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Summary

This paper presents a local control approach to generate remote quiet zones. To deal with situations where global
control can hardly be achieved, it is proposed to use an arrangement of spot-type sound reducers as originally sug-
gested by Olson and May. Assuming that cross-coupling between control units is weak, each can be controlled
independently and a decentralised feedback controller is implemented without the need for direct monitoring
of the primary source. Active noise attenuation in the remote target region is achieved using a linear quadratic
optimization based on prior knowledge of the transfer path of the system. The performance of a particular con-
figuration comprising three control units is examined by numerical simulation and experimentally evaluated for a
tonal noise source in a free-field environment. An average noise reduction of about 6 dB was measured in a target
region of volume 0.25 x 0.25 x 0.25 m? for a 160 Hz tonal primary source distant more than one wavelength from
the secondary sources. The performance of the control system in relation to changes in the primary field is also
considered with a view to extending the concept to more realistic enclosed sound field conditions in future work.

PACS no. 43.50.Ki

1. Introduction

In many workspaces and indoor public places, the low-
frequency noise (LFN) of industrial machinery, electric
transformer and air flow machinery including compres-
sors or heating, ventilation and air-conditioning (HVAC)
systems is problematic. Epidemiological research showed
an association between exposure to LFN sources and vari-
ous adverse health effects such as annoyance, sleep-related
problems, or concentrations difficulties. Unlike mid- and
high-frequency noise, LFN is less attenuated by walls
and other soundproofing structures due to the long wave-
length involved, it masks higher frequencies more than it
is masked by them, and ear protection devices are less ef-
fective against it. For low modal densities in the enclosure,
a significant reduction in acoustic potential energy at the
natural frequencies of the room can be achieved using re-
mote secondary sources thanks to strong coupling with the
primary field [1]. When the coupling between the sources
is weak such as in a free space or for high modal densi-
ties, global control can hardly be achieved if the secondary
sources are distant by more than half a wavelength from
the primary source [2]. In the latter cases, it is more ef-
ficient to design a control system that attempts to reduce
noise only on a particular region of space, which is com-
monly referred to as a quiet zone. It is therefore of great in-
terest to investigate the application of a local control when-
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ever the target region is relatively small with respect to the
wavelength of the primary excitation.

A quiet zone is generally described as a particular area
of a sound field in which the sound pressure level is re-
duced by about 10 dB relative to the primary disturbance
[3]. In a practical local noise control system, a secondary
source is used to cancel the pressure at a closely spaced
error microphone. The spatial extent around the minimiza-
tion point is typically of the order of one tenth of a wave-
length at the excitation frequency. The effect of spacing
between the primary and secondary sources on the control
performance was studied by Joseph et al. [4]. It was found
that the secondary source should not be too far away in or-
der not to increase the sound pressure level elsewhere in
space. The effect of moving the error microphone away
from the secondary source was studied numerically by
David and Elliott [5]. It was observed that the spatial ex-
tent of the quiet zone can be increased up to a limiting
value of about one tenth of a wavelength both in a uniform
and a diffuse primary field.

As shown by Elliott and Garcia-Bonito [6], the size of
the quiet zone can be further increased by minimizing both
the pressure and pressure gradient, but this requires two in-
dependent secondary sources. The design of larger quiet
zones in a free space was also examined by Guo et al.
[8, 9] using a multi-input and multi-output controller. They
showed that there exists a range of optimal spacing for the
control loudspeakers and error microphones which also
minimizes the total power output outside the quiet zone.
Local control in diffuse sound field was explored by Tseng
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[10], where a convex, nonlinear constrained optimization
problem was solved to design a secondary field that maxi-
mizes the area of the 10 dB quiet zone instead of minimiz-
ing the sum of the squared pressures.

When a sound field is temporarily deterministic and a
reference signal properly correlated to the primary distur-
bance is available, the quiet zone is typically implemented
by a feedforward control system [8]. In many practical ap-
plications, however, the disturbance is not tonal but rather
broadband and may originate from several distinct noise
sources. In this case, a reference signal is generally not
available and feedback control should be considered in-
stead. This type of control architecture is generally less
stable than feedforward control and careful examination
of the closed loop system is necessary to ensure stability
[11,12,13].

The idea of using a loudspeaker and microphone nearby
in a feedback loop was originally proposed by Olson
and May in the early 1950s [14, 15]. In their pioneering
work, the authors suggested two distinct modes of opera-
tion. In the “electronic sound absorber” principle, a loud-
speaker is adjusted using a microphone in a negative feed-
back loop to maximize its own acoustic power absorption.
This control approach is particularly suitable for achiev-
ing active acoustic absorption in cavities when the stand-
ing waves are an obvious problem [2, 16]. Based on this
principle, an active equivalent of the quarter-wave res-
onator can be achieved by pressure minimization on the
rear face of a thin porous layer having a flow resistance
equal to the characteristic impedance of air [17, 18]. More
recently, Rivet ez al. showed that a collocated loudspeaker-
microphone pair, both being connected by a model-based
transfer function, can be used for matching the diaphragm
impedance to a target specific acoustic impedance, which
has the effect of damping the standing waves in the enclo-
sure [19].

In the “spot-type sound reducer” principle, however,
the strength of the secondary source is adjusted from the
microphone to produce a zone of quiet nearby. In [15]
for instance, it is suggested to use this system as a low-
frequency noise reducer in factories, shops and offices
where the noise level is high and the position of the person
is fixed.

In many practical applications, it is not desirable to
place the error sensor(s) in the region of desired acous-
tic attenuation. As reviewed by Moreau et al. [20], there
has been a considerable interest over the past decades in
monitoring the sound field within the region of control
with sensors outside this region. In the early 1990s, El-
liott and David proposed using a virtual microphone ar-
rangement that can move the zone of quiet so that it is
further away from the secondary sources than the physi-
cal error microphone [21]. This arrangement is based on
the assumption that, at low frequencies, the spatial rate of
change of the primary sound field is small at the physical
and at the virtual microphone locations [7]. In the early
2000s, Kestell et al. showed that the zone of quiet could
be further extended using a virtual energy density sensor
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from the pressure and pressure gradient [22], considering
that the weighted summation of pressure and velocity is
much more spatially uniform than pressure only. It should
also be noted that local control using phased-array sen-
sors was also suggested to achieve directionally sensitive
detection through acoustic beam steering techniques [23],
thereby producing acoustic beams which intersect to de-
fine a quiet area far away from the sensors.

In this article, we present a decentralised control system
for remote quiet zone design inspired by Olson and May’s
“spot-type sound reducer” concept, which does not require
direct monitoring of the primary field nor use sensor in the
target region. The remainder of the paper is organized as
follow. The design of the multichannel feedback controller
is addressed in Section 2 where a linear quadratic opti-
mization problem is solved to derive the feedback gains.
The performance of a particular configuration compris-
ing three collocated loudspeaker and microphone pairs is
evaluated in Section 3 assuming a tonal primary source
in a free field environment. Measurements are compared
to simulations in the case of a single harmonic primary
source. To ensure that the system can be implemented in
the presence of more complex sound fields, the perfor-
mance is also investigated experimentally for multiple co-
herent sound sources distributed randomly around the tar-
get region. The benefits and limitations of this concept to
generate remote quiet zones in enclosed sound fields are
then discussed.

2. Problem formulation

This section presents the theoretical framework formula-
tion for the design of a control system to generate a re-
mote quiet zone. The main goal is to develop a decen-
tralised controller that can operate without direct monitor-
ing of the primary source and without error sensors in the
target region. A two-step approach is proposed: 1) a lin-
ear quadratic optimization problem is solved to calculate
the optimal control input that minimizes the sum of the
squared pressures in the target region, and 2) the optimal
solution is reformulated as a complex gain matrix using
pre-determined transfer functions relating the target region
and the control units, allowing for a decentralised control
approach.

2.1. Control system design

An illustration of the physical arrangement considered in
this study is shown in Figure 1, where a set of n tightly
coupled source-sensor pairs but lightly cross coupled con-
trol units is used to minimize the disturbance generated
by an unknown primary source at m points defining the
remote target region. Let us first examine the open-loop
control system as shown in Figure 2a. Assuming linearity
and superposition principle, the system response at the m
minimization points can be written in matrix form as

y=Gu+d, (1)

where y is the m x 1 vector of the total complex pressure,
u is the n x 1 vector of control inputs, G is the m x n
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matrix of transfer functions relating the control inputs and
the minimization points, and d is the m x 1 vector of the
disturbance.

The cost function that minimizes the sum of the squared
complex pressures with a uniform, quadratic control effort
weighting [27] can be written as

J=yHy+ﬁuHu, 2)

where the superscript H is the complex conjugate of the
vector transpose. The term on the right-hand side of Equa-
tion (2), which is proportional to the control effort, is used
to make the stability and performance of the controller
robust to uncertainties in the modelling of the system or
changes over time. Substituting Equation (1) into Equa-
tion (2), and after some further manipulations, the cost
function can be rewritten in the Hermitian quadratic form

(2]
J=u" (G"G+pI)u+u’G"d+d"Gu+d"d. (3)

where I is the identity matrix. For a feedback control sys-
tem with an equal number of collocated actuators and sen-
sors, it can be shown that the cost function (3) has a unique
global minimum, provided that G G + gl is positive def-
inite [2].

The optimal open-loop control input can therefore be
derived as

uy = —[G7G +p1] 7' GMd. )

Substituting the expression for u,, into Equation (3), the
minimum value of J is found to be

Juin = 47d — a7 G[G" G + p1] 7' G"d, )

and the maximum achievable attenuation (indB) can be
derived from Equations (3) and (5) as

AJ = 10log;g (J(u = 0)/Jmin)- (6)

As indicated in Equation (4), the optimal control input
is calculated for a given primary disturbance d = Tx. In a
typical feedforward control scheme, T would be the trans-
fer path between the minimization points and the refer-
ence signal taken from the primary source. A prior model
or measurement of T can hardly be achieved if the pri-
mary disturbance is due to a large number of incoherent
processes, or if the reference signal is not available. More-
over, any change in the primary disturbance can make the
control system not optimal anymore since the control vari-
able adjustment is not error-based.

In the proposed control scheme, T is the m x n matrix of
transfer functions between the incident pressure at the con-
trol points and the incident pressure at the minimization
points; x is therefore the n x 1 vector of the incident pres-
sure at the control points generated by the primary source
alone.

In what follows, we present the process of transfer-
ring from the centralised feedforward control problem dis-
cussed above into an decentralised feedback formulation
where the control variables also depend on the near field
pressure of the secondary sources.
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Secondary source

Control sensor
Target zone of quiet

Primary sound source
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Figure 1. Illustration of the multi-channel control arrangement
assumed to create a remote zone of quiet.

Figure 2. Block diagram of the open loop feedforward (a) and
feedback (b) control system designed to reduce noise in a remote
target region.

2.2. Feedback controller

Let us consider now the multichannel control arrangement
illustrated in Figure 1 with all the switches closed. Fig-
ure 2b shows the corresponding closed loop system, the
response of which is written as

p:Hu+X, (7)

where p is the nx 1 vector of total complex pressures at the
control sensors output and H is the n x n matrix of transfer
functions between the control inputs and the control sen-
sors outputs. The feedback control law can be formulated
as

u=—Cp, (3)

where C is the n x n matrix of the feedback gains. In the
proposed decentralised approach, the control gains in each
feedback loop are defined as the ratio between the optimal
control inputs and the resulting local pressure,

,—””"""> O

uopt,l uopt,Z
P1 P2 Pn

—C(jwp) := diag <—
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Substituting now Equation (4) into Equation (7), the total
complex pressure at the ith control sensor can be expressed
in terms of the summation for the ith element of p as

Di :xi_zzHiku/ijj: (10)

j=1 k=1

where W = [GG + pI]"'GHT. Similarly, Equation (4)
can be rewritten in terms of the summation for the ith ele-
ment of u,, as

Uopt,i = ZVI/ijxj- 11

Jj=1

The optimal gain (9) to be applied between the ith control
sensor output and the ith control actuator input at a given
frequency, can therefore be derived from Equations (10)
and (11) as

Z'_': Wiix;
C =- R . (12)
Xi+ X Xeer HikWijx;

Assuming now that each element in X can be expressed as
a function of a reference signal r so that x = Rr, Equa-
tion (12) can be rewritten as

C =— Xj=1 Wik (13)
Ri+ Y Yot HuWiyR;

Equation (13) gives the expression of the complex optimal
gain to be applied to the ith control unit in order to mini-
mize the sum of the squared pressures in the target region.
As shown in Equation (13), direct monitoring of the pri-
mary source is no longer required if the signal r is taken
from the output of one of the control sensors. Only prior
knowledge of the acoustic transfer path T between con-
trol points and minimization points is necessary. As will
be seen in Section 3, G and H are identified during an off-
line design step by activating each secondary source inde-
pendently, while T and R are obtained with the help of an
additional loudspeaker used as primary source.

2.3. Stability consideration

The stability of a general multichannel control system can
be determined by examining whether the locus of the real
and imaginary parts of eigenvalues of H(jw)C(jw) en-
closes the Nyquist point (—1, 0) as @ varies from —oo to oo
[24]. For the control configuration under consideration, H
is a strictly positive real matrix, i.e. H? (jo) + H(jw) > 0
for all @ € R, provided that dual and collocated source-
sensor pairs are used. In a classical decentralised feedback
control problem where the control objective is disturbance
rejection for instance [25], C is a diagonal matrix which
is assumed to have a positive gain y on each channel, so
that C = yI. Then, it can be shown that the feedback con-
trol system is unconditionally stable since the system and
controller are both passive [26]. When the actuator-sensor
pairs are not collocated and dual, unconditional stability
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Figure 3. Block diagram of the complex envelope controller ap-
plied to the ith microphone-loudspeaker pair.

is not guaranteed at all frequencies. Moreover, if some of
the feedback gains have negative real part, on the other
hand, the closed loop system may be unstable. This prob-
lem is discussed below considering a complex envelope
controller used to handle any complex gain while ensuring
the stability of the multichannel control system.

2.4. Complex envelope controller

In the following we address the practical implementation
of any complex gain derived from Equation (13), includ-
ing those with negative real part values. Figure 3 shows
the block diagram of the complex envelope controller for
the ith collocated microphone-loudspeaker pair. As shown
in Figure 3, the equation of motion of the loudspeaker di-
aphragm is given by [19]

Sqpi = Zy(w)v; + Bli;, (14)

where p; and v; are respectively the total pressure at, and
the velocity of, the ith diaphragm, i; is the current flow-
ing through the coil, .S, is the radiating surface area of the
diaphragm, Z,, is the mechanical impedance of the loud-
speaker, and Bl is the electrodynamic transduction coeffi-
cient. The total pressure at the ith loudspeaker diaphragm
can be expressed as

pi = Zy(0)g; + z;, (15)

where Z, is the acoustic radiation impedance, g; is the
volume velocity generated by the loudspeaker and z; is
the disturbance at the ith pair caused by both the pri-
mary sound field and the other lightly coupled secondary
sources.

In complex envelope representation, the current deliv-
ered at the output of the controller by modulation with
i1;(t) can be written as

ii(t) = Re[i; (1) exp(i27 fo1)]. (16)
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where Rel[.] denotes the real part and @; is the complex
envelope of i; for the carrier frequency fo = wp/2x. Sim-
ilarly, the complex envelope of the total pressure at the ith
microphone can be obtained by demodulation of p; as

pi(r) = 2g(1) ® (opi(1) exp(=j27 fot)), a7

where ® denotes the convolution operator, g is the impulse
response of a low-pass filter of cut-off frequency w, < wy,
and o is the microphone sensitivity (in VPa~!). As shown
in Figure 3, the harmonic controller used to minimize the
distance |&; — C;p;| is written as

da; R R

= = ~HKila®0 + G o). (18)
where y is a positive real gain and K; is a complex-valued
gain.

Expressing now Equation (7) using the complex enve-
lope as p = Hii+Z, and after some manipulations, the mul-
tichannel controller can be expressed from Equation (18)
as

da R R

i —uK I+ CH)a + uKCz, (19)
where K is the complex-valued compensation matrix. The
closed-loop controller (19) is stable, provided that all the
eigenvalues of K (I + CH) have positive real parts. Since
C is a diagonal matrix, the algorithm (19) is centralised if
K is a fully-populated matrix, and decentralised if K is di-
agonal. More details on the design of the complex envelop
controller including the calculation of the diagonal com-
pensation matrix K to implement a stable decentralised
control can be found in [28, 29, 30].

3. Results

This section provides numerical and experimental results
that show the performance of the control system described
in Section 2 to create a quiet zone in a free field environ-
ment with pure tone excitation. Without losing generality,
a particular configuration comprising three control units
located above the target region is used below as an exam-
ple.

3.1. Numerical investigation

Figure 4 illustrates the geometry of the control arrange-
ment considered below. The acoustic domain is a hemi-
sphere of radius of 3.5m. A sound hard boundary con-
dition is used for the ground (z = 0) and nonreflecting
boundary condition is applied to the remaining part us-
ing a perfect matched layer (0.6 m thickness). The tonal
primary sound field is generated by a point source lo-
cated at (x,y,z) = (—1.5,0,1.1) m. The source strength
is 0.001 m?s~!. The secondary sources are modeled as 5
inches diameter pistons mounted in a circular reflective
panel of 1.2m radius, the center of which is located at
(x,y,2)=(1.5,0,2) m.
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yedo

Figure 4. Geometry of the control arrangement used in the nu-
merical investigation.

As can be seen in Figure 4, the target region is de-
fined by 8 minimization points distributed at the vertices
of a cube (0.25m edge). The center of the cube is lo-
cated at (x,y,z) = (1.5,0,1.3)m, i.e. at 3m from the
point source. The target volume of the quiet zone is there-
fore 0.25 x 0.25 x 0.25 = 15.6 1073 m>. This geometry
was implemented in the finite element simulation software
COMSOL Multiphysics to provide the control algorithm
with the transfer functions necessary to calculate the op-
timal complex gains as indicated in Equation (13), and to
compute the sound pressure levels (SPL) before and after
control. The calculation of the optimal complex gains was
performed in Matlab.

Figure 5 shows the computed performance, quantified
by the change in sound pressure level (SPL), where (a) is
a cut view in the x-z plane at y = 0, (b) is a cut view
in the y — z plane at x = 1.5m, and (c) is a cut view in
the x-y plane at z = 1.3 m, respectively. The frequency
of excitation was chosen to be 160 Hz (corresponding to
A =~ 2.15m). In Figure 5, positive values in decibels rep-
resent sound reduction as a result of control, while nega-
tive values indicate an increase in sound pressure level. As
can be seen in Figure 5, an acoustic attenuation of more
than 10dB is achieved around the target region. Figure 5
shows that the secondary sources produce an increase of
the sound pressure level in the near field of the loudspeak-
ers and, to a lesser extent, around the quiet zone due to the
constructive wave summation.

The following section presents simulation results which
reproduce previous work on the diffraction effect of the
listener’s head modeled by a rigid sphere [7], and on
the effect of the diaphragm surface area of the secondary
sources on the size of the quiet zone [4]. Figure 6 (left) il-
lustrates the effect of a rigid diffraction sphere of 8.75cm
radius in the middle of the quiet zone. As can be seen in
the left-hand side of Figure 6, inserting the rigid sphere in
the target region has little influence on the acoustic per-
formance. A 0.3dB decrease is observed with the feed-
back gains derived from the initial configuration when the
diffraction sphere is placed in the desired quiet zone (see
Table I). Not shown in this paper, taking into account the
diffraction sphere in the initialization stage leads to similar
results. Figure 6 (right) shows the change in SPL when the
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Figure 5. Change in sound pressure level computed for a single
point source, where the marker * indicates the location of the
primary source and the dashed blue line represents the 2 x 2 m?
measurement grid that was used in the experiment discussed be-
low; (a) cut view in the x-z plane, (b) cut view in the y-z plane,
and (c) cut view in the x-y plane.

radius of the secondary source is twice the one used in the
initial configuration. As shown in the right-hand side of
Figure 6, increasing the radiating surface area of the sec-
ondary sources tends to increase the size of the quiet zone,
as already observed by Joseph ef al. [4] in the case of a
single secondary loudspeaker and a single point in its near
field.

Table I summarizes the computed performance in terms
of SPL reduction for the initial control arrangement shown
in Figure 4, with an without accounting for a diffraction
sphere in the middle of the target region, and when the ra-
dius of the secondary sources is increased. The acoustic
attenuation A L, in the quiet zone is obtained by averaging
the sound pressure levels over all the minimization points.
As can be seen in Table I, the change in SPL is positive
for the studied configurations, showing that the primary
perturbation is reduced in the target region. However, it
is found that the expected 10dB acoustic attenuation is
not reached at all the minimization points. This is because
several minimization points distributed in space are con-
sidered. If a quiet zone is commonly defined as the region
of space where a primary sound field can be reduced by
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Table 1. Average reduction in sound pressure level computed in
the quiet zone for the studied configurations.

Configuration Piston diameter AL,

Initial Sin 5.9dB
Rigid diffraction sphere S5in 5.6dB
Larger radiating surface 10 in 7.4dB

10 dB, this usually involves a secondary source and a sin-
gle minimization point. In this case, the spatial extent of
the quiet zone is of the order of A/10. In this study, on the
other hand, the solution is optimal but has no constraint
on the homogeneity of the attenuation at the minimization
points. As stated in Equation (2), the cost function relates
to the sum of the squared pressures and not the pressure at
each point. Thus, using several spatially distributed mini-
mization points, it can be seen that the zone of quiet can
be extended in comparison with that expected for a single
minimization point, as shown in Figures 5 and 6.

We now examine the effect of moving the primary
source around the control arrangement with the optimal
gains calculated for the initial configuration (see Figure 5).
Figure 7 shows a polar plot of the average change of sound
pressure level in the quiet zone computed in steps of 10 de-
grees. As can be seen in Figure 7, the performance of the
control arrangement is sensitive to the azimuth of the pri-
mary source. An overall attenuation greater than 6 dB is
obtained in the target region when the primary source is
within —50 degrees and + 50 degrees with respect to the
initial configuration. On the other hand, when the primary
source is located more than 80 degrees from the initial
configuration, the average SPL in the quiet zone increases
up to 3.5 dB when the primary source is diametrically op-
posed.

3.2. Experimental setup

In order to validate the numerical findings, experiments
were carried out in an anechoic chamber (volume 200 m?,
cut-off frequency 80Hz). Figure 8 shows a picture of
the experimental configuration in which a large wooden
panel is used as a floor and placed 2 m below the con-
trol units. The control arrangement is composed of three
units each comprising a 6.5 inch Visaton W 170 S loud-
speaker mounted in a 10 L closed-box and a 1/4 inch
model 130D20 ICP microphone located about 1 cm from
the loudspeaker diaphragm. As in the simulation, the loud-
speakers are arranged on a wooden panel of 1.2 m in diam-
eter and spaced at intervals of 120 degrees.

The digital processing is implemented with a National
Instruments real-time CompactRIO platform. The NI 9215
module (10V 16-bit resolution) is used for data acqui-
sition and the NI 9263 (10V 16-bit resolution) is used
for analog output. As depicted in Figure 4, a set of 8 mi-
crophones distributed at the vertices of a cube of 0.25m
edge is used during the initialization phase to obtain the
transfer functions necessary to implement the control al-
gorithm. The center of this microphone array is approx-
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Figure 6. Change in sound pressure level computed for a single point source represented by marker * when a rigid sphere is inserted
into the target region (left) and using secondary sources with larger piston area (right); (a) and (d) cut view in the x — z plane, (b) and
(e) cut view in the y — z plane, and (c) and (f) cut view in the x — y plane, respectively.

Figure 7. Polar plot indB of spatially averaged sound pressure
level change computed in the quiet zone.

imately 1.3 m above the floor and 3.5m from the loud-
speaker used as a primary noise source. Note that the cu-
bic microphone array shown in Figure 4 is only required
during initialization to get the transfer paths G and T be-
tween the control units and the minimization points and is
removed after.
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Figure 8. Picture of the experimental configuration during per-
formance evaluation.

The transfer functions between the input signal of each
source and the sensors output were measured using a
swept sine signal in the frequency range 30 Hz—300 Hz,
allowing identification of the matrices G, H, R and T.
The transfer functions between the input of the secondary
sources and the output of the control microphones are il-
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Figure 9. Frequency response of the measured transfer func-
tions H.

lustrated in Figure 9 as an example. As can be seen in Fig-
ure 9, the gain of the off-diagonal terms in H is lower than
10 dB compared to the diagonal terms, showing that cross-
coupling between the control units is small.

Figure 10a shows the maximum achievable attenuation
calculated from Equation (13) for f = 0.1 as a func-
tion of the frequency. As shown in Figure 10a, the max-
imum sound reduction is expected in the frequency range
70Hz-190 Hz, i.e. above the resonance frequency of the
closed-box loudspeaker used in this study. The lower sys-
tem performance below 70 Hz is due to the low frequency
response of the closed loudspeakers used as secondary
sources. Moreover, the low attenuation expected between
190Hz and 250 Hz is probably related to the cross cou-
pling between the control units. As can be observed in
Figure 9, the off-diagonal terms in the matrix H of the
control system show a peak in this frequency range. Fig-
ure 10b shows the real part and imaginary part of the op-
timal gains calculated from Equation (13) for § = 0.1
as a function of the frequency. Above the resonance fre-
quency of the loudspeaker, the frequency response of op-
timal gains is relatively smooth except in the frequency
range 190 Hz-250 Hz where the maximum attainable at-
tenuation is found to be the lowest, as shown in Figure 10a.

3.3. Experimental investigation

This section presents experimental results measured with a
tonal primary source in the anechoic chamber, as shown in
Figure 8. The acoustic performance of the control system
is evaluated as the ratio in dB of the sum of the squared
sound pressure measured over a surface area around the
desired zone of quiet before and after control. A linear
arrangement of 10 microphones spaced 0.2 m apart (see
Figure 8) was moved horizontally and vertically, allow-
ing the change in sound pressure level to be observed over
three orthogonal planes intersecting the center of the tar-
get region, as in the simulations. The measurement grid
has 0.2 m intervals in both directions and the surface area
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Figure 10. Maximum achievable attenuation (a) calculated from
Equation (6) and real part and imaginary part of the optimal gains
(b) calculated from Equation (13) in the frequency range 30-
300 Hz for § = 0.1, respectively.

of the measurement grid is 2 x2 m?. As in the simulations,
the frequency of excitation is chosen to be 160 Hz (cor-
responding to 4 ~ 2.15m). Note that this excitation fre-
quency is in the frequency range where good attenuation
is expected (see Figure 10) and where the expected zone
of quiet are not too small to be of practical use [2].

The change in sound pressure level measured around the
target region in the case of a single sound source is shown
in Figure 11. For this control configuration, the average
acoustic attenuation was 5.4 dB in the target region, as pre-
dicted by simulations (see Table I). Likewise, the shape
and size of the quiet zone is very similar in both cases. As
observed in the simulation the maximum increase in sound
pressure level is in the near field of the secondary sources.
The increase in SPL elsewhere is less than 4 dB, except
very close to the ground where it was about 8 dB.

To further show the sensitivity of the optimal feedback
controller to change in the primary disturbance, the con-
trol performance is investigated using multiple coherent
primary sources. Not shown in this paper, seven additional
loudspeakers were randomly distributed around the con-
trol system arrangement, at various height and distant by
more than a wavelength from the control units. The change
in sound pressure level obtained in the case of multiple co-
herent sound sources is shown in Figure 12, where an av-
erage acoustic attenuation of 4.4 dB was measured in the
target region. Although the primary sound field is signif-
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Figure 11. (Colour online) Change in sound pressure level measured in the case of a single primary source in the x — z plane (a), in the
vy — z plane (b), and the x — y plane (c), respectively. The gray dotted square represents the target quiet area.
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Figure 12. (Colour online) Change in sound pressure level measured with multiple coherent sound sources in the x — z plane (a), in the
y — z plane (b), and in the x — y plane (c), respectively. The gray dotted square represents the target quiet area.

icantly changed from that produced by a single source, it
can be observed that the feedback controller still allows
decreasing the sound pressure level throughout the quiet
zone. Note that except in the near field of the secondary
sources and near the floor, the increase in sound pressure
level means that the resulting sound field is more balanced.
In case of multiple coherent sources, on the other hand,
the contours of equal pressure reduction were considerably
more complex due to constructive and destructive wave
summation generated by the primary field in the room.

It was observed that in regions where the primary
noise level was initially low due to destructive interfer-
ence, the sound pressure level was increased after control.
Conversely, maximum acoustic attenuation was observed
around areas where the primary noise level was initially
high due to constructive interference.

3.4. Discussion

As shown above, the overall performance, shape and size
of the experimentally produced quiet zone agree with
the simulation results. The maximum attenuation is how-
ever slightly less, probably due to differences between the
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model and actual transducers and uncertainties in the pre-
determined transfer paths. Moreover, it must be pointed
out that the experimental conditions were not exactly the
same as those considered in the simulation. In the com-
puted results, a perfectly matched layer was used to pre-
vent sound reflection which may differ from the actual
behaviour of the walls of the anechoic room. A sound
hard boundary condition was also applied for the floor and
the panel in the simulation. In the experiment, a half-inch
thick wooden panel was used for both the floor (partially
covered) and panel which could vibrate under the acous-
tic excitation. Despite these differences, an average sound
reduction of about 6dB is achieved in the target region
through this control arrangement. From a practical point of
view, the increase in the sound pressure level outside the
quiet zone is found relatively low or located far from it (eg
near the ground). It is also observed that the decentralised
feedback controller still allows decreasing the sound pres-
sure level around the target region even when the primary
disturbance is generated by several additional sources ran-
domly distributed in space. This further suggests that the
proposed control strategy does not require highly accurate
sound field prediction model. The method discussed in this
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paper opens up the possibility of designing such remote
control systems in more complex enclosed sound fields.

A pure-tone sound field is considered in this paper,
meaning that only the amplitude and phase of the feed-
back gains in Equation (13) need to be determined. In
many practical situations, however, the primary pressure
field results from a large number of acoustic modes ex-
cited in an enclosure. If a broadband noise application is
targeted, the challenging task will be the design of a stable
and causal control filter that can be implemented in real
time. Moreover, Figure 10b shows the frequency response
of the system studied in this paper between 30-300 Hz,
and Figure 10a the expected performance as a function of
the frequency. Although a broadband, diffuse primary field
cannot be addressed yet, the complex envelope controller
allows implementing any complex gains that can poten-
tially be selected over a wide range of real parts and imag-
inary parts. This provides greater flexibility to achieve op-
timal acoustic attenuation. As is known, global control can
be performed provided that a secondary source is distant
by less than half a wavelength from the noise source [2].
To make this research more meaningful and generalizable,
the control units and primary source were spaced by about
three half wavelengths. As discussed in previous work, the
sound pressure level away from the control region can be
further reduced by moving the minimization points near
the secondary loudspeakers, but at the expense of a de-
crease of the size of the quiet zone [4].

Some of the computed results presented in this study
were obtained by taking into account an obstructing object
in the target region. It is observed that placing a head-sized
diffraction sphere in the middle of the quiet zone does not
affect the performance of the control system. The presence
of a rigid sphere affects the secondary sound field by im-
posing zero particle velocity, and thus zero pressure gra-
dient. As has been shown by Garcia-Bonito and Elliott,
this results in a beneficial flattening of the secondary field
which tends to increase the spatial extent of the quiet zone
close to the head [31]. In addition, it has been found for the
studied configuration that increasing the size of the loud-
speaker diaphragm is beneficial to increase the size of the
quiet zone, as already observed by Joseph et al. in the case
of a single secondary loudspeaker and a single point in its
near field.

4. Conclusion

It is shown in this study that a remote zone of quiet can be
achieved using a control arrangement based on collocated
loudspeaker-microphone pairs. A decentralised feedback
control is considered since the cross-coupling between
control units is weak, which may be useful when direct
monitoring of the primary source can not be achieved. One
advantage is that the failure of one of the control unit is not
likely to disrupt the stability of the system. Active noise
reduction in the remote target region requires prior knowl-
edge of the transfer path between the control units and a
set of minimization points defining the desired quiet zone.
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The feedback gains are obtained by solving a linear
quadratic optimization problem and implemented using a
complex envelope controller, allowing any complex gain
to be applied. An average noise reduction of about 6 dB
was measured with a particular control arrangement in a
target region of volume 0.25 x 0.25 x 0.25 m? for a 160 Hz
tonal primary source, distant more than one wavelength
from the secondary sources. It has been found that the per-
formance of this particular arrangement decreases when
the primary source deviates by more than 50 deg in az-
imuth from its initial position. Future research shall extend
the concept to broadband, diffuse sound fields so that it is
applicable to real world situations.
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