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Abstract: This paper presents an attempt to reduce the computational complexity, while
achieving acceptable level of noise reduction in a multi-channel active noise control
(MCANC) system for mitigating noise passing through open windows. The reference
signals are sensed at the back of the secondary loudspeakers. The existing approach to
reduce the computational complexity has already used only one reference signal in each
feedforward channel. As the number of error microphones is also important to ensure global
noise reduction of the MCANC system for open windows, the main idea of this paper is to
preprocess the error signals so that the number of inputs to the controller is further reduced.
When the preprocessing is a simple summation, it is called the mixed-error approach. The
number of inputs related to the error signals is eventually reduced to 1 after the mixed-error
approach is applied. Simulation results demonstrate that the optimum control filters derived
under general conditions can lead to similar global noise reduction to those derived based
on the mixed-error approach. Experimental results confirm that in a 4-channel MCANC

system applied to a 0.2 m by 0.2 m open window, the performance of global noise reduction

is not compromised by the mixed-error approach.
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1. INTRODUCTION

Active noise control (ANC) techniques have been widely used in many noise mitigating
applications [1, 2], such as reducing tonal noise in an aircraft cabin [3], cancelling airflow
noise in a duct [4], treating engine noise in vehicles [S]. ANC techniques are favorable
when dealing with low-frequency noise, whereby passive noise control techniques may fail
to provide efficient noise reduction [6]. Most of the ANC applications focus on the local
cancellation of noise in a small region, exemplified by noise cancelling headphones. Within
one tenth of the noise wavelength from the error microphone location, a reduction of 10 dB
in the noise level is typically obtained [7]. However, there is a recent trend of extending the
control region to achieve global noise reduction by multi-channel active noise control
(MCANC) systems [8-13].

In previous studies, we have proposed the concept to achieve global noise reduction in
aroom by deploying an MCANC system at the opening window [14-17]. Each feedforward
channel of this MCANC system consists of a reference microphone and a secondary
loudspeaker, as depicted in Fig. 1. The reference microphones face outwards, while the
secondary loudspeakers face inwards. The feedforward channels are configured uniformly
in the middle of the open window. According to Ise’s boundary surface control principle,
the sound field in an enclosed space can be controlled by adjusting the sound pressure and
particle velocity on the surface of the space [18, 19]. Therefore, the MCANC system for
open windows is feasible to generate the anti-noise field with inverted phase of the noise

field, so that the noise level in the room is globally minimized.
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Fig. 1 MCANC system to mitigate noise passing through an open window: (a) illustration of wave

superposition; (b) block diagram of a single-channel feedforward ANC system.

There are several design parameters of the MCANC system for open windows. Firstly,
the size of the secondary loudspeaker may block natural ventilation. It also affects the lower
effective frequency bound of the system, as small-sized loudspeakers usually cannot
generate low-frequency sound at sufficiently high levels [17]. Secondly, the separation
between the secondary loudspeakers determines the spatial aliasing condition, which
provides the upper effective frequency bound of the system. Thirdly, the distance from the
reference microphone to the secondary loudspeaker limits the maximum processing time as
a result of the causality constraint of feedforward ANC systems, whereby the driving signal
of the secondary loudspeaker has to be generated before the actual noise wave reaches the
position of the secondary loudspeaker. On the other hand, a shorter distance from the
reference microphone to the secondary loudspeaker is more favorable to carry out the
decentralized MCANC algorithms that are much less complicated than the centralized

MCANC algorithm [15-17]. In those decentralized MCANC algorithms, the control signal



of each secondary loudspeaker is generated based on only one reference signal that is sensed
by the nearest reference microphone. This is also known as the collocated implementation.
When the distance from the reference microphone to the secondary loudspeaker is relatively
longer, the decentralized MCANC algorithms are less effective for the moving noise source
and multiple noise sources [14]. A compromise between the processing time and
performance of the decentralized MCANC algorithms is to adopt a high sampling frequency.
However, the high sampling frequency results in high computational complexity, due to the
fact that the filter tap length is increased to maintain the frequency resolution.

In this paper, we propose to use the mixed-error approach to reduce the computational
complexity, while achieving acceptable level of noise reduction in the MCANC system for
open windows. The mixed-error approach simplifies the MCANC system to parallel single-
channel feedforward ANC systems, whereby each single-channel feedforward ANC system
takes the summed output of an error microphone array as the error signal [20]. The mixed-
error approach has the merit of very low computational complexity as compared to the
complete implementation of the MCANC system. When the summation of the error
microphones’ outputs is carried out by an analog mixer, the number of analog-to-digital
convertors (ADCs) is also greatly reduced. There are previous works carrying out the
mixed-error approach in feedback ANC systems [21-23]. It is of interest to compare the
mixed-error approach with the mixed-reference approach, as in feedback ANC systems both
approaches are coupled. However, in the MCANC system for open windows, the collocated
implementation already uses only one reference signal in each channel. The mixed-
reference approach cannot further reduce the computational complexity in the collocated
implementation of the MCANC system. Furthermore, a weighted summation appears to be
a more generic theoretical framework for such mixed-error and mixed-reference approaches

[23], since the sensitivity of every microphone may not be exactly the same in practice.



2. MCANC ALGORITHMS

The MCANC system, shown in Fig. 2, includes / reference microphones, J secondary
loudspeakers, and K error microphones, which is also called the / xJ x K MCANC system.

The reference signal vector of the i-th reference microphone is denoted as
x,(n) = [x,(n),x,(n 1), x,(n=L+D]’, (1)
where L is the tap length for both the control filters and secondary path models. The control

filter that calculates the output of the j-th secondary loudspeaker based on the input from

the i-th reference microphone is denoted as
_ T
w () = W) (m), W) (), ) | )
The output of the j-th secondary loudspeaker is denoted as

¥, ) =[y,(0.9,(1=1. .y, (- L+D)] (3)

where
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Therefore, the error signal measured at the k-th error microphone is a summation of the

noise and anti-noise signals as
L T
ec(m)=d,(n)+ 2 sy, (n), (5)
Jj=1

where d, (n) is the noise signal received by the k-th error microphone. Moreover, the

secondary path from the j-th secondary loudspeaker to the k-th error microphone is denoted

as
s =[s(°) sD .. S(L_l)]T (6)
ki g 2 Sk oSk .

In order to update the control filters, the multi-channel FXLMS algorithm is adopted as



w(n+l)=w;(n)- ﬂZ[ek (mry;, (m)], (7)
where the filtered reference signal vector is written as

() =[ 1, ()1, (n =D, 1 (n =L+ 1) (®)
Each element in (8) is calculated by
rlg‘i(n) = 5;@&(")- )

Here, an estimate of the secondary path, assumed to be obtained offline, is written as

0) g "(L D
skj [skj s Sk st s S . (10)
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(c) Mixed-error implementation of FXLMS algorithm

Fig. 2 Block diagram of different implementations of the MCANC system.



The complete implementation of the MCANC system, illustrated in Fig. 2(a), is heavily
computationally complicated. There are /xJ control filters in total and each control filter
is updated by K error signals. It is noteworthy that the feedback path cancellation is not
included in the block diagram. The feedback path cancellation helps to improve the stability
of the MCANC system. However, the computational complexity of the multi-channel
feedback path cancellation can be overwhelming. Whether to implement the feedback path
cancellation is often decided by the characteristics of the feedback paths. In previous studies
[14-16], though being drawn in the block diagram, the feedback path cancellation is not
actually implemented. Therefore, this paper follows the practice to remove the feedback
path cancellation in the MCANC system for open windows.

The MCANC system for open windows usually uses the same number of reference
microphones and secondary loudspeakers, i.e. 7=.as shown in Fig. 2(b). As
aforementioned, the existing approach to reduce the computational complexity is to adopt
a simplification that the output of each secondary loudspeaker is calculated merely based
on the input from the nearest reference microphone, i.e.

¥,(n) = W (n)x, (n). (1)
Each pair of such secondary loudspeaker and reference microphone forms a collocated
feedforward channel. The trade-off of using the collocated channels is the reduced number
of effective reference signals, which in turn reduces the noise reduction performance when
there are many noise sources or the noise source is moving [17]. The coefficient updating

equation of the i-th channel is given by
K
w,(n+l)=w, (n)_/'lZ[ek (mr, (n)]. (12)
k=1

When the collocated implementation of the MCANC system is practically allowed, the
computational complexity is 1/M as much as that of the complete implementation. There

are only / control filters, but each of the control filter is still updated with K error signals.



To further reduce the computational complexity, the number of error microphones can
be saved by combining them into groups so that the controller only receives one input from
each group. In this paper, we refer to the summation of the outputs of all the error

microphones as the mixed-error signal, which is written as

€ (1) =2 € (1) = Z[dk(n) + Zsk,fy,-(n)} (13)

When the mixed-error signal is used to update the control filters, the computational
complexity is reduced by K times. The actual number of error microphones is unchanged to
keep the MCANC system reliable, as shown in Fig. 2(¢). When the summation is carried
out by an analog mixer, the number of ADCs is also reduced by K times, as only one ADC
is needed for sampling the mixed-error signal.

The coefficient updating equation of the i-th channel is now given by

w,(n+1)=w,(n)— e, (0, (n), (14)
where
s (1) = [ 1 (). 1 (= 1)1 (= L41) | (15)
and
e (1) = 8, %, (7). (16)
It is noteworthy that the mixed secondary path estimate §mix,i is measured from the i-th

secondary loudspeaker with respect to the mixed-error signal. Furthermore, the mixed-error
approach is not limited to the collocated implementation of the MCANC system. It is also
feasible to the complete implementation.
The optimum FxLMS control filters using the mixed-error approach satisfy
ae(,;”:‘vin) 26, (m %z fjn) {Z ((n )}{Z a;,;sj)} 0, (17)

whilst the normal optimum FxLMS control filters lead to



(18)
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Comparing (17) and (18), we could find mathematically that only when

[Zek( )}[Zaggf”)} Z{ e.(n )ae"(n)} (19)

i k=1 ij

i.e.

ifl%( 6e(n)} Z{ ()ae,;v( )} orm . o0
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the mixed-error approach can converge to the same optimum control filters as those of the
normal FXLMS algorithm. This could happen when the output of every error microphone is
almost identical, for example when the incidence angle of the noise wave is 0 degree [16].

Table I present the computational complexity of the complete, collocated, and mixed-
error implementations of the MCANC system. When [ =J =K and L =100 taps, Fig. 3
shows the number of multipliers used in different implementations with respect to the
number of channels. If the computational power of a controller is able to handle the
complete implementation of the 4-channel FXLMS algorithm with above settings, it is also
feasible to run the collocated implementation of the 8-channel FXLMS algorithm or even

up to the 48-channel FXLMS algorithm with the mixed-error approach.



Table I. Computational complexity of complete, collocated, mixed-error implementations of

the multi-channel FXLMS algorithm with no feedback path cancellation.

Generating Calculating Updating Total
secondary filtered-x control computational
signals signals filters cost
Complete
IxJxK WL, UKL, UK(L,+1) L[K(L+1)+(K+1)L, ]
Collocated
I(Ax)x K IL, IKL, ]K(Lw-l-l) [[K(LX +1)+(K+1)LW]
Mix-error
I(x1)x1,, IL, IL, I(L,+1) I[(L,+1)+2L, ]
8
10 T T
—4— Complete FXLMS
—&— Collocated FXLMS

—@— Mixed-error FXLMS

Number of multipliers

1 2 4 8 16 32 48
Number of channels

Fig. 3 Total number of multipliers in complete, collocated, mixed-error implementations of the
multi-channel FXLMS algorithm with no feedback path cancellation, where / = J = K and
L =100 taps are adopted.

3. SIMULATION RESULTS

To validate the noise reduction performance of different implementations of the
MCANC system for open windows, a simplified time domain simulation is configured in

three-dimensional free field. All the secondary loudspeakers and microphones are assumed

10



as point sources and omnidirectional sensors. The transfer function between any two points
is merely a function of the distance. Perfect secondary path estimates are also assumed, i.e.

Sy

=Ss,;. The primary noise is set as a plane wave, starting from the plane where the
reference microphones are distributed. Thus, perfect reference signals and feedback
cancellations are also implicitly assumed. The tap length of the control filters are set
sufficiently long to ensure optimum performance, as the computational time is not a concern
of the simulation.

The sampling frequency and the speed of sound in air are set as 48 kHz and 340.5 m/s,
respectively. The frequency band of the primary noise is limited from 0.5 to 2 kHz. The
reference microphones, secondary loudspeakers, and error microphones are configured as
2 by 2 square arrays. The spacing between the reference microphones, secondary
loudspeakers, and error microphones are all set to u = 0.1206 m, which equals to the
distance that a sound wave travels during the time duration of 17 samples. The distance
from the center of the reference microphones to the center of the secondary loudspeakers is
set as a = 0.05675m, which equals to the distance that a sound wave travels during the time
duration of 8 samples. The distance from the center of the secondary loudspeakers to the
center of the error microphones is set at b = lu, 2u, 5u, and 10u to examine the effect of the
error microphone position on the noise reduction performance. The incidence angle of the
primary noise is preliminarily fixed at 0 degree. This setting is chosen based on the
experimental observations in [14], suggesting that the control filters trained with the normal
incidence angle remain effectively for other incidence angles. The simulation results are
collected in a horizontal square of 5 m by 5 m. The geometry of the simulation setup is

drawn in Fig. 4.
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Fig. 4 Geometry of the simulation setup.

The power spectra at the error microphone are shown in Fig. 5. As the incidence angle
of the primary noise is 0 degree, the output of every error microphone is very similar. In
this case, the mixed-error implementation of the FXLMS algorithm can lead to almost
identical control filters as those of the collocated implementation. The slight difference in
the error spectra between the mixed-error and collocated implementations is likely to be

caused by the uncertain residual error of the adaptation process.

12



50 50

40 'ng f* !l !u iy d M 40 AL L LA L M}m
% 30 ‘ ,@ 30
3 My 2 |
2 20 i 2 20
S o éf’ 10 ‘

Py
Or«‘J 0
-10 -10 t
0 500 1000 1500 2000 2500 3000 0 500 1000 1500 2000 2500 3000
Frequency (Hz) Frequency (Hz)
—— ANC off — ANC off
— ANC on (Collocated FXLMS) — ANC on (Collocated FXLMS)
ANC on (Mixed-Error FXLMS with 4 Errors) — ANC on (Mixed-Error FXLMS with 4 Errors)
(a) Error microphone position of 1u (b) Error microphone position of 2u

50 50

40 J'v[” R | T |||%" 40 Jivm A LR A ‘|| I
,@ 30 ,@ 30
o ] 1
2 201 ¥ 2 20
2 27 A
2 2
S 10 ] = 10 ’v k[ 'l )

0 il 0 \/ I

-10 ‘ -10

500 1000 1500 2000 2500 3000 0 500 1000 1500 2000 2500 3000

Frequency (Hz) Frequency (Hz)
— ANC off — ANC off
ANC on (Collocated FXLMS) — ANC on (Collocated FXLMS)
— ANC on (Mixed-Error FXLMS with 4 Errors) — ANC on (Mixed-Error FXLMS with 4 Errors)
(c) Error microphone position of 5u (d) Error microphone position of 10u

Fig. 5 Power spectra at different error microphone positions.

The contour plots of the noise reduction are shown in Fig. 6. The noise reduction is
calculated as the averaged reduction across all the frequency bins within the frequency
range of the primary noise. Global noise reduction performance is mainly determined by
the position of the error microphone, rather than the algorithm’s implementation. This
indicates that the mixed-error approach can be useful in practice when the global noise

reduction is the objective and the computational complexity is the major concern.
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Fig. 6 Noise reduction contour plots of the collocated and mixed-error implementations of the 4-

channel FXLMS algorithm.
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4. EXPERIMENTAL RESULTS

The experimental setup is illustrated in Fig. 7. The primary noise, transmitted by an
enclosed loudspeaker, is a band-limited random noise from 0.4 to 1.6 kHz. This frequency
band is decided by the measured characteristics of the miniature loudspeakers used in the
experiment. The opening on the enclosure allows the primary noise to pass through and 4
secondary loudspeakers are distributed on the opening. The size of the opening is 0.2 m by
0.2 m. The spacing between the secondary loudspeakers is 0.1 m. Therefore, the upper
frequency bound is given by the Nyquist frequency at about 1.7 kHz. The reference
microphones are located inside the enclosure, with a distance of 0.12 m from the closest
secondary loudspeaker. The error microphones are placed outside the enclosure. The
distance from the center of the error microphones to the center of the open window is
manually moved from 0.1 m to 1 m. The numbers of error microphones are selected as 4
(No. 1 to No. 4) and 8 (No. 1 to No. 8). The noise reduction performance is measured under

different arrangements.
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Fig. 7 Experimental setup.

The controller is a Texas Instrument TMS320C6713 DSP Starter Kit running at 225 MHz
clock rate. The 16 bit ADCs and DACs are integrated on the HEG DSK6713 IF-A data
acquisition board, supporting up to 200 kHz sampling frequency. The actual sampling
frequency is set to 16 kHz and the cut-off frequency of anti-aliasing and reconstruction
filters is made to 8 kHz. The selection of a relatively high sampling frequency caters for
the short distance between the reference microphone and secondary loudspeaker in every
channel. Increasing the sampling frequency reduces the hardware latency and therefore
allows a reduced distance between the reference microphone and secondary loudspeaker in
the feedforward ANC system. The tap lengths of the control filters and secondary path

estimates are 100 taps for the collocated implementation, while the tap lengths of the control
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filterers are increased to 200 taps for the mixed-error implementation to fully utilize the
computational power of the controller. An analog mixer is used to sum the error signals to

reduce the number of ADCs. Both secondary paths and the mixed-error secondary path are

identified offline with a white noise excitation.
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Fig. 8 Noise reduction performance at the observation points when the error microphones are placed

on the 0-degree axis at a distance of (a) 0.1 m; (b) 0.2 m; (c) 0.5 m; (d) 1.0 m from the open window.
Figure 8 shows the noise reduction performance when the error microphones are placed

at different distances on the 0-degree axis. The collocated implementation can only be
carried out with 4 error microphones, but the mixed-error implementation is attempted with
4 and 8 error microphones. Both the collocated and mixed-error implementations are

measured after the sufficient convergence of the control filters. It is observed in Fig. 8 that
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using more error microphones with the mixed-error approach improves the noise reduction
performance on the 0-degree axis. When 8 error microphones are placed at a distance of 0.2

m from the open window, the mixed-error implementation achieves the best overall

performance.
15 15 : .

I Collocated FXLMS I Collocated FXLMS
I \iixcd-Error FXLMS (4 Errors) ] Mixed-Error FXLMS (4 Errors)
I Mixed-Error FXLMS (8 Errors) I \Miixed-Error FXLMS (8 Errors)

ol —~

2 )

210 Z 10t

g =

2 S

S 5

2 5

2 =]

] 51

~ ~

2 2

5 5 1 3 st i

z z

0.1 02 0.5 1 0.1

0.2 0.5 1
Monitoring Distance (m)

Monitoring Distance (m)

(a) Error microphone position of 0.1 m (b) Error microphone position of 0.2 m

15 T T
I Collocated FXLMS I Collocated FXLMS
I \iixed-Error FXLMS (4 Errors) I Mixed-Error FXLMS (4 Errors)
[ \iixcd-Error FXLMS (8 Errors) I Viixed-Error FXLMS (8 Errors)
—~ —~
) )
210 210
=] =]
2 S
o °
=1 =1
el el
O o
e~ -4
9 2
3 5 1 3 5 J
Z Z
0 0
0.1 0.2 0.5 1 0.1 0.2 0.5 1

Monitoring Distance (m) Monitoring Distance (m)

(c) Error microphone position of 0.5 m (d) Error microphone position of 1.0 m

Fig. 9 Noise reduction performance at the observation points when the error microphones are placed
on the 30-degree axis at a distance of (a) 0.1 m; (b) 0.2 m; (c) 0.5 m; (d) 1.0 m from the open
window.

Figure 9 shows the noise reduction performance when the error microphones are placed
at different distances on the 30-degree axis. The collocated implementation achieves

slightly better noise reduction performance than the mixed-error implementation. However,

placing the error microphones at a distance of 0.2 m from the open window can still provide
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the best overall performance. More results measured on the 45-degree and 60-degree axes
are listed in Table II. The mixed-error implementation with 8 error microphones placed at
a distance of 0.2 m from the open window is demonstrated to be the most efficient

combination.

Table IT Noise reduction performance at the observation points when the error microphones were
placed on the 45- and 60-degree axes at a distance of (a) 0.1 m; (b) 0.2 m; (c) 0.5 m; (d) 1.0 m from

the open window

Axial angle (degree) and Monitoring distance
Error microphone (m)
Implementation position from the 45 (degree) 60 (degree)
open window (m) 0.1 0.2 0.5 0.1 0.2 0.5

m (m m (m @m (m

0.1 11.86 352 907 72 655 527
Collocated FXLMS 0.2 10.16 8.68 7.66 557 64 311

0.5 764 805 286 2 518  -043

1 382 309 613 086 447 022

. 0.1 831 498 631 766 524 3.1
Mlxe?fgr‘;f)ri’)‘LMs 0.2 121 842 844 93 737 484
0.5 506 629 642 309 845 25

1 268 326 413 104 619 046

0.1 802 546 607 572 503 206

Mixed-error FXLMS 0.2 1281 846 865 854 742 425
(8 Errors) 0.5 50 561 54 396 524  3.66

1 302 342 503 101 781  0.89

Figure 10 shows the power spectra measured at the error microphone positions when
they are placed at a distance of 0.2 m from the open window. When 8 error microphones
are used in the mixed-error implementation, only the results of 4 error microphones (No. 1
to No. 4) are plotted. The collocated and mixed-error implementations are confirmed to
converge to similar residual noise levels. Figure 11 further shows the averaged power
spectra measured at the 4 error microphone positions when the error microphones are placed
at different distances. When the error microphones are placed at 0.1 m from the open
window, the mixed-error implementation may fail to reduce the frequency band from 1.2
kHz and above. This is because when the error microphones are sufficiently far from the
secondary loudspeakers, there is less difference between the mixed and individual
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secondary paths. Hence, the mixed secondary path can be approximately treated as the

estimates of the individual secondary paths. Similarly, when the error microphones are near

the secondary loudspeakers, higher frequency bands incur more discrepancies.
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Fig. 10 Power spectra measured at the error microphone positions when the error microphones are

placed at a distance of 0.2 m from the open window.
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Fig. 11 Averaged power spectra at four error microphone positions when the error microphones are

placed at a distance of (a) 0.1 m; (b) 0.2 m; (c) 0.5 m; (d) 1.0 m from the open window.

5. CONCLUSION

The experimental study of applying the mixed-error approach in an MCANC system for
open windows has been presented with a comparison of computational complexity among
the complete, collocated and mixed-error implementations. The mixed-error approach
possesses the merit of the lowest computational complexity. However, the optimum control
filters of the mixed-error implementation of the FXLMS algorithm have been theoretically
shown to be different from those of the complete and collocated implementation of the
FxLMS algorithm. Different control filters have been validated in the simulation and

experiment and led to similar global noise reduction performance in the MCANC system
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for open windows. In the experimental setup of a 0.2 m by 0.2 m open window, using 8
error microphones at a distance of 0.2 m can eventually lead to global noise reductions of
about 10 dB by the mixed-error implementation. The collocated implementation provides
similar global noise reductions at 4 to 8 times the computational cost of the mixed-error

implementation, given that there are 4 secondary loudspeakers and 4 to 8 error microphones.
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