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Active noise control (ANC) is a promising technique to reduce unwanted acoustic noise, based on the 

superposition property of acoustic waves. When an anti-noise wave is elegantly generated to have the same 

amplitude and inverse phase of the noise wave, ANC can reduce the noise level at the desired location, where 

an error microphone is placed to monitor the error signal and make the whole system a closed-loop control 

problem. In the case when the error microphone cannot be placed at the desired noise reduction location, virtual 

sensing techniques are useful. In this paper, we examine a recently proposed virtual sensing technique in an 

experimental setup using the parametric array loudspeaker as the anti-noise source (also known as the secondary 

source). Experiment results show that improved noise reduction can be achieved at the virtual microphone 

location.  
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1. INTRODUCTION
In general, ANC systems are categorized into feedback control systems that deal with predica-

ble narrowband noise and feedforward control systems that utilize time-advanced information to
reduce broadband noise [1]–[3]. The optimum noise reduction performance is achieved at the error
microphone location. When the error microphone is unable to be placed at the desired location,
virtual sensing techniques are necessary to be carried out [4]–[8].

In this paper, we work on an experimental setup of the feedforward ANC system that uses a
parametric array loudspeaker as the secondary source. The parametric array loudspeaker is also
known as the ultrasonic loudspeaker that transmits a modulated ultrasonic wave to create an audio
beam by the nonlinearity of air [9], [10]. Using such a directional loudspeaker as the secondary
source in an ANC system has the advantage of minimizing the spillover effect [11]–[14]. A dummy
head is adopted to examine the noise reduction at the eardrum, which is also the targeted virtual
microphone location. The virtual sensing technique, previously proposed by the authors [7], is
examined in situations when the error microphone location is not ideal and the primary path is
changing.

2. Feedforward ANC system with the virtual sensing technique
A. Zone of quietness in the ANC system

The zone of quietness (ZoQ) is achieved in the vicinity of the error microphone in an ANC
system. While the noise control filter is being updated, the output of the error microphone is itera-
tively minimized in the least mean square sense. The size of the ZoQ is known to be approximated
by 1/10 of the wavelength of the noise wave around the error microphone in the single-channel
ANC system and relatively larger in the multi-channel ANC system [2], [15]. However, in some
practical cases, the error microphone has to be placed far away from the desired location. Hence,
minimizing the output of the error microphone cannot guarantee an adequate noise reduction at the
desired location. Consumer ANC systems, such as the noise canceling headphone, head-mounted
ANC system, and ANC headrest, aim to reduce the noise level at the eardrum of the listener. When
the wavelength of the noise wave is of a sufficient length, placing the error microphone at the
entrance of the ear canal is an acceptable solution. However, when the noise contains noticeable
power in the frequency range above 500 Hz, it is necessary to work out an ANC system with the
virtual sensing technique that can realize the noise reduction at the desired location without placing
the error microphone there.

B. The virtual sensing technique using an auxiliary filter

Figure 1 shows the block diagram of the feedforward ANC system with our proposed virtual
sensing technique, whereP (z) is the transfer function of the primary path from the reference
microphone to the error microphone;V (z) is the transfer function of the virtual primary path from
the reference microphone to the virtual microphone;S(z) is the transfer function of the secondary
path from the secondary source to the error microphone; andSv(z) is the transfer function of the
virtual secondary path from the secondary source to the virtual microphone. This ANC system
achieves the optimum noise reduction at the virtual microphone location through two stages of
implementation.
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Figure 1: Block diagram of the feedforward ANC system with the virtual sensing technique (ex-
tracted from [7]).

In the tuning stage, the output of the noise control filter is expressed as

Y (z) = W (z)X(z), (1)

whereW (z) is the noise control filter andX(z) is the reference signal. An auxiliary filterH(z) is
introduced, of which the output is expressed as

Yh(z) = H(z)X(z). (2)

The coefficients of the noise control filter and the auxiliary filter are updated by

w(n+ 1) = w(n) +
αc

βc + ∥r(n)∥2
r(n)ev(n) (3)

and
h(n+ 1) = h(n) +

αh

βh + ∥x(n)∥2
x(n)eh(n), (4)

wherethe filtered reference signal for the FXNLMS algorithm is calculated as

r(n) = ŝTv x(n); (5)

αc andαh are the step size parameters;βc andβh are the regularization parameters for the noise
control filter and the auxiliary filter, respectively.

The error signal at the virtual microphone location in the tuning stage is written as

Ev(z) = Dv(z)− Yv(z)

= [V (z)− Sv(z)W (z)]X(z). (6)

Hence, the power of the error signal is expressed as

E2
v(z) = [V 2(z)− 2V (z)Sv(z)W (z) + S2

v(z)W
2(z)]X2(z). (7)
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Thegradient of (7) with respect toW (z) yields

∂E2
v(z)

∂W (z)
= 2[Sv(z)W (z)− V (z)]Sv(z)X

2(z). (8)

Therefore, the optimum noise control filter converges to

W o(z) =
V (z)

Sv(z)
. (9)

At the same time, the error signal used to update the auxiliary filterH(z) contains the error
signal at the virtual microphone location and is expressed as

Eh(z) = Ep(z)− Yh(z)

= Dp(z)− Y ′(z)−H(z)X(z)

= P (z)X(z)− S(z)W (z)X(z)−H(z)X(z). (10)

Under the assumption that the time scale of convergence is much shorter than that of the environ-
mental change, substitutingW o(z) into (10), we obtain the quasi steady state equation as

Eh(z) = P (z)X(z)− S(z)V (z)X(z)

Sv(z)
−H(z)X(z). (11)

Thegradient of the error power with respect toH(z) are expressed as

∂E2
h(z)

∂H(z)
= 2

[
H(z)− P (z) +

S(z)V (z)

Sv(z)

]
X2(z). (12)

Therefore,the optimum auxiliary filter converges to

Ho(z) = P (z)− S(z)V (z)

Sv(z)
= P (z)− S(z)W o(z). (13)

It can be seen fromHo(z) that the auxiliary filter contains the information of the optimum noise
control filter at the virtual microphone location.

In the control stage, the error signal at the virtual microphone location is not available to update
the noise control filter because there is no physical microphone. The updating algorithm of the
noise control filter is thus modified based on Fig. 1(b) as

w(n+ 1) = w(n) +
αc

βc + ∥r(n)∥2
r(n)eh(n), (14)

wherethe estimate of the error signal at the virtual microphone location is calculated as

eh(n) = ep(n)−
K−1∑
i=0

h(i)x(n− i); (15)

K is the tap length of the auxiliary filter; andr(n) is still the filtered reference signal. Thez domain
expression of (15) is written as

Eh(z) =Ep(z)−H(z)X(z)

=[P (z)X(z)− S(z)W (z)X(z)]−
[
P (z)− S(z)V (z)

Sv(z)

]
X(z)

=

[
V (z)

Sv(z)
−W (z)

]
S(z)X(z). (16)
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Therefore,the optimum noise reduction is preserved at the virtual microphone location.
When the primary path and the virtual primary path are respectively changed by∆P (z) and

∆V (z), the error signal used for updating the noise control filterW (z) is expressed as

Eh(z) =Ep(z)−H(z)X(z)

= {[P (z) + ∆P (z)]X(z)− S(z)W (z)X(z)} −
[
P (z)− S(z)V (z)

Sv(z)

]
X(z)

=

[
∆P (z)

S(z)
+

V (z)

Sv(z)
−W (z)

]
S(z)X(z). (17)

Therefore,the noise control filter converges to

Wa(z) =
∆P (z)

S(z)
+

V (z)

Sv(z)
. (18)

However, the optimum noise control filter should be expressed as

W o
a (z) =

V (z) + ∆V (z)

Sv(z)
=

V (z)

Sv(z)
+

∆V (z)

Sv(z)
. (19)

Therefore,the condition to make sure the auxiliary filterH(z) to remain effective is written as

∆V (z)

Sv(z)
=

∆P (z)

S(z)
. (20)

Table 1: Experiment parameters.
Tap length of noise control filterW 400

Tap length of auxiliary filterH 400

Tap length of secondary path model 200

Update algorithm of noise control filterW NLMS

Update algorithm of auxiliary filterH NLMS

Step size parameterαc andαh 0.01

Regularization parameterβc andβh 1.0× 10−6

Sampling frequency 12000 Hz

Cut-off frequency of analog low-pass filter 2500 Hz

3. Noisereduction experiment
In this section, we examine the effectiveness of the feedforward ANC system with our proposed

virtual sensing technique by moving the error microphone and changing the primary path. The
fixed-coefficient implementation using an offline trained control filter is used as a benchmark. The
experiment parameters are listed in Table 1. The experiment setup is illustrated in Fig. 2. In Fig.
3, a piece of A4 or A2 paper is inserted at 25 cm in front of the primary noise source so that the
primary path can be distorted by a small amount. In Fig. 4, the error microphone is depicted
to move to 5 cm and 10 cm behind the ear of the dummy head. The secondary path and virtual
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Figure2: Experiment setup.

Figure3: A picture showing how the primary path is changed by inserting a piece of paper.

secondary path are offline identified in the tuning stage by a white noise excitation. The primary
source plays back another white noise at a sound pressure level of 70 dB calibrated at the virtual
microphone location.

Figure 5 shows the spectra of the error signal at the virtual microphone location when the error
microphone is placed next to the ear of the dummy head. In Fig. 5 (a), the noise reduction in the
band from 500 to 2500 Hz is improved by about 6 dB with the help of the virtual sensing technique.
As compared to Fig. 5(b), the ANC system with the virtual sensing technique achieves equivalence
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(a)5 cm (b) 10 cm

Figure 4: The placement of error microphone at (a) 5 cm and (b) 10 cm behind the ear of the
dummy head.
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Figure 5: Error spectra at the virtual microphone location when error microphone is placed next to
the ear of the dummy head.

noise reduction performance to the fixed-coefficient implementation of the optimum noise control
filter. Figure 6 shows the spectra of the error signal at the virtual microphone location when the
primary path is changed. It is shown in Fig. 6(a) that our proposed virtual sensing technique is
able to track the change of the primary path when the error microphone is placed near the opening
of the ear canal. In contrast, the fixed coefficient implementation cannot adapt to the change of the
primary path as shown in Fig. 6(b).

Figures 7 and 8 demonstrate different cases when both the primary path and secondary path
are changed. In Fig. 7, when the error microphone is moved 5 cm behind the ear of the dummy
head, the noise reduction performance in the band from 500 to 1250 Hz is easier to maintain as
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Figure 6: Error spectra at the virtual microphone location when the primary path is changed by
inserting a piece of A2 or A4 paper.
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Figure 7: Error spectra at the virtual microphone location when the error microphone is moved to
5 cm behind the ear of the dummy head and the primary path is changed by inserting a piece of A2
or A4 paper.

compared to the higher frequency band from 1250 to 2500 Hz. This is because inserting a piece of
paper affects the higher frequency response more than the lower frequency response. In Fig. 8, as
the error microphone is moved further apart from the opening of the ear canal, the noise reduction
performance is more degraded. Therefore, in order to cooperate with our proposed virtual sensing
technique, placing the error microphone near the opening of the ear canal is necessary.
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Figure 8: Error spectra at the virtual microphone location when the error microphone is moved to
10 cm behind the ear of the dummy head and the primary path is changed by inserting a piece of
A2 or A4 paper.

4. Conclusion
In this paper, the feedforward ANC system with our proposed virtual sensing technique is

examined when the primary path and secondary path are not static. The virtual sensing technique is
derived based on the introduction of an auxiliary filter. The auxiliary filter can be online identified
in the tuning stage. The converged auxiliary filter contains the information of the optimum noise
control filter. Therefore, in the control stage, although no physical microphone is placed, the
optimum noise reduction is still achieved at the virtual microphone location. The virtual sensing
technique is better at maintaining the noise reduction performance of the feedforward ANC system
when the error microphone can be placed near the opening of the ear canal. This experimental
observation will be analyzed more comprehensively in our future work.
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