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Featured Application: The algorithms proposed in this paper can be applied in directional ANC
where quiet zone is formed with small increase of sound power outside the quiet zone. Moreover,
the algorithms also can be applied in multi-zone ANC research.

Abstract: When active noise control (ANC) is applied to acquire a ‘quiet zone’, it may produce an
increase in the sound power outside the quiet zone and a change in the primary sound field, which
are undesirable in anti-detection and personal audio. To obtain a large noise reduction in the control
zone and a small increase of sound power outside the control zone, three wideband ANC algorithms
are proposed based on the acoustic contrast control (ACC), least-squares (LS), and least-squares with
acoustic contrast control (SFR-ACC) algorithms. With a loudspeaker array as the secondary source,
dual-zone ANC with directivity, which realizes noise reduction in one zone without changing the
sound power in the other zone, is achieved. Compared with the traditional LS algorithm, the three
algorithms proposed in this paper can not only realize that the sound power outside the control zone
is increased by less than 1 dB, but also reduce the noise in the control zone by more than 10 dB, which
provides a new solution to multi-zone ANC research.

Keywords: local active noise control; LS algorithm; ACC algorithm

1. Introduction

Active noise control (ANC) is widely used as it reduces noise at low frequencies. Global ANC can
achieve a larger-space noise reduction in the control zone [1–3], while local ANC can realize multi-zone
noise reduction [4–6]. However, under some special circumstances, such as anti-detection and noise
reduction between seats where the sound field is distributed over multiple zones, it is necessary to
decrease the increase of sound power outside the control zone when a large noise reduction is required
in the control zone to prevent the detection and disturbance of others. In other words, control with
directivity is needed. In addition, most of the existing control algorithms focus on how to maximize the
noise reduction in the control zone only, and neglect the increase of sound power outside the control
zone. Therefore, it is necessary to apply a new control algorithm to consider both of the two parts.

While there is scarce research in ANC, enormous effective algorithms are proposed to form a
directional output from a loudspeaker array for sound field reproduction [7–9]. Elliott et al. applied the
acoustic contrast control (ACC) [10] algorithm to an active headrest [11]. For active headrest systems,
the ACC algorithm eliminates the effect between the adjacent seats and increases the noise reduction in
the control zone by 20 dB. Liu et al. [12] used a constrained least-squares (CLS) algorithm to make the
output of the loudspeaker array directional, thereby, achieving directed noise reduction. In addition,
Liu [13] proposed a control strategy that combines an optimized loudspeaker array and zero pressure
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constrained points, in order to control the scattered sound field of a rigid sphere. This new control
algorithm has good reduction performance in the target areas and less amplification outside the target
zone. However, this new control algorithm is not a wideband. In addition, the least-squares approach
with acoustic contrast control constraint (SFR-ACC) [14] balancing the spatial average error and the
acoustic contrast has been used in personal audio system. However, this algorithm has never been
applied in ANC.

To verify the feasibility of the SFR-ACC algorithm in ANC and to realize multi-zone directional
ANC, three wideband ANC algorithms based on the ACC, CLS and SFR-ACC concepts are proposed
in this paper. Using a loudspeaker array, the three algorithms form directional outputs and realize
dual-zone ANC by reducing the noise in one zone, without changing the sound power in the other
zone. The three methods described in this paper utilize white noise to model a wideband transfer
function that reduces time and resource consumption and makes implementation easier. Compared
with the traditional LS algorithm in dual-zone ANC, the three algorithms proposed in this paper, not
only realize that the sound power in one zone is increased by less than 1 dB, but also reduce the noise
in the other zone by more than 10 dB. The remainder of this paper is organized as follows. In Section 2,
a brief overview of the dual-zone ANC, the mathematical formulation of the three algorithms, and the
criteria of the algorithm performance are outlined. The experimental results are provided in Section 3.
Finally, some conclusions are given in Section 4.

2. Dual-Zone Active Noise Control

The geometry of the dual-zone ANC system is shown in Figure 1. One zone is defined as the
control zone and the other zone is defined as the noncontrol zone. The control zone is the quiet
zone and the noncontrol zone’s sound power remains unchanged when ANC is on. Therefore, the
dual-zone ANC system in this paper is not aimed at realizing ANC in both zones but at realizing
a directional ANC. The primary source is located on the negative half of the y-axis. The secondary
source array consisting of Ns loudspeakers is evenly distributed on the x-axis. The control zone
and the noncontrol zone have Ne and Nc uniformly distributed microphones, respectively, and are
symmetrically distributed in the XOY plane. The distance between the primary source and the origin is
Lps. The length of the loudspeaker array is Ls with spacing dss. The distance between the center of the
control points and the origin is Rec, and the distance between the control points is de. The noncontrol
points are identical in configuration to the control points with symmetric coordinate points on the
y-axis. The control zone and the noncontrol zone are located in the −θ, and θ directions, respectively,
relative to the center.
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The block diagram of the dual-zone ANC system is shown in Figure 2. When the primary source
and the secondary source are working together, the broadband sound pressure at the control points
can be represented as,

Pet = Pep + Pes = Gpeqp + Gseqs (1)
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and the sound pressure at the noncontrol points can be written as,

Pct = Pcp + Pcs = Gpcqp + Gscqs (2)

where Pep and Pcp are the sound pressure of the control points and the noncontrol points produced
by the primary source, respectively. Pep is an Ne × L vector, and Pcp is an Nc × L vector, where L is the
number of frequencies. Pes and Pcs are the sound pressure of the control points and noncontrol points
produced by the secondary source, respectively. Pes is an Ne × L vector, and Pcs is an Nc × L vector. Gpe

and Gpc are the transfer functions between the primary source and the control points and noncontrol
points, respectively. Gpe is an (Ne × 1) × L matrix, and Gpc is an (Nc × 1) × L matrix. Gse and Gsc are
the transfer functions between the secondary source and the control points and noncontrol points,
respectively. Gse is an (Ne ×Ns) × L matrix, and Gsc is an (Nc ×Ns) × L matrix. In addition, qp and qs

are the strength of the primary source and the secondary source, respectively.
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The key concept of the dual-zone ANC is how to solve the strength of the secondary source.
There are two targets: One is to minimize the total energy in the control zone, corresponding to noise
reduction; the other is to minimize the input energy to the noncontrol zone produced by the secondary
sources, corresponding to forming directional outputs.

When the constraint LS algorithm is applied to dual-zone ANC, the total pressure of the control
zone can be represented as in (1). However, the total pressure of the noncontrol zone is expressed as,

Pct = Pcp + Pcs = Gpcqp (3)

where the response of the secondary loudspeaker array at the noncontrol zone is constrained to zero.
Therefore, the cost function of the dual-zone ANC can be written as,

JCLS =

([
Gse

Gsc

]
qs +

[
Gpe

0

]
qp

)H([
Gse

Gsc

]
qs +

[
Gpe

0

]
qp

)
(4)

Then, the least square solution to Equation (4) can be written as,

qs
CLS = −

[ Gse

Gsc

]H[
Gse

Gsc

]
+ λI


−1[

Gse

Gsc

]H[
Gpe

0

]
qp (5)

where I is an identity matrix and λ is the regularization parameter. Equation (5) is the secondary source
strength when the CLS algorithm is applied to dual-zone ANC.

The cost function of the ACC algorithm does not contribute to noise reduction when it is applied
to dual-zone ANC unless it is equalized [14,15]. The optimal strength of the secondary source when it
is applied in dual-zone ANC is given as,

qs
ACC =

abs
{
wopt

HGse
HPep

}
woptH(GseHGse)wopt

exp
(
j∠

{
wopt

HGse
HPep

})
wopt (6)
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where wopt equals the unit eigenvector, which corresponds to the largest eigenvalue of the matrix(
GH

scGsc + λI
)−1(

GH
seGse

)
. Additionally, abs{·} and ∠{·} represent the modulus, and argument of the

elements, respectively.
When SFR-ACC is applied to dual-zone ANC, the cost function can be rewritten as,

min‖Gseqs + Pep‖
2
2

s.t.10 log C ≥ 10 log Cst
(7)

where C denotes the acoustic contrast, which can be defined as the ratio of acoustic potential energy
between the control zone and the noncontrol zone. Cst is a constant that is smaller than Cmax, and Cmax

is the largest eigenvalue of the matrix
(
GH

scGsc + λI
)−1(

GH
seGse

)
. Because this function is a non-convex

problem, it has to be transferred into a convex problem [13] and then, can be solved by the CVX
package [16].

Once the strength of the secondary source is obtained by Equations (5)–(7), the filter coefficient qs
′

can be written as,
qs
′ =

qs
X

(8)

where X is the reference signal of L frequencies. Therefore, the wideband control filter coefficients of
the dual-zone ANC systems are obtained in Equation (8), based on different algorithms.

Unlike sound field reproduction, evaluating the performance of the three algorithms in dual-zone
ANC requires redefining new criteria. The first criterion refers to the noise reduction in the control
zone, which can be expressed as,

Re = 10 log

 ‖Pet‖
2
2

‖Pep‖
2
2

 (9)

and stands for the noise reduction performance of the secondary loudspeaker array in the control zone.
The second criterion refers to the increase of sound power in the noncontrol zone, which is

defined as,

Isp = abs

10 log

 ‖Pct‖
2
2

‖Pcp‖
2
2


 (10)

which is the abbreviation of the increase of sound power and stands for the energy change in the
sound field, produced by the primary source, due to the presence of the secondary loudspeaker array.
The smaller the value of Isp, the better the performance of the algorithm.

3. Experimental Results

The dual-zone ANC experiments are carried out in an anechoic chamber (Figure 3a).
The TMS320C6678 DSP is utilized as the controller and a feedforward control is realized. The secondary
loudspeaker array consists of eight speaker units spaced 0.12 m apart (Figure 3b). There are
11 microphones: a reference microphone, five control points and five noncontrol points. The spacing
between the control points and the noncontrol points is 0.08 m. The center of the secondary loudspeaker
array is taken as the origin. The distance between the center of the control points and the origin is
1.5 m. The noncontrol points have the same configuration as the control points. The control points and
noncontrol points are located in the −30◦ and 30◦ directions deviated from the center of the secondary
loudspeaker array, respectively. The primary source is placed 1.5 m from the origin. The sampling
frequency of the dual-zone ANC system is 8000 Hz. The loudspeakers are positioned on the same
horizontal plane.
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system; and (b) is the secondary loudspeaker array.

The transfer function between the secondary loudspeaker array and the control points and the
noncontrol points are initially measured with white noise. Then, a white noise signal is emitted
by the primary source, which can be obtained by the reference microphone as a reference signal X.
The algorithms proposed in this paper and the reference signal X are used to obtain the wideband
filter coefficient in the frequency domain. Then, the time domain filter coefficient can be acquired
by inverse Fourier transformation. The frequency range of interest is from 300 to 1200 Hz. The time
domain experimental results measured at discrete frequencies with 50 Hz spacing of the proposed
three algorithms are shown in Figure 4 when λ = 10−4.

Figure 4a,b shows that the algorithms proposed in this paper have a good wideband performance.
From 300 to 1200 Hz, the average noise reduction in the control point is more than 10 dB and the
average sound power increase is less than 1 dB. From Figure 4b, the increase of sound power of LS
algorithms is much larger than that of the algorithms proposed in this paper, which verifies that the
three wideband algorithms proposed in this paper can realize directional ANC, where the secondary
loudspeaker array processes only noise reduction in the control zone, without changing the initial
sound field of the noncontrol zone.Appl. Sci. 2020, 10, x FOR PEER REVIEW 6 of 8 
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Figure 4. The experimental results of the dual-zone ANC from 300 to 1200 Hz: (a) is the results of
reduction (Re) in the control zone; and (b) is the increase of sound power (Isp) in the noncontrol zone.

Although, the algorithm based on ACC has a smaller noise reduction in the control zone, it has
better directivity. Therefore, the increase of sound power in the noncontrol zone is the smallest of
the three proposed algorithms. The algorithm based on CLS has better noise reduction. At 900 Hz,
the noise reduction difference between LS and the CLS is small, which means that the constraint to
the LS does not affect the robustness of the LS algorithm. In addition, the experimental results of
the proposed algorithm, based on SFR-ACC, can also realize dual-zone ANC with directivity, which
verifies its feasibility in ANC systems. From the noise reduction curve in Figure 4a, the trend of the
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SFR-ACC algorithm is the same as the results of the LS algorithm. However, because this algorithm
combines the LS algorithm and the ACC algorithm, the robustness of SFR-ACC is determined by both
of them. Therefore, the noise reduction level is smaller than in the LS algorithm.

In addition, the small noise reduction at 300–400 Hz and 1100–1200 Hz is caused by data truncation
when the inverse Fourier transform is utilized. To avoid this phenomenon, the frequency range should
be expanded to ensure that the frequency of interest is within the measured frequency, when modeling
the transfer function and calculating the filter coefficients.

The theoretical results are the off-line simulation results based on measured data. Figure 5a,b
shows that the theoretical results are in good agreement with the experimental results. However, the
experimental noise reduction in the proposed SFR-ACC algorithm is smaller than the theoretical noise
reduction, for two reasons. On one hand, the robustness of this algorithm is determined by both the
ACC algorithm and the LS algorithm, which leads to sensitivity to environmental disturbances. On the
other hand, the consistency of the secondary loudspeaker array is poor.
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4. Conclusions and Discussion

To realize noise reduction in one zone without changing the sound pressure in the other zone, three
wideband ANC algorithms, based on the ACC, CLS, and SFR-ACC concepts are proposed in this paper.
With a loudspeaker array and the white noise modeling method, dual-zone ANC with directivity
is realized. Compared with the LS algorithm, the proposed three methods can reduce the noise in
the control zone, as well as reduce the increase of sound power in the noncontrol zone. From 300 to
1200 Hz, the noise reduction in the control zone is more than 10 dB, and the increase of sound power in
the noncontrol zone is less than 1 dB. Compared with the experimental results, the off-line simulation
results (theoretical results) have a good agreement, which verifies that the algorithms proposed in this
paper are effective and efficient. In addition, to acquire better noise reduction, the frequency range of
modeling and calculating filter coefficients should be much wider than the frequency of interest.

Considering the dual-zone ANC system proposed in this paper as one single unit, and assuming
that one control system consists of many units, an arbitrary quiet zone and noncontrol zone can be
obtained in space. Therefore, the distributed ANC can also be realized based on the algorithm and
the ANC system proposed in this paper. Moreover, to acquire a robust ANC system, the method
for choosing the regularization parameters is a valuable research issue which will be discussed in
future work.
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