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Differential Error Feedback Active Noise Control
with the Auxiliary Filter based Mapping Method

Chuang Shi, Feiyu Du, Chunyu Liu, and Huiyong Li

Abstract—This letter proposes a differential error feedback
active noise control (FBANC) system in an open end duct to
mitigate interferences from its downstream. The interference
waves entering the duct cause disturbance to the conventional
FBANC controller and even result in divergence of the control
filter. This is due to the omni-directivity of the error microphone.
The differential microphone array (DMA) can be constructed in
a compact size using only one more omni-directional microphone.
The DMA forms a frequency-invariant beampattern that presents
configurable nulls. When the output of the DMA is used as
the error signal, the null can be designed to enhance the
robustness of the FBANC system against interferences. However,
this differential error signal is converted from the sound pressure
gradient instead of the sound pressure. The DMA’s location does
not precisely indicate the control point where optimum noise
reduction has been achieved. To solve this problem, an auxiliary
filter based mapping (AFMap) method is developed to map the
differential error signal to the location of an omni-directional
microphone in the DMA. Experiment results demonstrate that the
proposed differential error FBANC system is much less sensitive
to interferences than the conventional FBANC system, and the
AFMap method can ensure optimum noise reduction occurring
at the target control point.

Index Terms—Active noise control, differential microphone
array, auxiliary filter, internal model control

I. INTRODUCTION

THE goal of active noise control (ANC) is to reduce
undesirable noise by creating an anti-noise wave [1]–[3].

In order for the anti-noise wave to have the same amplitude
and opposite phase as the noise wave, ANC systems have
been developed with the feedforward, feedback, and hybrid
structures [4]–[6].

A feedforward ANC system consists of reference micro-
phones, secondary sources and error microphones. The ref-
erence microphones provide the reference signal that enables
the feedforward ANC system to control the broadband noise
[7]–[10]. In contrast, the feedback ANC (FBANC) system
consists of secondary sources and error microphones only. Its
reference signal is conventionally synthesized by the internal
model control (IMC) method [11], [12]. The FBANC system is
often deployed to control the narrowband noise, which exhibits
high auto-correlations with long lags [13], [14]. The hybrid
ANC system combines the feedforward and feedback ANC

This manuscript is jointly supported by the National Natural Science
Foundation of China and the Civil Aviation Administration of China (Joint
Grant No. U1933127).

The authors are with the School of Information and Communication
Engineering, University of Electronic Science and Technology of China,
Chengdu, China.

Corresponding author’s email: shichuang@uestc.edu.cn

LMS





Wave Superposition

+
+

− +

( )y n
W S

Ŝ
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Fig. 1. Block diagram of a conventional IMC-based single-channel FBANC
system.
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Fig. 2. FBANC system in a duct with a switch to illustrate the comparison
between the conventional error signal and the differential error signal.

structures, aiming at reducing the broadband and narrowband
noises at the same time [15], [16].

The FBANC system is preferable for its compact size.
Figure 1 shows a single-channel FBANC system. The coeffi-
cients of the control filter are adaptively updated to minimize
the square of the error signal by the filtered-x least mean
squares (FxLMS) algorithm [17]–[19]. Therefore, the error
microphone is necessarily placed at the target control point,
where optimum noise reduction should be achieved [20], [21].

Figure 2 illustrates the FBANC system implemented in an
open end duct. The single-channel FBANC system is adequate
to mitigate the noise coming from the upstream, if the noise
frequency is below the cut-off frequency of the duct [22].
When the interference waves, which may contain frequency
components higher than the cut-off frequency of the duct, enter
the duct from the open end, the auto-correlativity of the error
signal deteriorates. This can interrupt the conventional FBANC
controller, even resulting in the divergence of the control
filter. Hence, a directional error microphone that pinpoints the
upstream and suppresses interferences is highly desirable.

Among various techniques to extract directional sound of
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interest, the differential microphone array (DMA) is advan-
tageous in its frequency-invariant beampattern, and can be
constructed within a compact size using a minimum of 2
omni-directional microphones [23]–[29]. The DMA responds
to the acoustic spatial pressure difference between two closely-
spaced points in space, which measures the sound pressure
gradient instead of the sound pressure [30]–[32]. When the
output of the DMA is used as the error signal in the
FBANC system, the DMA’s location does not precisely in-
dicate the control point where optimum noise reduction has
been achieved.

To solve this problem, an auxiliary filter based mapping
method (AFMap) is developed. The auxiliary filter method
was originally proposed in the virtual sensing technique,
whereby noise reduction is equivalently achieved when the
error microphone cannot be permanently placed at the target
control point, but a monitoring microphone works non-stop
at a different location [33]–[40]. In contrast with the virtual
sensing technique, the differential error signal does not present
sound pressures of any microphones in the FBANC system.
The AFMap method proposed in this letter is dedicated
to allocating the control point at the location of an omni-
directional microphone in the DMA. Both the differential error
signal and the output of the omni-directional microphone are
available to the FBANC system. However, only the former is
configurable to be free from interferences.

The main contributions of this letter are summarized below:
1) a feedback structure using the output of a DMA as the
error signal is proposed to enhance the robustness of the
FBANC system against interferences; 2) the AFMap method
is developed to map the differential error signal to the precise
location of an omni-directional microphone in the DMA, in
order for the control point to be easily localized; 3) exper-
iments are carried out in an open end duct to demonstrate
the effectiveness of the proposed structure and the AFMap
method.

II. FEEDBACK ACTIVE NOISE CONTROL SYSTEM USING
THE DIFFERENTIAL MICROPHONE ARRAY

A. Conventional IMC-based FBANC system

In Fig.1, the input of the control filter x(n) is the estimate
of the disturbance signal d̂(n), i.e.

x(n) , d̂(n) = e(n)− ŝ(n) ∗ y(n), (1)

where e(n) is the error signal; ŝ(n) is the secondary
path model; ∗ denotes the convolution operation; y(n) =
[y(n), y(n− 1), . . . , y(n−N + 1)]T is the control signal vec-
tor, of which the dimension is denoted as N and the superscript
T denotes the transpose operator.

The output of the control filter is written as

y(n) = wT (n)x(n), (2)

where w(n) is the control filter and the reference signal vector
is formed as x(n) = [x(n), x(n− 1), . . . , x(n−N + 1)]T .

The control filter coefficients are adaptively updated by the
FxLMS algorithm as

w(n+ 1) = w(n)− µw [̂s(n) ∗ x(n)]e(n), (3)

where µw is the step size.

B. Differential error FBANC system

To construct the DMA, an additional omni-directional mi-
crophone (microphone 1) is placed closely in front of the
conventional error microphone (microphone 2) as shown in
Fig. 2. Both of them can conduct noise monitoring at the
same time. They receive the primary noise and the interference
with distinct time difference. Hence, the interference can
be suppressed by subtracting a properly delayed output of
microphone 2 from the output of microphone 1. The delay
is designed to compensate for the relative time delay between
the two microphones resultant from the propagation of the
interference. It is usually not a multiple of the sampling
interval because the spacing between the two microphones
is much smaller than the wavelength of the primary noise.
Hence, a fractional delay filter is adopted to implement this
delay [41].

After the differential operation, although the interference
is suppressed, the primary noise is high-pass filtered. An
integrator is needed to recover the spectrum of the primary
noise. The integrator is realized by an accumulator in the
digital domain when the noise frequency is relatively low. The
frequency response of the accumulator is written as

Hacc(e
jω) =

1

1− e−jω
≈ 1

jω
, (4)

where ω is the normalized frequency.
The measurement noises of the two microphones are un-

correlated. They are not affected by the differential operation.
The accumulator acts as a low-pass filter to them. Therefore, a
high-pass filter is inserted to improve the signal-to-noise ratio
(SNR) of the DMA. Since the performance of the FBANC
system is significantly influenced by the group delay in the
secondary path, it is suggested to carry out this high-pass filter
in an infinite impulse response (IIR) structure.

The beampattern of the DMA is given by

|B(θ)| =

∣∣∣∣∣1− ejΩ
δ
c (1+cos θ)

2Ω δ
c

∣∣∣∣∣ ≈ 1

2
(1 + cos θ), (5)

where θ is the azimuthal angle; Ω denotes the angular fre-
quency; c denotes the sound speed; and δ is the spacing
between the two microphones in the DMA.

It is noted in (5) that the DMA consisting of two omni-
directional microphones has a frequency-invariant cardioid
beampattern. When the DMA is used to provide the error
signal for the FBANC system, the null is configured to the
direction of the interference. By doing so, the FBANC system
improves its robustness against interferences. However, the
output of the DMA presents the sound pressure gradient
instead of the sound pressure. The DMA’s location does not
precisely indicate the control point where optimum noise
reduction has been achieved.

C. Auxiliary filter based mapping method

To solve this problem, the AFMap method is developed in
two stages, as shown in Fig. 3. S1 and S2 denote the transfer
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2Ŝ

W

ˆ
DMAS

H
( )hy n

( )he n

( )DMAe n

(a) Tuning stage

LMS







DMA

Wave Superposition

+
+

− +

++

ˆ ( )DMAd n ( )y n 2 ( )y n
2 ( )d n

2 ( )e n1( )e n

ˆ ( )DMAy n

2S

2Ŝ
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Fig. 3. Block diagram of the AFMap method.

functions from the secondary source to the two microphones in
the DMA, respectively. Ŝ2 denotes an estimate of S2. ŜDMA

denotes the estimated transfer function from the secondary
source to the output of the DMA. H denotes the transfer
function of the auxiliary filter. The AFMap method aims to
map the differential error signal to the location of microphone
2. As the secondary path model related to microphone 1 is not
required by the FBANC system, S1 is not explicitly illustrated
in Fig. 3.

In the tuning stage, the error signal ei(n) picked up by
microphone i in the DMA is expressed as

ei(n) = di(n) + y(n) ∗ si(n), i = 1, 2, (6)

where di(n) and si(n) are the disturbance signal and the
secondary path of microphone i, respectively.

The differential error signal, i.e. the output of the DMA, is
denoted as eDMA(n). The input of the control filter is hence
calculated as

x(n) , d̂DMA(n) = eDMA(n)− y(n) ∗ ŝDMA(n), (7)

where ŝDMA(n) is the differential secondary path model.
The coefficients of the control filter and the auxiliary filter

h(n) are updated by

w(n+ 1) = w(n)− µw [̂s2(n) ∗ x(n)]e2(n) (8)

and
h(n+ 1) = h(n)− µhx(n)eh(n), (9)

respectively. Furthermore, µh is the step size for the adaptation
of the auxiliary filter, and eh(n) is written as

eh(n) = eDMA(n) + h(n) ∗ x(n). (10)
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Fig. 4. Experiment setup and impulse responses of primary paths (P1 and
P2), secondary paths (S1 and S2) and interference paths (I1 and I2).

In the control stage, the coefficients of the auxiliary filter
have been well-trained. The coefficients of the control filter
are updated by

w(n+ 1) = w(n)− µw [̂sDMA(n) ∗ x(n)]eh(n). (11)

The AFMap method is analyzed in the z domain as follows.
In the tuning stage, the control filter converges to the optimal
solution Wo(z), which minimizes the power of the conven-
tional error signal e2(n). Hence, the control point is localized
at the location of microphone 2. Meanwhile, the auxiliary filter
H(z) converges to

H(z) = −[1 + ŜDMA(z)Wo(z)], (12)

in order to contain the information regarding the optimal
control filter. In the control stage, the z transform of eh(n)
is derived as

Eh(z) = D̂DMA(z)H(z) + EDMA(z)

≈ D̂DMA(z)ŜDMA(z)[W (z)−Wo(z)].
(13)

When the power of eh(n) is minimized, the control filter
converges to the optimal control filter that achieves optimum
noise reduction at the location of microphone 2 again.

III. EXPERIMENT RESULTS

Experiments are carried out in an open end rectangular
duct with three loudspeakers and two microphones. The first
loudspeaker is mounted at one end of the duct as the primary
source. The second loudspeaker is mounted at the side opening
of the duct as the secondary source. Two microphones are
placed near the open end of the duct. The third loudspeaker
is placed outside the duct as the interference source. The
experiment setup is shown in Fig. 4, where the impulse
responses of the primary, secondary and interference paths are
also plotted using a sampling rate of 32 kHz. The primary
and secondary paths have the length of 500 taps, while the
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Fig. 5. Group delays of four types of high-pass IIR filters.

TABLE I
PARAMETERS.

Primary noise 400 Hz to 500 Hz
Primary noise level 80 dB
Weak interference level 69 dB
Strong interference level 89 dB
µw 3e-2
µh 4.5e-3
Length of the control filter 400 Taps
Length of the auxiliary filter 500 Taps
Length of secondary path models 500 Taps
Background noise level 35 dB

interference paths have the length of 100 taps. The relative
time delay between the two microphones is estimated as 1.184
sampling intervals.

Four types of high-pass IIR filters, including the Butter-
worth, Elliptic, Chebyshev Type I and Type II, are designed
under the same specifications. The passband frequency is 100
Hz and the ripple in the passband is 1 dB. The stopband
frequency is 15 Hz and the attenuation in the stopband is 80
dB. The group delays of the four IIR filters are shown in Fig.
5, where the Chebyshev Type II filter exhibits the lowest group
delay in the frequency band of the primary noise. Therefore,
the Chebyshev Type II filter is adopted in the DMA processing.

The conventional and differential error FBANC systems are
compared in Fig. 6 with different interference levels. The
parameters used to achieve these results are listed in Table I.
The FBANC systems are turned on after 30 seconds. A speech
signal is used as the interference, lasting for 5 seconds. The
noise reduction is always evaluated at the location of micro-
phone 2, which is the error microphone of the conventional
FBANC system.

In Fig. 6 (a), the conventional FBANC system achieves the
highest noise reduction. When there is a weak interference in
Fig. 6 (b), the overshoot of the conventional FBANC system is
much higher than the differential error FBANC system. If the
interference is strengthened, the conventional FBANC system
may fail to work as a result of overflowing, as shown in Fig.
6 (c). The AFMap method demonstrates its effectiveness in
the differential error FBANC system as it improves the noise
reduction at the location of microphone 2. Figure 7 further
shows the spectrograms at the location of microphone 2 with
the presence of the strong interference. The differential error
FBANC system inherits the drawback of the first-order DMA,
where the low-frequency background noise is amplified. This
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Fig. 6. Noise reduction of the conventional and differential error feedback
ANC systems.
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Fig. 7. Spectrograms at the location of the microphone 2 with the presence
of the strong interference.

can be resolved by the fractional-order DMA in future [42].

IV. CONCLUSIONS

This letter proposes the differential error FBANC system
using the DMA to mitigate interferences that interrupt the
adaptation of the control filter in conventional FBANC sys-
tems. Because the location of the DMA cannot precisely
indicate the control point where optimum noise reduction has
been achieved, the AFMap method is developed to make
the control point readily localized at the location of an
omni-directional microphone in the DMA. Experiment results
validate the effectiveness of the proposed differential error
FBANC system with the AFMap method in an open end duct,
against interferences of different levels.
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