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This paper describes an active sound control methodology based on difference potentials. The main

feature of this methodology is its ability to automatically preserve “wanted” sound within a domain

while canceling “unwanted” noise from outside the domain. This method of preservation of the

wanted sounds by active shielding control is demonstrated with various broadband and realistic sound

sources such as human voice and music in multiple domains in a one-dimensional enclosure. Unlike

many other conventional active control methods, the proposed approach does not require the explicit

characterization of the wanted sound to be preserved. The controls are designed based on the meas-

urements of the total field on the boundaries of the shielded domain only, which is allowed to be mul-

tiply connected. The method is tested in a variety of experimental cases. The typical attenuation of

the unwanted noise is found to be about 20 dB over a large area of the shielded domain and the origi-

nal wanted sound field is preserved with errors of around 1 dB and below through a broad frequency

range up to 1 kHz. VC 2011 Acoustical Society of America. [DOI: 10.1121/1.3531933]

PACS number(s): 43.50.Ki, 43.40.Sk, 43.55.Dt, 43.55.Br [KVH] Pages: 717–725

I. INTRODUCTION

Active control of sound is a technique for altering

acoustic fields to a desired one by introducing controllable

active secondary sound sources called controls. An example

problem formulation in this area involves a given region of

space (bounded or unbounded) to be shielded from unwanted

external noise by the active controls. The controls establish

an active boundary, shielding the region from the noise. This

specific strategy for noise cancellation by means of active

boundary controls is called active shielding (AS). The over-

all problem of active noise cancellation becomes more com-

plicated if, along with the unwanted noise, a wanted sound

component is present inside the protected region.

Generally, existing conventional active control methods,

for example those developed by Nelson and Elliott,1 and

Kincaid et al.,2,3 require an accurate description of the origi-

nal noise source in order to devise a global cancellation solu-

tion. When the measurement is carried out in close

proximity of the shielded domain and the noise source is not

measured, significant noise reduction can generally be

achieved only locally in conventional approaches.1 Often in

practice it is not feasible to measure the physical values of

the original noise source since the noise source is not always

accessible.4 In addition, the transfer function of the sound

through the problem domain has to be taken into account to

achieve a global noise cancellation solution. This is particu-

larly difficult if the medium of propagation is inhomogene-

ous. To overcome these limitations and associated practical

difficulties, the difference potential method (DPM) proposed

here can provide a convenient solution. The theoretical con-

cept is based on the method described in Refs. 5 and 6. It

allows one to obtain a general solution to the AS problem

for arbitrary geometries, properties of the medium, or bound-

ary conditions.

Theoretically, the DPM allows us to reduce a boundary

value problem set in a complex domain to a boundary equa-

tion. Its key characteristics include the capability to cancel

out the unwanted noise in a large region of the shielded do-

main, while requiring no detailed knowledge of either the

sound transfer function for the problem domain or the noise

sources. The only input data needed by the methodology are

acoustic quantities at the perimeter of the protected region

(in practice they can be measured). By requiring only this

limited input data, the unique characteristics of the method

can provide a practical and cost-effective control system.

Moreover, these quantities may pertain to an overall acoustic

field composed both of unwanted and wanted components.

The methodology automatically differentiates between the

two. The method suggested by Jessel and Mangiante,7,8 and

Canevet,9 hereby called the JMC method,10 yields solutions

for global noise cancellation in a similar way when only the

unwanted noise is present in the protected domain. The main

difference between the approaches based on the DPM and

JMC is that only the former provides the advantages of pres-

ervation of the wanted sound and volumetric noise cancella-

tion through an entire shielded domain when the total field
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composed of both the wanted sound and noise is measured

on the boundary. In addition, the DPM-based approach

allows a shielded domain to be multiply connected. This

capability is potentially very useful for applications related

to noise control and room acoustics, as it enables protection

of the predefined space against the noise coming from the

outside, while at the same time not interfering with the abil-

ity of the listener to listen to wanted sound or communicate

inside the room. Although this technique has been intro-

duced and studied theoretically in previous publications,11,12

the unique feature that allows us to preserve the wanted

sounds in multi-domain has never been experimentally stud-

ied and published in literature. The main focus of the paper

is an implementation of the novel AS technique based on the

difference potentials to multi-domain tests with broadband

signals. In practice a sound field is generally composed of

broadband frequencies rather than a pure tone. A broadband

sound source may cause extreme fluctuations of sound pres-

sure at some frequencies due to resonances and anti-resonan-

ces in a duct closed by rigid terminations. Quite often a

control system based on many other conventional AS meth-

ods fails to achieve efficient cancellation of noise at resonan-

ces. The reason is that the sensitivity of their solutions to

errors is too high at resonances. With that in mind, the char-

acteristics and practical limitations of the approach over a

broad frequency band will be evaluated and discussed in this

paper. As we are in an early stage of the experimental inves-

tigation for the method, a real-time control system has not

been implemented yet. The overall system is assumed to be

linear time-invariant and repeatable in the experiment.

II. THEORETICAL FORMULATION

Details of the theoretical formulation have already been

described in previous publications.13,14 Only a brief outline

of the concept is given here to help the understanding rele-

vant to the experimental design. Assume that the propagation

of sound is governed by a linear partial differential equation

or system in a domain Do. The sound field is composed of

both adverse noise and wanted sound. We formulate the AS

problem as follows. It is required to find such additional

sources that the solution to the modified problem coincides

with the wanted sound in a subdomain D, i.e. D is part of Do

that is to be shielded. It is important to note here that the do-

main D is not necessarily simply connected. It is also noted

that the reverberation field of wanted sound is also consid-

ered as part of the wanted sound. From a practical point of

view, the additional sources, which are the “controls,” can-

not be immediately realized because the solution assumes

the distribution of controls to be continuous. Here, a discrete

distribution of the controls can be obtained via the theory of

difference potentials (see Refs. 15 and 16 for details). It can

also be interpreted as a discrete approximation of the contin-

uous solution. For the AS solution it is sufficient to have

access only to the trace of the total acoustic field on the

boundary of the domain D. In particular, no knowledge of

the actual sources (wanted and unwanted) is required. Thus,

such active controls are more practical then the trivial solu-

tion of having a control equals to the ideal negative of the

unwanted source, which is difficult to implement even if the

adverse sources are explicitly available.

It is important to emphasize that the control sources are

obtained for the general case and do not require knowledge of

the Green’s function of the problem. It has been shown that the

space AS solution is based on the knowledge of the total sound

pressure and the normal component of the particle velocity on

boundary surface of the shielded domain.15,16 The general solu-

tion is applicable in the general case of 3D flow field.

The solution can be illustrated for a one-dimensional

case, in which the primary noise sources are situated in the

area �‘ < x < ‘; whereas the secondary (control) sources G
are to be placed at x ¼ �‘ and x ¼ ‘ to protect the domains

x < �‘ and x > ‘. These domains are interpreted as subdo-

mains of a single multiply connected domain D. We suppose

the field is monochromatic and, in the frequency domain, the

generated wanted field is represented by sound pressure

A1e�jkx if x < �‘ and A2e jkx if x > ‘. In turn, it is assumed

that the noise is generated in such a way that field B1ejkx

propagates toward domain x < �‘, while field B2e�jkx, to-

ward domain x > ‘. For simplicity, anechoic terminations

are assumed in the example so that there are no reflections

from the ends. It should be noted that the general solution

method itself can be applied to cases with any arbitrary

terminations.

Let us put both a monopole and dipole at each of the

two points x ¼ �‘ and x ¼ ‘. Assume that the amplitudes of

the monopoles and dipoles are given by qi and bi, respec-

tively, where i¼ 1 corresponds to x ¼ �‘, while i¼ 2 in the

case of x ¼ ‘. In addition, suppose both the dipoles are ori-

ented toward x¼ 0.

The field generated by all the primary and secondary

sources is given by

�pðxÞ ¼ A1e�jkx þ A2ejkx þ B1ejkx þ ðq1 � b1Þejkðxþ‘Þ

þ q2 þ b2ð Þejkðx�‘Þ;

if x < �‘ and

�pðxÞ ¼ A1e�jkx þ A2ejkx þ B2e�jkx þ q1 þ b1ð Þe�jkðxþ‘Þ

þ ðq2 � b2Þe�jkðx�‘Þ;

if x > ‘.
We require only the field �pðxÞ ¼ A1e�jkx þ A2ejkx to be

composed of the two wanted sounds in the protected

domains x < �‘ and x > ‘. It should be noted that this

requirement is fundamentally different from that of an active

absorber, which would have required only A1e�jkx in the do-

main x < �‘ and A2ejkx in the domain x > ‘.
Then, we arrive at the following requirements,

ðq1 � b1Þejk‘ þ q2 þ b2ð Þe�jk‘ þ B1 ¼ 0; (1)

if x < �‘ and

q1 þ b1ð Þe�jk‘ þ ðq2 � b2Þejk‘ þ B2 ¼ 0; (2)

if x > ‘.
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The particle velocity and sound pressure before the con-

trol are given by

�pð�‘Þ ¼ A1ejk‘ þ A2e�jk‘ þ B1e�jk‘;

�uð�‘Þ ¼ 1

qc
ðA1ejk‘ � A2e�jk‘ � B1e�jk‘Þ;

�pð‘Þ ¼ A1e�jk‘ þ A2ejk‘ þ B2e�jk‘;

�uð‘Þ ¼ 1

qc
ðA1e�jk‘ � A2ejk‘ þ B2e�jk‘Þ: (3)

Next, having formally applied the secondary sources derived

in Ref. 15 for a simply connected domain, at each of the two

boundary points ðx ¼ 6‘Þ, we arrive at the following

controls,

q1 ¼
qc�uð�‘Þ

2
; q2 ¼ �

qc�uð‘Þ
2

;

b1 ¼
�pð�‘Þ

2
; b2 ¼

�pð‘Þ
2
: (4)

Alternatively, the controls (4) can simply be postulated.

Then, substituting Eqs. (3) into (4), one can verify that con-

ditions (1) and (2) are valid.

To analyze the operation of the controls, let us consider,

for example, the domain x < �‘. From Eq. (1) one can

obtain that the control sources at point x ¼ �‘ generate the

following field,

�pðxÞ ¼ �f q2 þ b2ð Þejkðx�‘Þ þ B1ejkx þ A2ejkxg þ A2ejkx:

The above equation is written to show explicitly that the con-

trols at x ¼ �‘ attenuate any field coming into domain

x < �‘, on the one hand, and restore the wanted field (the last

term with A2) from the right-hand side, on the other hand.

Overall, the governing acoustics equations after the con-

trol are written as

@p

@t
þ qc2 @u

@x
¼ qc2qvol þ fp;

@u

@t
þ 1

q
@p

@x
¼ bvol

q
þ fu;

where the controls are given by

qvolðxÞ ¼ uð�‘Þdðxþ ‘Þ � uð‘Þdðx� ‘Þ;
bvolðxÞ ¼ pð�‘Þdðxþ ‘Þ � pð‘Þdðx� ‘Þ: (5)

Here, fp and fu are the appropriate source functions, d(x) is

the 1D delta-function, determined in the space of distribu-

tions (see, e.g., Ref. 17). The controls qvol and bvol of Eq. (5)

depend on the particle velocity and sound pressure, respec-

tively. It is to be noted that, as soon as we introduce the

delta-function, we should consider the solution to the prob-

lem in the generalized sense.18 Alternatively, the delta-func-

tion should be approximated by its counterpart in the space

of standard functions.

One can see, the controls (5) are a partial case of the

general solution19 in 3D case,

qvol ¼ unðCÞdðCÞ;
~bvol ¼ ~npðCÞdðCÞ: (6)

Here,~n is the external normal to the boundary C of the protected

domain and d(C) is the delta-function assigned to the surface C.

In the example, the coordinate of the normal to the boundary C
at x ¼ �‘ equals 1, while at x ¼ ‘ it is equal to�1.

In practical applications, the point sources (5), should be

approximated by spatially extended terms.15 For example,

the controls at point x ¼ ‘ is represented by

q
ðhÞ
vol;‘ ¼ �

Hhðx� ‘Þ
h

u‘;

b
ðhÞ
vol;‘ ¼ �

Hhðx� ‘Þ
h

p‘: (7)

Here, Hh(x): h(h=2� x)h(h=2þ x), where h denotes the fi-

nite difference step and h(x) is the indicator function; the

particle velocity u‘ and sound pressure p‘, respectively,

should be measured near the point x ¼ ‘. Accordingly, these

controls are represented by the volume velocity per unit vol-

ume and the force per unit volume, see Ref. 1. In an experi-

mental setting, h in Eq. (7) corresponds to the thickness of

the source,15,20 the control q
ðhÞ
vol is implemented as an acoustic

monopole and the control b
ðhÞ
vol is implemented as a dipole.

The thickness of the source should be adequately smaller

than the wavelength. This follows from the theoretical

approximation kh� 1.15

In Ref. 15, for a simply connected domain it is shown

that the controls (6) preserve the reverberation field of the

wanted sound. The mechanism behind this is as follows. The

controls attenuate any field coming into the domain to be

shielded and, at the same time, generate only the field inside

the domain that is exactly required to restore the reverbera-

tion of the wanted sound there. Thus, the AS controls are

“transparent” to the reflected component of the wanted sound

coming into the protected domain. The same conclusion is

applicable to a multiply connected domain. For instance, in

the example in question, assume that there is a rigid termina-

tion on the right-hand side at x ¼ ‘1 > ‘. Then, we can inter-

pret any reverberation of wanted sound generated in the

domain ‘ < x < ‘1 as just the wanted sound from this do-

main. In addition, there is no reverberation of noise because

of its attenuation in the domain ‘ � x � ‘1. Then, the prob-

lem can be reduced to the example considered above except

the reverberation of the wanted sound generated in the do-

main x < �‘. In contrast to the previous case, the input

(measured) data at x ¼ �‘ change due to the contribution of

the reflected field of the wanted sound from the left-hand

side. However, as noted above, the appropriate additional

secondary sources do not damage the reverberation field in

domain x < �‘. In turn, the controls at x ¼ ‘ are transparent

to the wanted field coming from the left-hand side and its

reverberation holds inside the protected domain ‘ � x � ‘1.

In the experimental implementation of the AS solution,

there are also some restrictions depending on the frequency

of acoustic signals generated. In practice, to maximize the ef-

ficiency in attenuation in 3D space, the optimum distribution

J. Acoust. Soc. Am., Vol. 129, No. 2, February 2011 Lim et al.: Multi-domain active sound control 719

Downloaded 06 Oct 2011 to 146.87.65.141. Redistribution subject to ASA license or copyright; see http://asadl.org/journals/doc/ASALIB-home/info/terms.jsp



of the control sources on boundary surfaces has to be defined.

Optimization of the control sources with respect to different

criteria has been studied by Loncaric and Tsynkov in Ref. 21.

It is to be noted that the described approach has recently been

extended to a nonstationary formulation and arbitrary degree

of sound control in Refs. 19 and 22, respectively.

III. EXPERIMENTAL RESULTS

A. AS of a simply connected domain

Regarding the validation of the AS solution based on

difference potentials, it is helpful to start by analyzing a one-

dimensional linear problem in the first instance. The solution

for the AS problems either with or without the wanted

sounds have previously been experimentally validated with

pure tone sound sources in a duct, and the results were

reported in Ref. 20. Following this work, the experiment is

now extended to cover broadband sound fields, including

multiple resonance regions. This is done in a cylindrical duct

manufactured of polypropylene tubing, which is sufficiently

rigid to allow losses through the duct walls to be neglected.23

As most AS techniques are more effective in general at

lower frequency rather than at higher frequency,1,24 the fre-

quency range is limited to below 1 kHz in the experiment.

The duct is 4.42 m in length. Its inner diameter is 0.17 m,

which allows it to be approximated acoustically as one-

dimensional up to a frequency of about 1 kHz. Figure 1(a)

illustrates the excitation of an unwanted noise source at the

right-end of the duct, and wanted sound source inside of the

shielded domain in a one-dimensional, rigid walled cylindri-

cal enclosure. The domain to be shielded occupies approxi-

mately one third of the entire volume of the enclosure on the

left-hand side. Any sound field having its acoustic source sit-

uated in the shielded domain is defined as “wanted.” Sources

outside are otherwise “unwanted” or “noise.” The sound

field includes reflections of the sound in the tube. In other

words, the wanted field is the combination of the sound

directly emitted from the wanted sound source and its rever-

beration within the tube. The fields of the wanted sound and

noise, and the outputs of the controls satisfy the plane wave

conditions. Measuring sensors and a control source unit are

located at the boundary of the shielded domain, at x¼ 0. The

sound pressure is measured along the axis of the duct in all

the experiments.

In the measuring process, before obtaining the AS solu-

tions for a given problem, directional and non-directional

components of the sound field are measured using a Brüel &

Kjær PULSE Sound & Vibration analyzer with the control

sources off. The former is the normal component of the par-

ticle velocity uo, and the latter is the acoustic pressure po of

the total field at the boundary. Then, the directional compo-

nent measured defines a non-directional AS control source

which is a monopole. On the other hand, the non-directional

component measured is used to define a dipole control

source which is directional.

The control sound field is derived from the measure-

ments of the total field of the unwanted noise and the wanted

sound on the boundary of the shielded domain. Unlike other

approaches, for the preservation of a desirable sound and

cancellation of noise, the procedure does not require any

additional explicit information regarding the wanted sound

or the system. In contrast, previous studies, e.g. Refs. 25 and

26, for similar control cases required either the wanted sound

or the unwanted noise to be absent in the measurement. In a

recent paper, directional measuring devices, i.e. directional

microphones, have been used in order to identify the wanted

component apart from the total field.27 This is not required

in our case because the wanted and unwanted components

are discriminated automatically even in the case when the

reverberation of the wanted sound propagates from the same

direction of the unwanted one15 (see also example given in

the Theoretical Formulation section). The measurement of

the particle velocity at the boundary and the difference

potential formulation are able to capture the difference in the

location of the wanted and unwanted sources automatically.

When the control sources are mounted on the boundary, the

direction of the dipole source defines the inside and outside

of a shielded domain. For this reason the direction of the

dipole source must be perpendicular to the boundary and

pointed out from the shielded domain [Fig. 1(b)]. The sound

generation system consists of loudspeakers, amplifiers, and a

PC with a multi-channel sound card. The measured values,

adjusted for the transfer function of the signal generator, are

used to calculate offline the control source signals based on

the difference potential theory. The source strengths of the

controls b and q related to the reference signal Vref are

b̂ ¼ p̂oAs

Hd
; q̂ ¼ ûo~nð ÞAs

Hm
: (8)

Here As is a cross-sectional surface area, Hd is the transfer

function of the dipole source signal generator, Hm is the

transfer function of the monopole source signal generator,

and ~n is a unit normal vector on the boundary surface. In (8)

b̂ ¼ b=Vref ; q̂ ¼ q=Vref ; p̂o ¼ po=Vref ; and ûo ¼ uo=Vref :
Then, the control source signals (6) are then saved as

phase-synchronous .wav files which can be played back

using a multi-channel compatible wave editor. This calcula-

tion is not carried out in real-time in the current setup. The

resulting attenuation of the unwanted sound and the preser-

vation of the wanted sound are studied by measuring the

total field composed with the wanted, unwanted, and control

sound all together in the duct.

B. Sensitivity analysis

In the first instance, a quick demonstration of the ability

of the AS method to attenuate broadband unwanted noise is
FIG. 1. Experimental setup for the test: (a) noise cancellation and preserva-

tion of wanted sound and (b) direction of an acoustic dipole.
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shown in Fig. 2. In this initial experiment, wanted sound is

not included, and a broadband linear unidirectional swept

sine signal is used to generate a noise field. The signal is

swept forward in frequency up to 1 kHz with a rate of

380 Hz/s. The signal is generated through the signal genera-

tor with a sampling rate of 2560 Hz and resolution of 16

bits/sample. When the AS control system is applied to a duct

where only an unwanted sound field propagates, it is found

that the solution is able to achieve an attenuation of about

12–18 dB in the shielded domain over a large frequency

range between 50 and 1 kHz except at some points, mostly

at anti-resonances. This is due to the fact that the sound level

at anti-resonances is very low. Hence the error in the mea-

surement is relatively high. The low attenuation between

580 and 700 Hz is another example of very small sound pres-

sures at the boundary of the shielded domain at those fre-

quencies when the boundary is close to the nodal plane of

the predominant resonant mode. Overall, the result shows

that the general solution which was used for the experiments

with pure tone sources20 is also effective with broadband

noise, as long as the sound field is strong enough to be meas-

ured accurately at the boundary of the shielded domain.

The sensitivity analysis (SA) has two objectives, i.e. to

estimate the sensitivity to changes in the input parameters,

and to identify the dominant sources of error (uncertainty)

affecting the resulting attenuation. The investigation evalu-

ates the quality of the control system, such as functionality

and reliability in operation against uncertainties. The analy-

sis is essential for the development of guidelines for the

practical use of the method. The error sources in the AS

method can be classified largely in two groups, one related

to position and the other to time. For instance, errors in the

measuring position, Dx, and the separation between loud-

speakers forming a dipole, Dd, may exist in the realization of

the controls. It is not uncommon that real environment does

not allow for physical devices to be mounted at exactly the

desired positions. These kinds of errors are concerned with

the spatial aspect of the system. On the other hand, errors in

time delay, Dt, and phase error, Du, can occur in digital sig-

nal processing or measuring equipment. In addition, changes

of the input and output system responses with time can cause

errors too, if the system is not controlled adaptively in real-

time. The initial system parameters may also be changed by

the introduction of the control sources. The purpose of the

SA is to prove the robustness of the control system due to

systematic small errors. However, this analysis does not look

into time varying errors.

Total deviation of the overall attenuation dg can be esti-

mated as follows: dg¼
P
jTij � dni, where the problem is

assumed to be linear. Figure 3 shows the sensitivity jTij with

respect to the estimated changes in different variables ni.

The variables ni represent factors, namely Dx, Dt, Dd, and

Du, that are perceived to have a strong influence on the ac-

curacy of the experiment. Dx is related to the size of the

measuring microphone used in the experiment, in this case a

quarter-inch microphone. Dx is assumed to be half the diam-

eter of the microphone head, i.e. 0.3175 cm. Dt is the mini-

mum controllable time step which generally depends on the

limited time resolution of the digital signal generator and the

sampling frequency used in the measurement. For this calcu-

lation, the sampling frequency is assumed to be 2048 Hz,

which gives Dt as 0.488 ms. Dd is the assumed error due to

uncertainty in the actual distance between the centers of the

loudspeakers composing the dipole source and is taken as

1cm in this analysis. Dd includes the uncertainty of the

FIG. 2. Attenuation of the unwanted sound in the shielded domain. Left-hand graph is a zoom-in of the low frequency results.

FIG. 3. Deviations of attenuation according to estimated changes in Dx, Dt,
Dd, and Du.
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effective acoustic centers of the drivers composing the

dipole source. The uncertainty in the overall phase Du,

which is assumed to be a frequency independent error, up to

1 kHz is assumed to be 1� for the purpose of the analysis.

The result of the SA shows that the dominant parameters

affecting the change of attenuation, when realistic values of

uncertainty are used, are Dt and Du, as can be seen in Fig. 3.

Du is usually manifested also as a time delay in the time do-

main. Therefore, the time signatures describing the control

sources have to be dealt with in high accuracy. A typical

modern digital signal processing system is able to sample

input data at frequency higher than 2048 Hz, which corre-

sponds to a Dt of 0.488 ms. The size of the measuring device

used for measurement causes acceptable error in attenuation,

as long as the sound field is measured as close as possible to

the effective center of the control source unit. As stated

above, the time delay error is the most dominant variable as

compared to the other error parameters. These results are

consistent with the theoretical SA performed in Ref. 28.

In further experiments described in later sections, broad-

band wanted sound fields are included to test the efficiency

of the AS method in different configurations requiring pres-

ervation of wanted sound.

C. Active control of multiple sound fields in
multi-domain

Figure 4 describes the experiment which demonstrates

the possibility of using AS to preserve multiple wanted

sounds in multi-domains. In the experiment, two shielded

domains are defined in both left and right ends of the duct.

Two different sources of the wanted sound are generated,

one inside each shielded domain. In addition, a noise source

is activated in the space between the two shielded domains.

To test the capability of the method in more practical cases,

human voice and a music track are used in the left- and

right-hand shielded domain, respectively, to generate the

broadband wanted sounds in the experiment. The wanted

sound signals are captured from recorded audio tracks. To fit

into the test frequency range of the duct, frequency contents

of the wanted sound sources that are higher than 1 kHz are

attenuated by a low-pass filter. The wanted sounds are cho-

sen to have practically different acoustic characteristics than

the unwanted sound, which is generated by a white noise sig-

nal, in the experiment. The different time signatures of the

output sound fields are illustrated further in this section.

To make the experimental model more general, the ge-

ometry of the system is designed to be asymmetric with

respect to the size of the domains and location of the noise

source. AS controls are mounted on the boundaries between

the unwanted noise field and the shielded domains. To gener-

alize the experiment further, and to take advantage of the

potential-based method’s ability to work without precise

knowledge of system conditions, terminations with unknown

finite impedance at both ends are used. In the experiment,

the unknown impedance condition is implemented by put-

ting approximately four inches thick generic fibrous sound

absorbing material on the rigid plate at each end of the tube.

The properties of the fibrous material are not known and are

not needed in the potential-based approach.

To apply Eqs. (1) and (2), the study considers the

shielded domains 1 and 2 together as one multiply connected

domain D. Thus, the boundary of the domain D contains two

parts. The experiment convincingly demonstrates that the

potential-based AS automatically extracts all the necessary

information about the system and the unwanted noise itself

from the measurements performed at each boundary. The

source strengths of the control monopoles and dipoles are

obtained by substituting the measured quantities, particle ve-

locity uo, and pressure po, of the total sound field at each

boundary into the equations for the strengths of the monop-

oles and dipoles.

Figure 5 illustrates the change of the total sound pres-

sure level in one of the shielded domains, at location (�),

specified in Fig. 4, before and after the control sources are

activated on both boundaries, and shows the similarity

between the result with AS activated and the original wanted

sound in the frequency domain. The symbols � in Fig. 5

show the initial sound pressure distribution when the noise

and wanted sounds are both on, while the control sources are

still off. The symbols þ represent the distribution of the net

sound pressure when the noise is canceled out by the con-

trols. The net sound pressure þ can be compared with the

wanted sounds, shown by the symbols * in Fig. 5. When

the control sources are activated, the control system attains

an overall attenuation of around 21 dB in both the left- and

right-hand shielded domains. Moreover, the net sound pres-

sure after the potential-based controls switched on generally

resembles closely the original wanted sound pressure at each

of the measurement positions in the shielded domains. The

next figure shows a clearer picture with the same results pre-

sented in 1/3-octave bands.

Figure 6(a) shows the similarity between the original

wanted sound pressure *, and the result, D when the con-

trols are switched on. In the experiment, a challenging condi-

tion is set up by introducing a significantly bigger unwanted

sound pressure than the wanted one (about 10 dB higher), so

that the results can give a reliable guidance of the attenuation

that can be achieved in practice when the wanted sound has
FIG. 4. Experimental setup for the test with two wanted sounds and one

noise source in a multi-domain setting.
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been seriously contaminated by strong unwanted noise. In

spite of significant level differences between the unwanted

noise and the wanted sound pressure, which are denoted by \

and *, respectively, in each frequency band in Fig. 6(a), the

wanted sound pressure is mostly preserved after the controls

are switched on. Figure 6(b) shows the error between the

result and the original wanted sound in decibel scale against

the level difference between the unwanted noise and wanted

sound pressure. Obviously, when the unwanted noise

becomes stronger relative to the wanted sound, the error

increases slightly due to the decrease in signal to noise ratio.

However, even when the noise is up to 15 dB stronger, the

errors is still less than about 1 dB. When the difference is

higher than 15 dB, i.e. when the signal to noise ratio is below

�15 dB, the error increases rapidly due to inherent errors in

the measurement system.

To further support and enhance the experimental evi-

dence of the preservation of the wanted sounds, the results

are also studied in the time domain. Figure 7 illustrates the

time signatures of data described above in Figs. 5 and 6.

The solid line in Fig. 7(a) shows the initial sound pres-

sure when the noise and wanted sounds are both on, while

the control sources are still off. Figure 7(b) represents the

net sound pressure field when the noise is canceled out after

the activation of the AS control sources. For comparison, the

original wanted sound is separately measured at the same

reference position when both the AS control and the

unwanted noise sources have been turned off. This is shown

in Fig. 7(c). The shielded result and the original wanted

sound are overlaid in Fig. 7(d) for the time period between

2.2 and 2.3 s to give a clearer view. The figure shows clearly

that, on the whole, the total sound field with the potential-

based control sources resembles closely the original wanted

sound fields at each measuring position in the shielded do-

main. The similarity of the net sound field shielded by the

AS control sources and the original wanted sound fields is

also evaluated by the cross-correlation of the two time signa-

tures29 shown in Fig. 7. The cross-correlation of the wanted

sound and the total sound pressure that consists of the

unwanted noise and the wanted sounds without controls is at

a maximum of 0.67 at zero time-lag. When the AS control

sources are switched on, the cross-correlation of the wanted

sound and the shielded total sound pressure (the unwanted

noise, the wanted sounds, and the controls together) jumps to

FIG. 5. Preservation of the wanted sound in one of the shielded domains;

*: wanted sound pressure, �: the sound pressure of noise and wanted sound

without control, and þ: total sound pressure of noise and wanted sound, and

controls. Bottom graph is a zoom-in of the result in the 320–500 Hz fre-

quency range.

FIG. 6. In a scale of one-third octave bands: (a) sound pressure distribution (overall noise about 10 dB higher than the wanted sound); *: wanted sound pres-

sure, D: shielded total sound pressure (the sum of unwanted, wanted sound, and control outputs), \: unwanted sound pressure, and �: the sum of unwanted and

wanted sound pressure, and (b) errors between actively shielded results and the wanted sound against the difference between unwanted and wanted sound pres-

sure levels.
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0.99 at the same point of time-lag. The ideal cross-correla-

tion of two identical signals is 1.0. This is almost achieved

in the experiment, which shows that the shielded net sound

field with the controls on matches the original wanted sound

field very well. The experiment clearly proves that wanted

sounds can be very effectively protected by the active con-

trols based on the proposed method even in multi-domains

where wanted sounds from different shielded domains can

also interfere with each other, while unwanted noise is sig-

nificantly suppressed by the AS control sources.

Despite the difficulty in dealing with multiple control

sources and the complexity of multi-domains, the results in

this section show better efficiency in the overall attenuation

and preservation of the wanted sounds, when compared with

the result discussed in the previous section. One of the main

reasons can be found in the design of the experimental

model. That is, the terminations are more absorptive in this

multi-domain experiment, which damped the tube resonan-

ces. At resonances and anti-resonances the result is much

more sensitive to measurement errors due to large changes

in the sound pressure,28 see also the SA in Sec. III B. By

damping out the resonances, this sensitivity to error is signif-

icantly reduced. The other reason for the better result is that

the accuracy of the control system has also been improved

by explicitly taking some of the causes of inherent measure-

ment errors into account. For instance, the phase distortion

caused by a time delay in the digital-to-analog converter

used is corrected for in this latest measurement. According

to the SA in Sec. III B, it has been shown that the control

system is most sensitive to time delay errors. Correcting for

this error thus improves the result significantly. All these to-

gether make a significant contribution to the stability of the

whole system and the repeatability of the measurements.

IV. CONCLUSIONS

The practicality of AS based on the method of differ-

ence potentials has been experimentally validated with

broadband acoustic sources in a variety of one-dimensional

bounded domains. Unlike previous experiments with pure

tone sources, the sound fields generated by broadband sig-

nals in the experiments presented in this paper include sub-

stantial resonances and anti-resonances in the system.

Through these experiments, it has been shown that attenua-

tion from 15 to 20 dB can be achieved even at resonances in

the shielded domains, whether or not wanted sounds exist in

the same space. Similar to other existing AS methods, the

effectiveness of the control solution based on the difference

potentials method are most sensitive to time delay errors

especially at resonances. Apart from the practical difficulties

FIG. 7. Sound pressure in time domain: (a) the sound pressure of noise and wanted sound without control, (b) shielded total sound pressure (noise, wanted

sounds, and controls), (c) wanted sound pressure, and (d) ��� wanted sound pressure, and *: shielded total sound pressure.
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associated with this high sensitivity at resonances, the pres-

ent experiments show that the method can provide an effec-

tive solution not only at non-resonance regimes but also

through a full continuous broadband spectrum of frequency

that includes resonances. However, in practice, it is difficult

to find an accurate solution at strong anti-resonances when

the physical values of the total sound field to be measured at

the boundary are too small to be measured with sufficient ac-

curacy. This is limited by the dynamic range of the measure-

ment probe and the very low signal to noise ratio at strong

anti-resonances.

The level of attenuation found in the result of the experi-

ments is similar to the those achieved by other existing conven-

tional AS methods when broadband sources are used in a

one-dimensional enclosure. In addition to the significant sup-

pression of noise, the proposed method has been shown to also

effectively preserve the wanted sounds separately from the total

fields of noise and wanted sounds, even when there are multiple

shielded domains with interfering wanted sounds from different

domains, and that the system characteristics are not known.

The results clearly demonstrate the potential advantages of the

method in practical applications under these conditions.

This paper has shown that the proposed approach can be

realized provided that the contribution of the control sources

to the input data can be separated. An obvious question to fol-

low up is how to obtain such separation in practice. Theoreti-

cally, it has been proven in Ref. 18 that this can be done via a

modification of the solution presented by Eq. (6). It requires

additional on-line calculations of surface potentials, which

can be efficiently carried out via the method of difference

potentials. However, the implementation of the algorithm is

far from trivial and will be an objective of our future research.
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