —

4. SIMULATION

4.1 Simulation setup

A 4x4x3 m’ rectangular room is considered in this
simulation. Fig. 3(a) illustrates the location of primary
loudspeaker (grey circle), secondary loudspeakers (blue
circles), measured control points (red circles), and
interpolated control points (red crosses). As displayed in Fig.
3(b), the loudspeakers are located one meter above the
ground and another 30 cm higher for the microphones to
mimic laptop user behavior. The ATFs are generated by
using Image Source Method (ISM) [8] with a reverberation
time (T60) of 120 ms and white noise is used as the primary
noise.
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Figure 3. Loudspeakers and microphones placement
(a) x and y axes and (b) y and z axes.

The control points are numbered incrementally to the right
starting from the first red circle on the left. The kernel
interpolation parameter & and regularization parameter [

are set as, respectively, 10° and 10 . The Lp, L ,and L

are configured as, respectively, 1024, 512, and 1024.
In order to verify the performance, MSNR [9] is used as the
evaluation metric which is defined as
2
MSNR =101o 2 df[n]'
=0loe, S (18)
e,[n)

n=0
where d»/_[n] and ej[n] represent the primary noise signal

and and the error signal at the j-th control point. The larger
the MSNR, the better the noise control performance.
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4.2 Simulation results

Tab. 1 presents the MSNR values measured on each control
point, comparing the performance of the proposed method
with TUMIF. The combination of TUMIF and kernel
interpolation  achieves better performance at the
unmeasured control points while maintaining its
effectiveness at the measured control points. The power
spectrum density (PSD) is plotted in Fig. 4, demonstrating
that the proposed method controls noise more effectively
than TUMIF.

Table 1. Comparison of MSNR (dB).

Control points TUMIF Proposed method
Measured #1 28.88 31.12

Unmeasured #2 -27.72 8.49
Measured #3 27.63 26.68
Measured #4 28.15 27.32

Unmeasured #5 -22.5 422
Measured #6 29.43 30.52

Magnitude (dB)

——— unprocessed
TUMIF
TUMIF + kemel interpolation

0 1000 2000 3000 4000 5000 6000 7000  B00O
Frequency (Hz)

Figure 4. Power Spectrum Density (PSD) at
unmeasured control point #2.

5. CONCLUSIONS

This study explored the integration of TUMIF with kernel
interpolation to extend the quiet zone beyond measured
control points. While TUMIF effectively suppresses noise
at these points, its performance degrades at unmeasured
locations. Kernel ridge regression was employed to
interpolate  ATFs, enabling broader noise suppression
without additional physical microphones. Simulations
demonstrated significant noise reduction at both measured
and unmeasured control points for the proposed method,
leading to an extended quiet zone. Real-time validation will
be conducted in future work.
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