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Active noise control (ANC) techniques are based on the emission of an antiphase signal in order to cancel
the noise produced by a primary source. ANC has been successfully applied especially for reducing noise
in confined environments, such as headphones and ducts. In this study, we present an application of ANC
concepts to the design of an anti-noise barrier for an outdoor environment and its experimental testing.
Even though passive techniques are effective in noise reduction at middle-high frequencies, they become
less efficient at low frequencies (below 300 Hz) due to the limited dimensions of commonly deployable
barriers. In this paper, we analyze the properties of a low-cost active noise system able to efficiently oper-
ate on stationary, almost pure-tone, low-frequency noise, such as that produced by electrical transform-
ers and reactors in power and transformation plants. A prototype has been implemented and on-the-field
experimental tests have been carried out. The results (confirmed also by numerical simulations) demon-
strate a remarkable efficiency in the far field, with a reduction up to 15 dB with respect to the absence of
the ANC system.

� 2016 Elsevier Ltd. All rights reserved.
1. Introduction

Active noise control (ANC) techniques [1–3] are nowadays
becoming more and more refined and have reached a high level
of maturity that allowed their integration into modern acoustic
devices, mainly targeted to hearing aids, headphones [4] and prop-
agation of noise in ducts [5]. In recent years, applications proposed
for an open field scenario (open spaces, ambient noise propagation
[6,7]) also appeared. This latter field poses the most challenging
problems, being subject to wind, rain, temperature gradients, ran-
domly moving sources with broadband emission spectrum, etc.

One of the most promising research topics explored in this field
in the last decade consists of the development of active noise barri-
ers (ANB) able to perform active control of the noise propagated in
the shadow zone through the diffraction over the barrier borders.
In ANB applications, the ANC techniques may be coupled with pas-
sive ones for the reduction of broadband noise. Passive methods,
based on noise absorbing and insulating materials, are effective in
the mid-high frequency range of the audible spectrum, whereas
their use at low frequencies (e.g., in the range 20–300 Hz) implies
the deployment of high dimension barriers, depending on the
wavelength to be canceled, which are unfeasible for economic and
environmental impact reasons. On the other side, ANC techniques
are able to implement a fairly good control of low-frequency noise
emissions.

In recent years, a certain number of promising studies appeared
in the literature, showing the feasibility of ANB solutions in the
open field [6–18]. The key issue in ANB design is the availability
of fast converging algorithms and filters in order to adapt to fast
changing scenarios, either due to the variability of the noise signal
to be canceled or to the environmental changes. Early theoretical
studies of actively controlled noise barriers were reported by
Omoto and Fujiwara [10] that studied the application of active
noise control - and achieved cancellation of sound pressure - at
the diffraction edge of the barrier. In the following decades, a rel-
evant number of papers explored ANB solutions and produced
important theoretical and experimental results. ANB prototypes
were reported by Ohnishi et al. [6,11], showing the feasibility of
a feedback active solution working with an artificial stationary
broadband source, with an additional noise attenuation of about
4–5 dB (with respect to the passive barrier) in a region up to
10 m behind the barrier. Many theoretical studies explored
advanced control methods [13,14] and refined the initially pro-
posed techniques. In [16], an analog circuit feedback control sys-
tem is used to deploy an active noise barrier, whereas in [17,18],
the advantages of directional secondary sources are investigated.

http://crossmark.crossref.org/dialog/?doi=10.1016/j.apacoust.2016.07.020&domain=pdf
http://dx.doi.org/10.1016/j.apacoust.2016.07.020
mailto:francesco.borchi@unifi.it
mailto:monica.carfagni@unifi.it
mailto:fabrizio.argenti@unifi.it
http://dx.doi.org/10.1016/j.apacoust.2016.07.020
http://www.sciencedirect.com/science/journal/0003682X
http://www.elsevier.com/locate/apacoust


126 F. Borchi et al. / Applied Acoustics 114 (2016) 125–135
Recently, the feasibility of an ANB solution with reductions of up to
10 dB in a controlled environment (anechoic room) has been
demonstrated [7]. These results are promising if compared to the
performance of passive anti-diffractive devices – usually placed
on the top of the barrier - that allow an additional noise attenua-
tion of only 1–2 dB with respect to a regular barrier to be achieved
[19].

As to the features of possible noise sources in industrial contexts,
there are plants and devices that produce almost-stationary low-
frequency noise: one example is the case of electrical transformers
and reactors in power generation and transformation plants. Even
though such stations were originally built outside urban areas, as
a consequence of urban expansion often they are now surrounded
by residential buildings and the problem of noise reduction is rele-
vant for people living in their neighborhood. Abating such type of
noise by using only passive barriers, however, may be difficult. In
the context of possible solutions for smart cities development, we
present in this paper a technologically advanced ANB system aim-
ing at reducing noise in the urban surroundings of power plants.
The proposed solution uses the walls around the transformers of
the power plant that are mandatorily deployed for safety reasons
against accidental flames and fires. The dimensions of the walls,
however, are not sufficient to cancel noise at low-frequencies. In
this paper, we present the design of an ANC system for cancelling
low-frequency stationary noise. The system uses the filtered-x least
mean square (Fx-LMS) algorithm [1] to create the anti-noise signal
that cancels out the primary source of noise. A testbed of the sys-
tem, working in real-time, has been implemented and several
experimental measurements to assess its performance have been
performed. The results show that additional noise reduction (with
respect to the absence of the ANC system) of more than 10 dB are
achievable in the far field. The experimental results have been con-
firmed by computer simulations by using a finite element methods
(FEM) software. Such simulations may also be useful to predict the
system behavior in more general settings that were not covered by
the experimental ones (an example is shown at the end of the
paper).

The paper is organized as follows. In Section 2, the principle at
the basis of the proposed ANC system is described. In Section 3, the
control algorithm implemented in the prototype is presented. In
Section 4, some computer simulations obtained by using a FEM
software and aiming at investigating the influence of some geo-
metrical parameters of the proposed system are shown. In Sec-
tion 5, experimental results demonstrating the amount of noise
attenuation experienced when the proposed ANC system is
deployed are presented; some computer simulation results, to con-
firm the experimental ones, are shown as well. Some concluding
remarks are given in Section 6.
Fig. 1. A barrier divides the acoustic space into an ‘‘illuminated area”, where the
noise source have a direct acoustic path to a listener L, and a ‘‘shadow area”, where
noise is propagated through diffraction from the barrier border. The distance
between the noise source P and the barrier edge and between the barrier edge and
the listener L are denoted as r1 and r2, respectively, whereas rd denotes the distance
between P and L.
2. Active noise control on a passive barrier

Noise control techniques, either active or passive, aim at mini-
mizing the undesired noise, emitted from one or more primary
sources, in a specific area of interest. The obvious solution is to
act right at the primary noise sources, by developing more
advanced devices (e.g., silent devices) or by enclosing them into
a soundproof casing. This latter solution is often unfeasible due
to physical constraints (e.g., heat dissipation), so that noise barriers
became the main practical solutions applicable in the open field.

Noise barriers operate on the physical principle of diffraction
that affects wave propagation through obstacle edges. Diffraction
can be observed only if the relevant physical dimensions of the
obstacle are at least comparable with that of the incident wave-
length k [20,21]. In the case of a barrier having height h, the
requirement in order to have diffraction is h > kmax, where kmax is
the largest wavelength present in the noise spectrum to be can-
celed. If the above condition is valid, the original noise signal is
propagated in the shadow zone produced by the barrier mainly
by diffraction (neglecting sound transmission through the barrier).
The listener in the shadow zone is affected by ‘‘virtual” linear
sources, generically denoted as Pdiff, located over the barrier bor-
ders where diffraction takes place (see Fig. 1). An analytical model
for Pdiff is given by MacDonald [22,23] and it can be considered as a
valid approximation if both source and listener are at a distance d
much greater than kmax from the border.

Since propagation analytical methods are quite complex, a gen-
eral and practical technique for calculating the dimensions of a
noise barrier can be retrieved from ISO 9613-2 (1996). This stan-
dard provides equations that allow the physical dimensions of a
barrier to be correctly designed given the desired level of noise
reduction at a specified position. In the case of a simple barrier
with only one diffraction border the noise reduction Db introduced
by the barrier for each octave band of center wavelength k, in the
simplified version proposed in [24,25], is given by

Db ¼ 10 log 3þ 20
k
z

� �
dB ð1Þ

where z = r1 + r2 � rd is the difference between the length of the
indirect path (r1 + r2) and of the direct propagation path (rd), as
indicated in Fig. 1. In order to have a high efficiency, relevant z
values - with respect to the wavelength - are necessary. This may
be a critical point when low-frequency components dominate the
noise spectrum and an arbitrarily high barrier cannot be deployed.

In order to combat noise in the shadow area and design a noise
barrier working in the open field, ANC techniques can be thought
as a valid solution - in combination with and complementary to
passive ones – to obtain additional noise reduction mainly at low
frequencies. In this specific case, we have the possibility to place
the active control sources exactly on the border of the barrier,
where also the virtual diffraction noise sources are localized. ANC
systems work by emitting an antiphase signal that cancels out
the undesired noise at specific points in space. In the case of a bar-
rier with negligible noise transmission through the barrier, the lis-
tener in the shadow zone is affected only by the ‘‘virtual”
diffraction source Pdiff. By placing the ANC system right on the bor-
der of the barrier, since both control sources and ‘‘virtual” diffrac-
tion noise sources are spatially coincident, one can expect to
completely control the propagation of noise in the whole shadow
zone protected by the barrier, independently of the distance of
the listener, obtaining a relevant noise reduction also in the far
field.



Fig. 3. Fx-LMS scheme. P and G denote the primary and secondary paths; bG is an
estimation of G; W indicates the set of adaptive filters whose updating is ruled by
the LMS algorithm.
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3. Control algorithm and prototype setup

In this work, we focused on the specific case of sources produc-
ing low-frequency noise, with approximately constant amplitude
and with a principal component localized at 100 Hz, while the
other components are negligible. This is the model of the noise pro-
duced by transformers and reactors in power and transformation
plants, which stimulated this study. At these frequencies, a passive
barrier should be extremely high: such a solution is deemed to be
unfeasible for both economic and environmental impact reasons.
On the other hand, walls are mandatorily built for safety reasons
against accidental fires and flames propagation. Such walls are
not sufficiently high to provide noise reduction for low-frequency
noise, but they can represent the structure for supporting our
ANC system.

The control algorithm that has been implemented is the multi-
channel adaptive filtered-x least mean square (Fx-LMS) [1,2],
which is widely used for feed-forward ANC setups in many appli-
cations and shows a good performance for narrow-band low-
frequency (<300 Hz) noise signals. Several versions of the Fx-LMS
algorithm are available in the literature, e.g., the leaky Fx-LMS
[26], that can be used to cope with numeric errors in finite-
precision implementations, overloading of the secondary sources,
and stability problems of the control loop. Stability problems
may also arise due to the feedback from the secondary sources to
the reference sensors. In this case, the feedback should be compen-
sated in the controller [15]. Solutions for feedback neutralization
based on feedback channel estimation are also discussed in [1].
In our experimental tests, employing the classical multichannel
Fx-LMS algorithm, no stability problems were experienced. In the
following, the Fx-LMS algorithm is summarized [3], with reference
to Fig. 2 for the testbed layout and to Fig. 3 for the variables
description.

Let NR, NC and NE denote the number of reference microphones,
number of control (or secondary) sources and number of error
microphones, in that order. A set of NRxNC FIR adaptive filters,
whose length is fixed and equal to J, are updated according to an
LMS error criterion. Each filter is driven by a reference signal and
controls a secondary source. The signal driving a single secondary
source is obtained as

uc½n� ¼
XNr

r¼1

wT
cr ½n�xr½n� ð2Þ

for c = 1, 2, . . ., Nc, where wcr[n] = [wcr,0[n] wcr,1[n] . . . wcr,J�1[n]]T

denotes the impulse response at time n of the filter driven by the
rth reference signal and controlling the cth secondary source;
xr[n] = [xr[n] xr[n�1] . . . xr[n�J + 1]]T collects the last J samples of
the rth reference signal. There are NCxNE secondary paths from
the NC secondary sources to the NE error microphones: let Gce(z),
Fig. 2. Testbed layout.
c = 1, 2, . . ., Nc, e = 1, 2, . . ., NE, denote the relative transfer functions

and bGceðzÞ an estimation of these functions. Then, the updating rule
according to the multi-channel Fx-LMS algorithm is given by

wcr ½nþ 1� ¼ wcr½n� þ l
XNE

e¼1

x0rce½n�ee½n� ð3Þ

where

x0rce½n� ¼ ĝce½n� � xr ½n� ð4Þ

with ĝce½n� denoting the estimated secondary path impulse
response, ee½n�, e = 1, 2, . . ., NE, the error signals, and ⁄ the convolu-
tion of two sequences. In Eq. (3), l represents an adaptation step,
which is a critical parameter for convergence speed and accuracy.
Even though this value can be chosen adaptively [27,28], experi-
mental results have shown that a constant l is sufficiently adequate
for our goals.

The multi-channel Fx-LMS algorithm has been described in a
general setting, with an arbitrary number of reference micro-
phones, secondary sources and error microphones. In the actual
implementation of our prototype, we used a number of error
microphones equal to the number of control sources, i.e., NE = NC.
Each error microphone was placed in front of the cone of one con-
trol source and in close proximity to the diffraction border of the
barrier. The number of reference microphones was also chosen
equal to the number of control sources, i.e., NR = NC. Each reference
microphone was placed between the primary and one of the sec-
ondary sources (see Fig. 2), in proximity of the latter. Thus, from
a physical standpoint, a reference and an error microphone are
structurally coupled to a single secondary source; from an algorith-
mic standpoint, however, the whole set of error signals contributes
to updating all adaptive filters coefficients, as ruled by (3), whereas
the whole set of reference signals contributes to build all the con-
trol signals, as specified in (2). The secondary sources are placed at
a distance dL by each other, with dL < k/2 [10], in order to produce
an efficient noise cancellation. The control apparatus was placed
on the illuminated side of the barrier, where the noise source is
located, at a distance from the primary source greater than the
noise wavelength k.

The details of the prototype configuration and the instrumenta-
tion used for its implementation are given in Section 5.
4. Analysis of secondary sources geometrical configuration by
means of FEM simulations

Before proceeding with on-the-field experiments, some
simulations were performed in order to analyze the geometrical
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configuration of the secondary sources. The FEM software Comsol
Multiphysics was used.

A simplified scenario was simulated, in which a single border of
a barrier is covered by the ANC system. The ANC system is com-
posed by an array of secondary sources and an array of error micro-
phones, the latter placed on the barrier edge. We assumed that the
number of error microphones was equal to the number of control
Fig. 4. Simplified scenario used in numerical simulations with Comsol Multiphysics. Posi
arrays that were tested.

Fig. 5. Definition of the volumes used to evaluate average sound pressure level. The wh
averages calculation in order to remove near-field effects.
sources and that each error microphone was placed in front of a
control source at a given distance. A single primary point source
is located on the same side of the ANC system. Details can be seen
in Fig. 4 (top left). The simulations space is a quadrant of a cylinder
of radius 16 m and height 10 m. The barrier is 10 m high and 7.5 m
wide. The ground is perfectly reflecting, while all other boundaries
are assumed as acoustically perfect absorbent to represent a free
tions 1–3 refer to the three different alignment of control sources/error microphones

ite square (of side 3 m and centered on the error microphones), was excluded from
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field propagation. The noise source emits a 100 Hz pure tone signal
and is positioned at 1.7 m from the simulation borders, 2.3 m from
the barrier.

The objective of the simulations was testing the performance of
the ANC system vs. the distance between the control sources and
the distance between the control sources array and the error
microphones array; three different alignments of the axis between
the secondary sources and error microphones arrays were also
tested, i.e., by positioning these elements parallel, at 45� and
orthogonal to the barrier, as sketched in Fig. 4 top-right, bottom-
left and bottom-right and denoted as Positions 1, 2, and 3, in that
order. Due to numerical constraints to perform simulations, only
the peak performance of the system is simulated, that is the system
is supposed to act at convergence of the Fx-LMS algorithm. In other
words, control sources are considered as point-like and their emis-
sion is tuned in amplitude and phase in order to produce a signal
that minimizes the pressure levels on the error microphones.

In order to evaluate the average noise attenuation produced by
the ANC system, four different volumes, as depicted in Fig. 5, were
defined. The ‘‘shadow” zone is where the noise emission from the
primary source is expected to be shadowed; the ‘‘illuminated” zone
is where the receiver is in line-of-sight of the source; the ‘‘penum-
bra” zone is an intermediate area where we expect fringes of inter-
ference and performance degradations; the ‘‘source” zone is in
proximity of the primary source, i.e., where we expect to have
reflections from the barrier. Performances are evaluated by taking
Fig. 6. Performance of the ANC system in each zone depending on different ANC configu
(distance between control sources array and error microphones array set to 1 m); (b) a
microphones array (distance between control sources set to 1 m).
the average pressure level in the above defined volumes. The aver-
age noise reduction is computed as the difference between the
average sound pressure levels obtained with and without the
ANC system active.

A first set of outcomes of the simulations are shown in Fig. 6. By
using the configuration labelled as ‘‘Position 1”, the distance
between each control source was varied (thus, the number of con-
trol sources to cover the whole border varies as well). The distance
between the control sources array and the error microphones array
was set to 1 m. As can be seen from Fig. 6(a), a rapid decrease of the
performance of the ANC system in the shadow area (the one of
interest for us) is experienced when the distance between the con-
trol sources becomes larger than one half of the wavelength,
whereas the performance loss is almost negligible for smaller dis-
tances. In Fig. 6(b), the distance between the control sources array
and the error microphones array was varied, whereas the distance
between control sources was set to 1 m. As can be seen, perfor-
mances do not degrade too much for distances longer than 1 m.

As a final test, we compared the ANC performance with respect
to the three geometrical configurations denoted as Positions 1, 2
and 3, previously defined. The results, shown in Fig. 7, demonstrate
that the most efficient configuration is the one labelled as ‘‘Position
1”, i.e., with the axis between the secondary sources and error
microphones arrays parallel to the barrier. We extended this test
by considering a spatially extended noise source (3.5 m square
base and 2 m tall), placed on the ground and centered on the
rations: (a) average noise attenuation vs. the distance between the control sources
verage noise attenuation vs. the distance between control sources array and error



Fig. 7. Performance of the ANC system in each zone depending on the deployed geometrical configuration: (a) point-like noise source; (b) spatially extended noise source.

Fig. 8. Deployment of the ANC system at the corner of a building.
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position of the previous point-like source. In this latter case, we
observe that the performance loss is much reduced, especially con-
cerning the shadow zone, so that also ‘‘Position 2” becomes a viable
solution.

5. Experimental results

The prototype has been tested in an operating environment
mimicking the border of a barrier and, successively, on one border
of a true rectangular barrier deployed close to a reactor in an elec-
tricity power plant. In both cases, computer simulations were also
performed to confirm the measured noise attenuations and the
obtained results are shown as well.

5.1. Prototype configuration and instrumentation

The prototype has been implemented by using the following
instrumentation:

� Error and reference microphones: Behringer ECM8000.
� Preamplifiers: eight channel Presonus Digimax FS.
� ADC-DAC board: sixteen channel Lynx Aurora 16, 24 bit/sample,
sampling frequency 44,100 Hz.

� Loudspeakers: K-Array loudspeakers, mounting 7 in. B&C
Speakers cones.

� Amplifier: Powersoft Ottocanali 1204.
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� Personal computer/audio board: 4-core CPU @3.40 GHz, RAM
16 GB, audio board RME HDSPe MADI FX.

Other details of the software and digital signal processing
implementation are the following:

� the multi-channel Fx-LMS algorithm was implemented in Mat-
lab, integrated with routines in C for most burdensome steps;

� since the signals have a band much lower than the acquisition
sampling frequency, in order to reduce the computational bur-
den, the Fx-LMS algorithm worked in a decimated domain. A
decimation factor equal to 8 was used; the length of the FIR
lowpass filters used to downsample reference and error signals
(and to upsample the control signals before digital-to-analog
conversion) was set to 32 coefficients;

� the length of the Fx-LMS adaptive filters was set to 60
coefficients;

� the secondary path was modeled as a simple delay, whose value
depends on the distance between the secondary source and the
error microphone;
Fig. 9. Top view of the first experimental setting. The noise source is placed on one side
indicate the measurement points.

Table 1
Sound pressure levels in dB (third octave band centered at 100 Hz frequency) measured on
system switched off, on the right the gain in noise reduction (when negative) introduced

Points A B C

0 92.4 (�5.6) 90.0 (�4.5) 85.5 (�8.0)
2 89.0 (�7.7) 83.2 (�1.5) 78.0 (�0.3)
4 83.6 (�18.6) 74.0 (+2.2) 76.7 (�12.7
6 77.0 (�7.0) 75.3 (�11.3) 79.3 (�5.0)
8 83.8 (�5.1) 81.0 (�5.8) 78.8 (�11.6
10 77.8 (�9.0) 78.8 (�3.4) 80.2 (�4.6)
12 66.0 (+2.4) 75.0 (�9.2) 74.5 (�9.3)
14 77.8 (�9.6) 70.0 (�4.9) 65.6 (�10.7
16 78.5 (�6.7) 76.3 (�6.5) 73.4 (�13.9
18 79.4 (�16.1) 77.3 (�13.4) 65.7 (�0.8)
20 74.4 (�11.2) 71.3 (�6.5) 70.0 (�8.9)
25 78.5 (�14.7) 71.3 (�4.9) 76.1 (�8.7)
� in order to make the system more robust to external interfer-
ences, a bandpass filter (implemented in the digital domain as
a fourth order elliptic filter, with cutoff frequencies 60 Hz and
150 Hz) was applied to the reference and error signals.

5.2. First experimental tests: building corner

In the first experiments, we used the corner edge of a high
building, as shown in Fig. 8. This setup allowed to demonstrate
the performance of the system in the presence of a single diffrac-
tion border largely covered by the ANC system. Fig. 9 shows a
top view scheme of the deployment, in which the positions of
the elements that compose the system (below detailed) are
sketched.

In this configuration, the primary noise source is represented by
a loudspeaker generating a 100 Hz pure tone. It is placed at a dis-
tance d1 = 2 k from the corner and d2 = k/2 from the wall, being
k = 3.43 m. The secondary sources are placed in the illuminated
area as well, so that the control signals encounter the same diffrac-
tion phenomenon as the primary one. The error microphones are in
of the corner and the error microphones in proximity of the corner edge. The dots

the grid points showed in Fig. 9. For each entry, on the left the values with the ANC
by its activation.

D E F

81.8 (�7.4) 84.3 (�9.3) 85.8 (�6.8)
81.5 (�15.0) 80.3 (�6.5) 83.0 (�11.5)

) 81.6 (�17.1) 82.0 (�11.6) 81.5 (�5.9)
77.8 (�3.3) 78.2 (�4.0) 75.7 (�6.4)

) 76.3 (�12.3) 72.8 (�2.1) 73.4 (�0.6)
76.1 (�4.6) 73.5 (�6.3) 73.0 (�12.0)
76.0 (�6.8) 78.3 (�6.5) 76.8 (�10.0)

) 76.2 (�12.5) 78.4 (�6.7)
) 72.5 (�15.4) 71.0 (�1.1)

76.5 (�7.6) 78.7 (�4.8)
72.4 (�3.1) 72.9 (+1.9)
72.6 (�13.7)
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proximity of the corner edge. In the shadowed area, noise attenu-
ation is expected and measured as described below.

The setup included six secondary sources placed at a vertical
distance between each other of 70 cm. As already mentioned in
Section 3, a reference and an error microphone were structurally
assembled together with each single secondary source loud-
speaker, even though all error and reference signals contribute to
build the control signals, as specified by Eqs. (2) and (3). The error
microphones were placed 65 cm away from the cone of each trans-
ducer and the same distance was used between the reference
microphones and the secondary sources. The elements were
mounted vertically in order to have the error microphones aligned
with the corner edge, at a distance of 40 cm from it. The total
height of the corner edge covered by the ANC system was 4.2 m
from the ground; even though the coverage of the corner is only
partial, relevant noise reduction in the shadowed area has been
measured.

Noise reduction has been evaluated by measuring the noise
levels when the ANC system is switched off and after its activation.
The grid of measurement points is shown in Fig. 9; the height of
each measurement point from the ground was 1.7 m. As can be
seen, the area covered by the grid is tenth of meters wide. In
Table 1, the noise levels in dB, measured in the third octave band
centered at 100 Hz, are shown as well as the noise attenuation
Fig. 11. Noise gain (in dB) after the activation of the ANC system (at 1.7 m from the groun

Fig. 10. Signal levels of the fourth (from the ground) error microphone. A similar beha
measured pressure level.
(expressed as a negative gain) introduced by the activation of the
ANC system. From these results, it can be seen that the perfor-
mance, in terms of noise attenuation, does not significantly
decrease with distance, even though the presence of interference
patterns causes the noise reduction not to be uniform. The spatial
average noise attenuation, taken over all the measurement points,
introduced by the activation of the ANC system is 7.6 dB, with a
peak of about 15 dB measured 25 m away from the building corner.
Causes of performance degradation include a partial coverage with
control sources of the building diffraction edge as well as the wind,
which induces oscillations on the structure used to raise the sys-
tem along the corner. In Fig. 10, a sample error signal, measured
at one of the error microphones, is shown, demonstrating the sta-
bility of the algorithm and the relatively fast convergence (less
than 1 s) compatible with our specific target application where
the noise is assumed as stationary.

A computer simulation obtained with Comsol Multiphysics,
aiming at confirming the experimental results obtained on-
the-field, is shown in Fig. 11, where the gain in noise reduction,
computed at 1.7 m from the ground, is mapped. Noise attenuation
values in accordance to those obtained experimentally and
reported in Table 1 were achieved. In particular, the spatial average
noise attenuation in the dashed rectangular area depicted in Fig. 11
(enclosing, approximately, the measurement points depicted in
d): numerical simulation of a scenario similar to the first experimental tests setting.

vior is encountered for all microphones. Amplitude is directly proportional to the



Fig. 12. Deployment of the ANC system at an electricity generation station in Tuscany (Italy).

Fig. 13. Top view of the second experimental setting. The noise source is placed on one side of the barrier, the ANC system close to one of the lateral borders. The dots indicate
the measurement points.
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Fig. 9) is 9.6 dB. The fulfilment of ideal conditions in the simulation
tests (e.g., no presence of wind, system tuned to achieve zero
pressure levels at the error microphones, as discussed for the
simulations in Section 4) explains the obtained higher average
attenuation value.

5.3. Second experimental tests: barrier

In the second experiments, the system was mounted on a bar-
rier deployed (for safety reasons against fire and flames) close to
a reactor of an electricity power plant in Tuscany (Italy). The
deployment of the system is shown in Fig. 12. In this setup, only
one of the possible diffraction borders of the barrier is partially
covered by the ANC system. In Fig. 13, a top view of this second
experimental setting is sketched.

The configuration of the ANC system was similar to the one of
the first experiment. This time, only five secondary sources were
used and the length of the border they covered was only 3.5 m;
the barrier height was 9 m, but the presence of high voltage cables
prevented us from achieving a higher coverage. As to the alignment
of the control sources/error microphones arrays, ‘‘Position 2” (see
Section 4) was the only one allowed by the infrastructure of the
plant. As in the previous tests, noise reduction was evaluated by
measuring the noise levels when the ANC system is switched off
and after its activation. The grid of measurement points is shown
in Fig. 13. Sound pressure levels (in dB, measured in the third octave
band centered at 100 Hz) with the ANC system switched off and the
difference introduced by its activation are shown in Table 2.

As can be seen, apart from few points, noise reduction is still
experienced, even though the effectiveness of the ANC system is
reduced with respect to the first experiments. This is assumed to
be due to the limitedness of the coverage of the diffraction borders
(some simulation results considering a larger coverage are dis-
cussed in Section 5.4).



Fig. 14. Noise gain (in dB) after the activation of the ANC system (at 1.5 m from the
ground): numerical simulation of a scenario similar to the second experimental
tests setting.

Fig. 15. Noise gain (in dB) after the activation of the ANC system (at 1.5 m from the
ground): numerical simulation of a scenario with all the borders of the barrier
covered by the ANC system.

Table 2
Sound pressure levels in dB (third octave band centered at 100 Hz frequency) measured on the grid points showed in Fig. 13. For each entry, on the left the values with the ANC
system switched off, on the right the gain in noise reduction (when negative) introduced by its activation.

Points 1 2 3 4 5 6

A 58 (�8) 65 (�6) 70 (�4) 69 (�2,5) 68 (+1)
B 68 (�2) 64 (�1) 67 (0) 65 (+3)
C 73 (�2) 72 (�2) 63 (�3) 65 (�2) 69 (�1,5) 73 (�1)
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The experimental results achieved on-the-field have been
confirmed by computer simulations obtained by using Comsol
Multiphysics. In Fig. 14, we report the gain in noise reduction com-
puted in a scenario mimicking the ANC configuration deployed at
the power plant, where three reactors separated by barriers are
present. The primary sources were simulated as cylindrical noise
sources and an ANC system, composed of five secondary sources,
was placed on the edge of the topmost barrier. As can be seen,
the simulated values are compatible with those reported in
Table 2.

5.4. Further simulation results

In order to predict the performance of the ANC system in the
case the perimeter of the barrier were fully covered by control
sources, some (only simulation) results were further produced. A
simplified scenario with respect to that in Fig. 14 was simulated.
A single barrier, 9 m high and 9 m wide, was considered. The con-
trol sources were positioned along the whole perimeter of the bar-
rier at a distance of 1 m each other. The distance between control
sources and error microphones was set to 1 m. The primary noise
source was simulated as a cylindrical reactor (radius 2 m and
height 5 m), emitting a pure tone noise signal at 100 Hz. In
Fig. 15, the simulated noise reduction (at 1.5 m from the ground)
is shown. As can be seen, an average sound pressure level attenu-
ation of about 8–10 dB in a wide area beyond the barrier (shadow
area) is experienced.
6. Conclusions

In this paper, a low-cost ANB solution, using commercially
available audio equipment and standard PC control hardware,
has been implemented and tested. The objective was to control
the noise propagated through diffraction over a barrier border.
The solution is targeted to continuous-cycle stationary noise
sources emitting low-frequency tone-like noise, e.g., transformers
and reactors of an electricity generation power plant. Preliminary
experimental tests and numerical simulations showed the feasibil-
ity of the proposed active control solution and noticeable perfor-
mance in the far field, with an average spatial attenuation of
more than 7 dB and peak attenuations of 15 dB and over. The pre-
liminary prototype solution developed in this work is simple and
uses a limited number of secondary sources. A considerable
improvement of the performances is expected with an advanced
system acting over all the diffraction borders of the barrier, whose
implementation, however, should address several challenging
issues. First, if the number of secondary loudspeakers is high, a
modular realization of the system must be devised in order to
achieve a computationally feasible solution. Each module will still
be a multichannel system, with inter-module as well as (adjacent)
inter-module error feedback. Even though the classical multi-
channel Fx-LMS algorithmworked fairly well and no stability prob-
lems were experimentally encountered when dealing with the sta-
tionary noise taken into consideration in this paper, more refined
versions, e.g., [26], of the basic algorithm may be tested. Another
interesting technique, which may be included for performance
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improvements as well as to facilitate the physical structure imple-
mentation, is the concept of virtual microphone control [29–31].
Virtual microphones signals are not acquired by actual sensors
but are synthesized by using physical microphones acquisitions
located close to the control system. An adaptive algorithm works
to minimize the noise in the remote locations where the virtual
microphones are simulated. Such methods have been proposed in
several applications where the distance between physical and vir-
tual microphones is short (of the order of tens of centimeters), but
also for ANC barriers where such a distance is much longer [15].
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