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This paper presents a sensitivity analysis to error microphone placement and
extraneous noise sources for two control source conﬁgurations used for the active
control of noise radiated from a compact source. The two control conﬁgurations
analyzed are a linear array of four control sources with the primary source in the
middle of the array and a symmetric array of four control sources surrounding
the primary source. For modeling purposes, the primary source and the control
sources are modeled as simple sources with a bafﬂed free space Green’s function
to predict the noise measured by the four error microphones. The control source
strengths which minimize the squared pressure at the error microphones are
solved for based on error microphone locations. If the microphones are placed
properly with no error in spatial location, this minimization process has been
previously shown to result in radiated power minimization. Simulation results
show the linear array is signiﬁcantly more sensitive to microphone placement
errors than the symmetric array. The linear array conﬁguration is also shown
to be more sensitive to added random noise in the error signals. Experimental
results suggest that for the conﬁgurations used, the sensitivity to microphone
placement errors was the dominant effect. The reduction in performance for
the linear array conﬁguration is signiﬁcant with microphone placement errors
and/or added random noise, while the reduction in performance for the symmetric array is minimal. © 2013 Institute of Noise Control Engineering.
Primary subject classiﬁcation: 38.2; Secondary subject classiﬁcation: 11.4.1

1

INTRODUCTION

The motivation for the work presented in this paper
is connected with previous work investigating the active
control of small axial cooling fans, which can be
characterized as compact acoustic sources. Active
noise control of axial cooling fans has been studied
using various control source conﬁgurations1–8. The
range of control system conﬁgurations includes simple
single control source conﬁgurations1–3 to four control
sources in various conﬁgurations5–7. Gee and Sommerfeldt5,6 and Monson et al.7 applied a sound power reduction technique to an axial cooling fan surrounded by
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symmetrically-arranged loudspeakers. The sound power
reduction technique was proposed by Nelson et al.9 and
Elliot et al.10 to globally attenuate simple noise sources.
The global control can be achieved by introducing
control sources that are closely spaced to the primary
source relative to an acoustic wavelength. Theoretically,
optimal control source strengths were found by the
minimization of the power radiated by the system of
primary and secondary sources. In applying this
technique to cooling fans, Gee and Sommerfeldt5,6
found the optimal near-ﬁeld error microphone locations
by a) modeling all sources as monopoles, b) using the
Nelson et al.9 and Elliott et al.10 method to theoretically
minimize the radiated power, and c) ﬁnding where the
calculated near-ﬁeld pressure level reduction was the
greatest. By then placing microphones at those nearﬁeld locations of greatest pressure level reduction, it
was postulated that minimization of the radiated sound
power can be achieved by minimizing the pressure at
the near-ﬁeld sensors. These near-ﬁeld locations where
pressure level reduction is greatest when minimizing
the radiate power will be referred to as the optimal
locations. However, because minimization of the

squared-pressure at discrete locations does not necessarily guarantee the source coupling that will result in
minimized radiated power, near-ﬁeld measurements
were used to conﬁrm the validity of this approach11.
Optimization of active control systems has also been
a source of emphasis, including the optimal placement
of error sensors and control source placement12–19.
For instance, Clark and Fuller12 used an algorithm to
optimize the placement of a piezoelectric actuator and
strain error sensor to control the sound radiated from
a bafﬂed simply supported plate. Berkhoff13 found that
there was an optimal distance between control sources
and error sensors for the active control of sound transmission through a plate. Pulthasthan and Pota14 used
an energy based approach to ﬁnd the optimal actuator
and sensor locations to control structural radiation.
Additionally, genetic algorithms have also been
implemented to ﬁnd the optimal locations for control
sources and error sensors. In research designed to optimize attenuation of noise from axial cooling fans, Duke
et al.16 used a genetic algorithm to investigate the control of compact noise sources and improve upon the
symmetric four control source arrangement used by
Gee and Sommerfeldt5,6. The genetic algorithm results
showed that including the primary source within a linear
array of four control sources, two on each side of the primary source, was the optimal control source conﬁguration that minimized the sound power of the primary
source. Experiments showed improved performance
relative to Gee and Sommerfeldt’s symmetric source
arrangement. However, Duke et al.16 were not able to
achieve the theoretical reductions in radiated power
predicted from the linear array of sources. The fact that
the linear array conﬁguration was unable to achieve the
theoretical attenuations suggested that other aspects of
the control system were limiting the attenuation. Hansen
and Snyder20 proposed that a number of different
aspects of an active control conﬁguration impact the
attenuation achieved in addition to control source conﬁguration, including error sensor placement, quality of
the reference signal and the controller.
When implementing active noise control in previous
research, the acoustic pressure was minimized at the
error sensors (typically using the ﬁltered-x algorithm).
However, minimization of the acoustic pressure did
not always result in achievement of the predicted reduction in radiated power, even though the pressure at the
error sensors was generally reduced down to the noise
ﬂoor. The aim in this paper was to ﬁnd the impact of
the error sensor placement on the control system by
simulating the control conﬁguration used by Duke
et al.16 compared to the symmetric control system
used by Gee and Sommerfeldt5,6. It will be shown
that in some conﬁgurations, if the placement of the
Noise Control Engr. J. 61 (3), May-June 2013

error sensors varies even a small amount from the
optimal locations, signiﬁcant degradation of the performance will occur.

2

EFFECTS OF SPATIAL ERRORS

The control approach adopted in this work relies on
placing one or more error sensors in the near ﬁeld of
the sources, which has the effect of creating a nodal line
at the location of the sensors. This concept will be
reviewed brieﬂy for the case of two point sources
located a distance d apart, which will aid in understanding the effect of placing the error sensors at suboptimal locations.
Consider a primary point source with source
strength, Qp, placed on the positive x-axis a distance
x0 from the origin. A secondary point source with
complex source strength, Aejf, is placed on the negative
x-axis, also a distance x0 from the origin. The complex
pressure ﬁeld response can then be expressed as
p¼

jrckQp jkr1 jrckAejϕ jkr2
e
þ
e
;
4πr1
4πr2

ð1Þ

where r is the ﬂuid density, c is the speed of sound, k is
the acoustic wavenumber, and r1 and r2 are the distances
from the primary and secondary control sources to the
ﬁeld point, respectively.
For a dipole, A = Qp and f = π. When this solution is
implemented, a nodal plane is created on the y–z plane
at x = 0. This solution can also be obtained by placing
an error sensor in this plane and having the control system drive the pressure at the error sensor to zero. It
turns out that this is not the solution that minimizes
the radiated acoustic power. As shown by Nelson and
Elliott21, the optimal solution for minimizing radiated
power is for A = sinc(kd) and N = π. When this solution
is implemented, a nodal plane is again created, but it is
not at x = 0. For the speciﬁc parameters of x0 = 0.03 m
and a frequency of 600 Hz the pressure nodal plane is
shifted towards the secondary control source by about
1 mm. For these parameters, the radiated power is attenuated by 8.4 dB using the dipole solution, and by 8.6 dB
using the optimal solution. Thus, while this is not a large
difference for this case, by shifting the location of the
error sensor by about 1 mm one would expect a change
of about 0.2 dB in the acoustic power that is radiated.
Continuing this example, we can implement a control
source strength that will minimize the squared pressure
at any location along the line between the two sources.
This source strength is given by
Ae j; ¼

r2
Qp :
r1

ð2Þ

281

For a given source strength, the radiated power can be
expressed as


ð3Þ
Π ¼ Πp 1 þ A2 þ 2Asinc ðkd Þ cosðfÞ ;
where Πp is the power radiated by the primary source
with no control. The power that is radiated as a function
of sensor location is shown in Fig. 1, where it can be
seen that minimizing the pressure at a suboptimal location in the near ﬁeld will reduce the level of power attenuation that can be achieved by the control system.
While the changes in radiated power are not dramatic
for small errors in error sensor location in this simple
example, for complex higher order sources such as are
investigated in this article, the effects can become much
more signiﬁcant. It will be shown that for some control
conﬁgurations, even small errors in placing the error
sensors can yield signiﬁcant changes in the attenuation
of the radiated sound power that can be achieved.

Fig. 1—Attenuation of the radiated power as a
function of error sensor location along
the line joining the primary source and
the secondary control source. a) Error
sensor moved through the range of
20 mm to either side of the centerline
between the sources, and b) Zoomed in
to show the optimal location
approximately 1.1 mm off the
centerline (negative distance is
towards the secondary control source).
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3
3.1

SIMULATION
Global Active Control

A brief overview of the free ﬁeld active noise control
theory developed by Nelson and Elliott21 is presented
in this section as the basis for the simulation of the
control system. Free ﬁeld global active noise control
uses near ﬁeld control sources that are closely spaced
relative to a wavelength to minimize the sound power of
a primary source. Each source contributes to the overall
sound power and creates a radiation impedance between
itself and all sources present according to


jk 2 ro c ejkd
Z ðkd Þ ¼
;
kd
4π

ð4Þ

where k is the wave number, d is the distance between
the two sources, ro and c are the density and speed of
sound in the medium respectively. (The so-called
self-impedance occurs when d ! 0.) Using Eqn. (4),
impedance matrices can then be constructed to ﬁnd the
total sound power of a conﬁguration of sources. The
matrix Z cc can be deﬁned as a control source impedance matrix between all of the control sources. Additionally, the primary source impedance matrix, Z pp ,
includes elements representing the impedances between
all primary sources. Lastly, Zcp and Z pc are matrices
with impedances coupling the primary and secondary
T
sources, where Z cp ¼ Z pc . Using these impedance
matrices to break up the sound power expression into
control and primary sources, the total sound power is
given by,


1 H  
H
Π¼
Qp Re Zpp Qp þ Qc Re Zpc Qp
2


  
H
H
þ Qp Re Zcp Qc þ Qc Re Zcc Qc
ð5Þ
where Qc is the complex control source strength vector, whose elements are the control source strengths
of each control source, Qp is the complex source
strength vector of the primary sources, and H is the
Hermitian transpose. Deﬁning
1  
A ¼ Re Zcc ;
2

ð6Þ

1  
B ¼ Re Zpc ; Qp ;
2

ð7Þ

C¼


1 H 
Qp Re Zpp ; Qp ;
2

ð8Þ

simpliﬁes the sound power expression. By minimizing
the sound power expression with respect to the

control source strength vector, the optimal control
source strengths are determined to be,
Qso ¼  A

1

B;

ð9Þ

with the minimized sound power given as
H

1

Πmin ¼ C  B A

B:

ð10Þ

When applying the sound power minimization to a
primary source using active noise control, the aim is
to have the control conﬁguration achieve the minimized
sound power given in Eqn. (10). This approach was
implemented with exhaust-mounted cooling fans by
Gee and Sommerfeldt,5,6 Monson et al.7 and Shafer
et al.11 by modeling the bafﬂed fan and control speakers
as simple sources. The optimal control source strengths
that minimize the sound power were calculated, and
used to predict the near-ﬁeld controlled pressure ﬁeld
relative to the primary pressure ﬁeld. The relative pressure ﬁeld was then used as an error sensor placement
map with contours of maximum attenuation being the
ideal locations for the error sensors. Using this method,
the blade passage frequency and the harmonics of an
axial cooling fan were actively controlled. Shafer
et al.11 were able to conﬁrm that the predicted near-ﬁeld
pressure ﬁeld relative to the primary ﬁeld was achieved
experimentally through using this approach11.
To optimize the control source conﬁguration, Duke
et al.16 used a genetic algorithm. The algorithm iterated
through control source conﬁgurations to converge onto
the optimal control source locations which minimized
the overall sound power. The resulting control source
conﬁguration is shown in Fig. 216 compared to a symmetric surrounding conﬁguration used by Gee and
Sommerfeldt5,6. The linear array conﬁguration predicted a reduction in the sound power of 58, 33 and
18 dB at 550, 1100, and 1650 Hz respectively. However,
experimental results only achieved 32, 23 and 3 dB16.
One possible reason for the discrepancy in performance
was errors in the placement of the error sensors, which is
the focus of this work. It will be emphasized here that
the objective of the control system used here is to minimize overall radiated acoustic power, but the controller
attempts to do so by minimizing the acoustic pressure
at strategically chosen locations. Thus, any error in
placing the error sensors at the optimal locations can
potentially affect the attenuation of radiated power that
can be achieved.

3.2

Control System Modeling

In order to investigate the impact on control performance of error sensor location and extraneous noise
in the error signals, a control system model was created
and used to test the control conﬁgurations under
Noise Control Engr. J. 61 (3), May-June 2013

different scenarios. The model allows for the control
system performance to be analyzed under different error
sensor position combinations. The model is based on
representing the control sources as bafﬂed simple
sources and the microphones as point sensors. The free
space Green’s function for a bafﬂed monopole source
is used to model the transfer function between the simple sources and the point microphones, given by
G¼

jro ck jkD
;
e
2πD

ð11Þ

where D is the distance between the source and the point
of interest in space. The pressure due to the speciﬁc
source at the chosen point is found by multiplying
Eqn. (11) by the source strength, qs. The total pressure
at point m in space can then be calculated using the
Green’s function between each primary or control
source and point m given by
pm ¼ q1 G1m þ q2 G2m þ ⋯ þ qn Gnm ;

ð12Þ

Fig. 2—a) A symmetric conﬁguration of
control and primary sources employed
by Gee et al.5,6 b) A linear array of
control sources implemented by Duke
et al.16 for use in global active noise
control.
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where G1m is the Green’s function associated with
source 1 and point m. Equation (12) can now be used
to ﬁnd the pressure at each error microphone. The pressure of each microphone location is placed into an Mx1
vector, P, whose elements are found by using Eqn. (12).
Separating the control and primary sources in the
conﬁguration results in:
P ¼ Gcc Qc þ Gpp Qp ;

ð13Þ

where Gcc is a matrix of Green’s functions from each
control source to each of the microphones and Gpp is
a matrix of Green’s functions from each primary
source to each microphone. In order to simulate the
control system, the sum of the squared pressures at
each microphone location is found by forming
H

P P which results in
H

H

H

H

H

H

H

H

H

P P ¼ Qc Gcc Gcc Qc þ Qc Gcc Gpp Qp
þ Qp Gpp Gcc Qc þ Qp Gpp Gpp Qp : ð14Þ
The sum of the squared pressures at the microphones is minimized in the manner of an active noise
control system by taking the derivative of Eqn. (14)
with respect to Qc to yield
H

@P P
H
H
¼ 2 Gcc Gcc Qc þ 2 Gcc Gpp Qp :
@Qc

ð15Þ

The derivative is set to zero and the control source
strengths are solved for, resulting in
 H
1  H

ð16Þ
Qc ¼  Gcc Gcc
Gcc Gpp Qp :
Equation (16) gives the source strengths the control
system will converge to with the microphones in
any conﬁguration. These control source strengths are
then used to ﬁnd the sound power of the control system
conﬁguration using Eqn. (5). When the microphones
are in the optimal locations, the control source strengths
calculated from Eqn. (16) will match Eqn. (9). For a
given conﬁguration, the control source strengths in
Eqn. (16) are used to calculate the attenuation of the
primary source ﬁeld. Thus, by using this model, the
attenuation achieved by a control system can be
found as a function of the microphone positions.

3.3

Control System Simulation

The outlined model is used to simulate the two
control conﬁgurations shown in Fig. 2, i.e. the optimized linear array of control sources and the symmetric
conﬁguration. With the microphones in the optimal
locations, Shafer et al.11 conﬁrmed that the near-ﬁeld
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controlled pressure relative to the primary pressure
was created by the control system for the symmetric
conﬁguration. Building upon Shafer’s work, the sound
power of a primary source operating at 600 Hz was simulated with the two different control conﬁgurations. For
the simulation, the error microphones were placed in the
optimal locations found by Gee et al.5–7,11, which results
in a maximum attenuation of 58 dB for the linear array
and 29 dB for the symmetric conﬁguration.
After conﬁrming the control conﬁgurations could
achieve the predicted maxima, the simulation was then
used to investigate the sensitivity of the two control systems relative to microphone placement error. In the
simulation, a single microphone was moved with the
other three of the four microphones remaining in their
optimal locations. The single microphone is moved
along a line in space which crosses the optimal location.
The movement path of the microphone and the optimal
near-ﬁeld controlled pressure relative to the primary
ﬁeld for both conﬁgurations are shown in Fig. 3. A total
of three error microphone simulations are performed,
one for the symmetric case, and since the linear array
has two speakers closer to and two farther from the
primary source, two different microphone paths were
simulated. All the paths start 1 cm from the optimal
location and move 1 cm past the optimal placement,
with a total movement of 2 cm per simulation.
Figure 4 shows the results of the single microphone
placement error simulation, with distance on the
abscissa corresponding to the distance from the ideal
placement, with the positive values being further from
the primary source. For the two linear conﬁguration
microphone placement plots, there is a large, narrow
peak in the predicted attenuation, creating a wide range
of possible sound power attenuations for small errors
in microphone placement. The microphone closer to
the primary source leads to attenuation variations from
15–60 dB, while the predicted attenuation for the
microphone farther from the primary source varies
from 19–60 dB for the 2 cm simulation. Additionally,
the peak in the attenuation is narrow for the linear
conﬁguration, meaning a microphone placement error
of just 2 mm from the ideal placement means a 20–
28 dB drop in sound power attenuation. In contrast,
the symmetric conﬁguration varies from 20–30 dB
across the 2 cm simulation, which is a relatively
small range compared to the linear conﬁguration. In
particular, a 2 mm error in placement of one microphone
from the ideal placement only yields a 0.8 dB decrease
in attenuation compared to the large decrease of 20–
28 dB for the linear array control conﬁguration. This
illustrates that even a small error in sensor placement
could account for nearly all of the discrepancy in performance observed by Duke et al.16

Fig. 3—a) Optimal near-ﬁeld controlled
pressure ﬁeld relative to the primary
ﬁeld (in dB) for the symmetric
conﬁguration of control sources, with
the circles as control sources and the
star as the primary source. The
microphone path used for the nonﬁxed microphone is shown as the line
that crosses the contour of maximum
attenuation. b) Optimal near-ﬁeld
controlled pressure ﬁeld relative to the
primary ﬁeld (in dB) for the linear
conﬁguration of control sources, with
the circles as control sources and the
star as the primary source. The
microphone path used for the nonﬁxed microphone is shown as the line
that crosses the contour of maximum
attenuation. The linear conﬁguration
has two simulations, one for the close
microphone path and one for the far
microphone path.
Since these control systems use four microphones,
the above simulation was repeated incorporating position errors for all of the microphones. As before, one
Noise Control Engr. J. 61 (3), May-June 2013

of the four microphones was moved along the same line
in space, as shown in Fig. 3, for all three simulations.
This microphone is referred to as the simulation microphone. The other three error microphones were given a
placement error corresponding to a point on a grid with
overall size of 1 mm  1 mm. This grid was centered
on the ideal microphone location, and was broken up
into 81 different positions — 9 in each direction. At
each increment of the simulation microphone, the other
three microphones were individually incremented
across their grids to give a total of 531,441 microphone
position combinations. The attenuation was calculated
for all these microphone position combinations with
the maximum and minimum attenuation being saved
at each increment of the simulation microphone. The
maximum and minimum attenuations give an extreme
range of expected values from the control system based
on 1 mm error in placement of all the microphones. The
results are plotted in Fig. 5, along with the curves from
the previous single microphone placement error simulations for all three simulation paths. Figures 5(a) and 5(b)
indicate a large variability in possible attenuation values
for the linear array conﬁguration. Speciﬁcally, when the
simulation microphone is near the optimal location,
where the horizontal axis is close to zero, the variability
in attenuation has a range of 22–23 dB for the linear
array control conﬁguration. The large range shows how
sensitive the linear conﬁguration is to microphone position errors, especially compared to the 0.4 dB range of
variability for the symmetric case [Fig. 5(c)]. Looking
further into the two linear array conﬁguration simulations, there is more variability associated with the far
microphone than with the near microphone. Speciﬁcally, the far microphone has a 23 dB spread at the ideal

Fig. 4—The simulated sound power
attenuation (in dB) for three
simulations. One microphone is moved
along the paths shown in Fig. 3 while
keeping the other microphones
stationary, with the abscissa being the
distance from the optimal microphone
position.
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Fig. 5—The simulated sound power
attenuation for moving one
microphone across the paths shown in
Fig. 3 and the other three microphones
having position errors in the x and the
y direction of 1 mm. The maximum and
minimum sound power attenuation
curves correspond to the extreme
results obtained from the simulations
for the a) far microphone moved in the
linear conﬁguration, b) near
microphone moved in the linear
conﬁguration, and c) microphone
moved in the symmetric conﬁguration.

286

Noise Control Engr. J. 61 (3), May-June 2013

placement position compared to a 22 dB range for the
near microphone. Additionally, when the simulation
microphone was past the optimal location, i.e., farther
from the primary source, there is a 5 dB spread in
the attenuation for the far microphone compared to
a 2 dB spread for the near microphone. The results
show that the sensitivity of the linear array control
system conﬁguration to microphone placement errors
is much greater than that of the symmetric control
system conﬁguration.
Moving on from the placement error simulations, the
effect of having an area sensor instead of a point sensor
is investigated. The sharp peak in predicted attenuation
for the linear array conﬁguration because of placement
error suggested that the microphone diaphragm size
might have an impact on performance of the control
system. Thus, the model was changed from having
point sensors to area sensors. The free space Green’s
function was modiﬁed to include a surface integral of
the pressure across each microphone diaphragm, with
an area of 5 mm by 5 mm for each diaphragm. The
same process was used to solve for the control source
strengths and the resulting sound power with the modiﬁed Green’s functions, as previously presented.
Performing the simulation with all four microphones
in the ideal locations, the results showed that for this
microphone diaphragm size, the sound power attenuation does not change, i.e., the same results were
obtained as when the point error sensors were used in
the model. The control system simulation created a
node in the pressure across the center of the microphone with positive and negative pressure on either side
of the node. The result suggests that the size of the diaphragm is not as critical in the control system as is
the location of the acoustic center of the microphone.
The last aspect of the error sensor sensitivity that was
investigated was sensitivity to extraneous noise in the
error signals. This noise could come from either electrical noise associated with the measurement hardware or
acoustical noise at the error sensor. The noise is added
to the system at the error microphones in the form of
n ¼ Aej2πb ;

ð17Þ

where A is an amplitude term which can be varied to
yield different signal to noise ratios and b is a random
number with a uniform distribution to give the noise a
random phase element. Thus, the pressure at each microphone, as given in Eqn. (12), was modiﬁed to include
a noise vector, whose elements are representative of the
noise for each error microphone as given in Eqn. (17),
given by,
P ¼ Gcc Qc þ Gpp Qp þ n:

ð18Þ

Fig. 6—The predicted sound power attenuation
of a primary source with noise added
to the error microphones at different
signal to noise ratios. Three of the four
microphones remain in the optimal
locations with one microphone being
incremented along the path shown in
Fig. 3. a) Attenuation for the linear
conﬁguration, with the legend values
showing the signal to noise ratio at
the far and near microphones.
b) Attenuation for the symmetric
conﬁguration.
Following the same procedure outlined above of
minimizing the squared pressure at each of the microphones results in the control source strengths being
given by,
 H
1  H

H
Qc ¼  Gcc Gcc
Gcc Gpp Qp þ Gcc n : ð19Þ
Equation (19) shows that when the noise is added at
the error sensor, it is ﬁltered by the Hermitian transpose of the control source transfer function from the
control sources to the microphones. The control
source strength from Eqn. (19) was then inserted into
the equation for the total sound power of the system,
Eqn. (5), in order to determine the attenuation of the
primary source sound power. Since the noise is
Noise Control Engr. J. 61 (3), May-June 2013

considered to be random, the effect of different signal
to noise ratios on the control system is found by running the simulation 100 times with random added
noise and ﬁnding the resulting average sound power
attenuation. For this simulation, the microphones were
still incremented through the paths shown in Fig. 3
for the symmetric microphone and the near microphone, leaving out the far microphone. The signal
to noise ratios were calculated by ﬁnding the pressure
at each microphone from the primary source compared to the response from the added noise. The
results are shown in Fig. 6 for several signal to noise
ratios. As shown, the noise in the control system has
a much greater effect on the linear conﬁguration. The
attenuation dropped from 59 dB for an inﬁnite signal
to noise ratio to 41 dB for a 40 dB signal to noise ratio.
Looking at the symmetric conﬁguration, there is virtually no drop for the symmetric case with the same
40 dB signal to noise ratio. Looking further into the
linear array case, the control conﬁguration is more
sensitive to the noise when the microphone is closer
to the optimal location (close to zero on the abscissa).
The overall results show the linear array control
system conﬁguration was more sensitive to uncorrelated
noise sources compared to the symmetric control system
conﬁguration. Additionally, the linear array control
conﬁguration is much more sensitive to errors in microphone placement than the symmetric conﬁguration.

4
4.1

EXPERIMENTS
Experimental Setup

The microphone placement sensitivity of the two
conﬁgurations was then tested experimentally. The primary source used was a 2.5 cm tweeter loudspeaker
placed in a speaker plate. The 2.5 cm control sources
were placed around the primary source according to
Fig. 2 for both conﬁgurations. The control set up is
shown in Fig. 7. (Only 4 of the 6 control speakers were
operated for any given test, to correspond to either the

Control Source (1 of 6
shown)
Primary Source
Error Microphone
(1 of 4 shown)

Fig. 7—The experimental setup of the linear
array and symmetric conﬁguration
used.
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linear or symmetric conﬁguration.) The feed-forward
control system is implemented using the ﬁltered-x
LMS algorithm running on a Texas Instruments
320C6713 DSP with a sampling frequency of 4000
Hz. The multi-channel ﬁltered-x LMS controller used
20 control ﬁlter coefﬁcients and 20 secondary path
model coefﬁcients for each ﬁlter implemented, with a
total of 4 control ﬁlters and 16 secondary path model
ﬁlters. The four control sources were each driven by
their own unique control signals, which after adaptation
corresponded to the signals that resulted in minimum
pressure response at the four microphone error sensors.
The sixteen secondary path ﬁlters modeled the transfer
functions from each of the four control sources to each
of the four error sensors. For this work, the secondary
path ﬁlters were obtained a priori using broadband
noise excitation of the control sources to obtain the
ﬁlters. A single reference signal obtained from the input signal to the primary source was used as the reference input for the control system. The error
microphones were 6 mm Hosiden electret microphones. Anti-aliasing low-pass ﬁlters were implemented using Krohn-Hite 3384 8 pole ﬁlters set with a
cutoff frequency of 1800 Hz.
The primary source speaker was driven at 600 Hz.
This frequency was chosen since the application of
interest for this research was the active control of
small axial fans, where the blade passage frequency is
often close to 600 Hz. The sensitivity of the control system to microphone location was found by placing three
of the four microphones in the calculated optimal locations. Following the control paths in Fig. 3, the fourth
microphone was incremented at 2.5 mm increments
with a total of 9 measurements. Each error microphone
path was tested four times. For each of these error sensor
locations, the sound power attenuation of the primary
ﬁeld was measured. The sound power measurement
was obtained using a rotating semicircular microphone
array with a radius of 1.8 m and thirteen 12.7 mm GRAS
type I microphones equally spaced along the semicircle.
The control set up was placed directly under the center
microphone of the array and the array was rotated about
the center microphone at 15 degree increments to create
a 360 degree hemispherical scan. At each of the measurement microphone locations, the autospectrum was
calculated using 15 averages and a frequency resolution
of 6.1 Hz. The sound power was then calculated using
an area weighting function used by Leishman et al22.
In this method, an area weighting function is used on
the individual microphone measurements to account
for the unequal areas swept out by the measurement
array to determine the sound power.
To experimentally test whether the error sensor
surface area has any impact on performance, control
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was also run using 12.7 mm type I Larson Davis
microphones for the error sensors in place of the 6 mm
electret microphones. The larger microphones were
placed in the maximum attenuation locations for this
trial.

4.2

Results

The results for the four separate trials to measure
sensitivity to error sensor placement are shown in Fig. 8.
The experimental trials are plotted along with the simulated range for possible attenuations calculated in Fig. 5.
Generally the values are within the range predicted by
Fig. 5. However, toward the optimal position placement
of the moved microphone, the values become closer to
the minimum predicted attenuation. With respect to
the linear array conﬁguration plots, the far microphone
has experimental values that are higher than predicted
on the outside tails of the plot. However, the trends
for the experimental trials for the far microphone still
appear reasonable, with the attenuation sloping downward faster as the microphone moves from the optimal
location toward the primary source than when the
microphone is moving away from the primary source.
This pattern matches the pattern of the simulation
shown in Fig. 4 when 3 of the 4 microphones are in
the optimal locations. Allowing for an experimental
error of up to 1 mm for all four microphones, the
data matches what could be reasonably expected from
the control system, meaning that most of the data are
within the expected range calculated and shown in
Fig. 5. The experimental results showed that the linear
array does have a signiﬁcantly greater sensitivity to
microphone placement compared to the symmetric
array. Looking speciﬁcally across the 9 measurements
for a single trial (moving one microphone 2 cm) the
range of sound power attenuation values for the closer
microphone in the linear array conﬁguration was 15–
34 dB. This 19 dB range was much higher than the
symmetric conﬁguration that had a range of 8 dB
(20–28 dB). Speciﬁcally, moving off the optimal location in either direction 2.5 mm meant an average of
5.5 dB reduced attenuation for the closer microphone
in the linear array conﬁguration, compared to 0.6 dB
reduced attenuation for the symmetric conﬁguration.
The error sensor signal to noise ratio is determined
by taking a measurement with the control on and
off. The signal to noise ratio was determined to be
50–70 dB for the four microphones. The noise simulation plots show that a signal to noise ratio of 50–70
did not have a signiﬁcant impact on either control conﬁguration. The signal to noise ratio measurement and
the experimental results from moving one microphone
suggest that microphone placement is the most

microphones as error sensors conﬁrms the simulation
result that microphone diaphragm size does not affect
the control signiﬁcantly at this frequency.

5

Fig. 8—The experimental results from four
experimental runs plotted against the
maximum and minimum attenuations
of the primary source calculated in
Fig. 5 for the a) linear conﬁguration
moving a microphone furthest from the
primary source b) linear conﬁguration
moving a microphone that is closer to
the primary source c) symmetric
conﬁguration moving a microphone.
important factor in determining the maximum achievable sound power attenuation for this conﬁguration.
When 12.7 mm microphones were used as error
sensors for the linear array conﬁguration, the amount
of control achieved matched that achieved with 6 mm
microphones — 33 dB sound power reduction. The
result of 33 dB attenuation using the larger diaphragm
Noise Control Engr. J. 61 (3), May-June 2013

CONCLUSIONS

The purpose of this paper was to investigate the
sensitivity of two different control conﬁgurations with
regard to error microphone position errors, as well as the
sensitivity of the control systems to added noise. The
two control systems simulated were a symmetric four
control source conﬁguration that surrounded the primary source and a linear array of four control sources
with the primary source in the center of the array. The
control systems were modeled using bafﬂed free space
Green’s functions as the transfer function between the
sources (primary and control) and the microphones.
Simulations were performed using this model. The simulated results showed that the linear array conﬁguration
has more sensitivity than the symmetric array conﬁguration with regard to error sensor placement and to extraneous noise sources. A 2.5 mm change in microphone
position resulted in a 25–30 dB theoretical loss in attenuation for the linear case, compared to a 2 dB loss for the
symmetric case. For the extraneous noise simulation,
adding noise to the simulation greatly affected the linear
case, with only a minimal effect for the symmetric
conﬁguration. A 40 dB signal to noise ratio resulted in
a decrease in attenuation from 59 to 41 dB for the linear
array conﬁguration.
The experimental results conﬁrmed that the linear
array conﬁguration was more sensitive to microphone
placement with large decreases in attenuation based
on microphone placement error. A 2.5 mm change
in the position of a single microphone can cause an
average 5.5 dB loss in sound power attenuation for
the linear array conﬁguration compared to an average
loss of 0.6 dB for the symmetric case. A measurement of
the signal to noise ratios at the error microphones
showed that in this experimental conﬁguration, extraneous noise was not a signiﬁcant factor for the control
systems. The acoustic center of the microphone
proved to be much more important than the size of
the microphone, because microphone diaphragm size
did not affect the global control results both theoretically and experimentally. Overall, the results show that
the control conﬁguration can have a signiﬁcant impact
on the robust nature of the control system, particularly
for the linear conﬁguration which exhibited signiﬁcant
sensitivity to microphone placement errors.
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