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Suboptimal controller design 
of global active noise control 
system for various acoustic 
environments
Ikchae Jeong  & Youngjin Park *

Conventional active noise control (ANC) systems in enclosed spaces are not easy to implement 
experimentally because they require a large number of microphones to measure sound pressure 
in global areas. Even if such systems are possible, if there are any changes in the locations of noise 
sources or surrounding objects, or if ANC system moves to another enclosed space, an expensive 
and time-consuming experimental calibration is again required. Implementation of global ANC in 
enclosed spaces is thus difficult. Therefore, we designed a global ANC system that can be used in 
various acoustic environments. The main idea involves suboptimal open-loop controller design in the 
free field. By using an open-loop controller, a controller calibrated once can be used in various acoustic 
environments. A controller designed in the free field derive a suboptimal solution without bias toward 
a specific acoustic environment. For controller design in the free field, we propose an experimental 
calibration approach in which the arrangement and the number of control speakers and microphones 
are determined by the frequency range and radiation pattern of the noise source. We conducted 
simulations and experiments to show that the designed controller in the free field is sufficiently 
effective in other enclosed spaces.

Active noise control (ANC) is a method to reduce unwanted noise by generating opposite-phase sound. ANC 
can be divided into local and global ANC methods according to the control area. Most ANC studies have con-
sidered local ANC, in which the control area is limited around a point like an error microphone1–3. Global ANC 
takes the entire space as the control area. Global ANC can be divided into two cases, in which the noise source 
is either inside the control area or outside it. When the noise source is outside, most noise flows through the 
window; studies have looked at active windows to reduce noise entering in this way4–6. In this paper, we focus 
on a noise source inside the control area. To control the global area of the enclosed space, the objective function 
must be set as acoustic potential energy in the control area7,8. To calculate this energy, the challenge is to measure 
the sound pressure of the whole space, which must be approximated as the sum of the squared sound pressures 
at evenly distributed measurement points; however, many microphones are still required for the accuracy of 
approximation9. Of course, there have also been attempts to implement global ANC with modal characteristics 
using a small number of microphones10–17; these attempts have encountered difficulties, however, in general 
cases, because methods are only effective at frequencies lower than the Schroeder frequency18. Therefore, many 
microphones are still required in the general situation. In addition, if the acoustic environment changes, such as 
changes in locations of noise sources or surrounding objects, or movements of the ANC system to other enclosed 
spaces, existing solutions cannot be used, and expensive and time-consuming experimental calibration is required 
again. This inhibits general applications of global ANC. In addition, there have been various attempts for global 
ANC in an enclosed space19–22. However, all studies focus only on a specific enclosed space, and using them in 
various enclosed spaces is difficult. Then our research objective is thus to design a global ANC controller for 
various acoustic environments, even though the performance of this controller might be suboptimal.

The main idea is the design of a suboptimal open-loop controller in a free field. An open-loop controller 
can be implemented without additional calibration whenever the acoustic environment changes. A controller 
design through the collocation of control speakers that radiate a sound field of opposite phase to the noise source 
in the free field can lead to suboptimal solutions that are not biased toward a certain acoustic environment. A 
suboptimal controller has the advantage that it can be used in various acoustic environments without additional 
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calibration, even though its control performance may be slightly lower than that of the optimal controller for 
each acoustic environment. The controller design can be achieved by minimizing the acoustic power radiated 
by the noise sources and control speakers from the fact that acoustic power is directly proportional to acoustic 
potential energy in the free field23. Since the possibility of this method was mentioned by Kempton24, there have 
been studies that have theoretically developed and experimentally attempted this using Kirchhoff ’s theorem25–27. 
However, since the method using Kirchhoff ’s theorem requires a continuous control source, practical methods 
using discrete control sources have been studied28–34. Afterwards, representative theoretical researches were 
performed on global ANC in the free field using collocation of noise and control sources35,36. However, there 
are limits to experimental implementation because previous analyses were performed in the frequency domain 
using ideal monopoles. Similarly, studies have been performed using ASAC (active structural acoustic control), 
in which global ANC was induced by vibration of a plate induced by casing the noise source with an additional 
plate37–40. The collocation method mentioned above was used only in the free field, and we intend to apply it to 
the enclosed space.

Also, the previous experimental implementations set configurations of control speakers (shakers) and micro-
phones without specific standards. So, estimation of the objective function may thus not be accurate and control-
lers will be biased to specific acoustic environments, and difficult to use in other acoustic environments. Also, 
control speakers and error microphones placed without specific standards may cause spatial aliasing, leading to 
performance degradation of sound field estimation and control41,42. To avoid this problem, a configuration of 
the control speakers and error microphones was determined by referencing studies in the fields of array signal 
processing and sound field reproduction43–48. Finally, the configuration of the control speakers and error micro-
phones was set according to the radiation pattern and frequency range of the noise source. Once configured, the 
controller was calibrated using the open-loop ANC algorithm, which minimizes the acoustic power. Simulation 
and experiments were conducted to verify that the suboptimal controller was effective in various enclosed spaces.

Methods
Configuration method of control speakers and error microphones.  The ANC system consists of 
a reference sensor, control speaker, and error microphone49. We are not focusing on a specific noise source 
because the goal is to verify the feasibility of the proposed method regardless of the noise source. The reference 
sensor’s type and configuration depend on the noise source’s characteristics. Therefore, we will not cover the type 
or configuration method of the reference sensor in this paper. The loudspeaker with a freely configurable fre-
quency range from which the reference signal (speaker input signal) can be determined and obtained accurately 
was used as the noise source. Through this, the maximum control performance of the proposed method will 
be confirmed regardless of the reference sensor. In this paper, the frequency range of interest is set from 170 to 
378 Hz arbitrarily. In practice, given a noise source to be controlled, a frequency range of interest is determined 
according to the spectrum of the noise source. Accordingly, the configuration of control speakers and error 
microphones can be determined. In spatial control, like global ANC, discrete placement of the control speakers 
and error microphones can cause spatial aliasing, which affects the controllable and measurable frequency range 
and the radiation pattern. So, we would determine the configuration of control speakers and error microphones 
so that spatial aliasing does not occur.

First, we were only interested in outgoing waves, so we set the radius of the microphone array same or larger 
than half the wavelength at which about 95 percent reduces the effects of evanescent waves43.

Here, � is the wavelength and r is the radius of the microphone array. Measurable radiation patterns and a 
sampling method determined the arrangement and number of microphones. We used a spherical harmonic func-
tion as the basis of the radiation pattern. This function has already been used in 3D sound field reproduction, 
like ambisonics50. The spherical harmonics degree indicates the complexity of the radiation pattern. Measurable 
spherical harmonics degree without spatial aliasing is determined by the radius of the microphone array and 
the upper frequency limit43.

Here, k is the wave number and N is the measurable spherical harmonics degree. Once the measurable degree 
was determined, the number and arrangement of microphones were determined by the sampling method. Typical 
sampling methods include uniform sampling, equal-angle sampling, and Gaussian sampling43. We decided to 
use the Gaussian sampling method because it allows an easy experimental setup. The Gaussian sampling method 
requires a 2(N + 1)2 number of microphones. The sound field of the noise source can be measured through this 
microphone arrangement; the maximum degree of spherical harmonics of the noise source can be estimated 
through spherical harmonics expansion45. We can also measure the acoustic power with this arrangement. 
Because we use an open-loop algorithm, the determined microphone array is used in measurement to calculate 
the fixed control filter and is not used during actual ANC.

To make it easy to quantify the spatial aliasing issues and to control the 3-D space equally, we decided to 
place the control speakers at the vertexes of a platonic solid46,47. The upper limit of the radius was determined 
by the spatial aliasing frequency48.
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Here, f  is the controllable frequency, c is the speed of sound, and a is the radius of the speaker array. This is 
the same argument mentioned by Nelson et al.35. Number of control speakers was decided according to the noise 
source’s maximum degree of spherical harmonics46. For effective control of spherical harmonics, there must be 
at least as many control speakers as the basis of spherical harmonics to be controlled.

Here, NM is the noise source’s maximum degree of spherical harmonics and K is the number of control speak-
ers. Finally, by combining all of the above, we can determine the location and number of control speakers and 
error microphones according to the frequency range of interest. Figure 1 shows the step sequence.

ANC algorithm.  Most ANC algorithms use the adaptive filtering method updated by signals measured by 
error microphones in the control area. A large number of microphones are required to measure the acoustic 
power, which is impractical. As such, we decided to use the open-loop ANC algorithm, which does not use error 
microphones during ANC. With an open-loop algorithm, a controller calibrated once can be used in various 
acoustic environments. For the algorithm’s stability, the control filter is designed as an FIR structure. The filter 
length was set to 512 taps to express the tale of the impulse response sufficiently. Using the multi-channel Wie-
ner filter solution51, we calculated the control filter through a preliminary experiment in an anechoic chamber. 
Figure 2 provides a flow chart of the ANC algorithm. Equation (5) shows the objective function.

Here, J is the objective function, M is the number of microphones, pn,m is the sound pressure from the noise 
source at the mth microphone, pc,m is the sound pressure from the control speaker at the mth microphone, E[·] 
is the expected value, K is the number of control speakers, wk is a control filter of the kth control speaker, L is 
the length of the control filter, and x′

k,m is the reference signal filtered by Sk,m , the secondary path from the kth 
control speaker to the mth microphone. Wiener filter that minimizes the cost function satisfies the following 
partial differential equation which is called the orthogonality principle or projection theorem.

where, r is index of filter value and r = 0, 1, . . . , L− 1 , h = 1, 2, . . . ,K . Equation (7) can be summarized as below.
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Figure 1.   Flow chart of configuration method of control speakers and microphones. Once the frequency 
range of interest was determined by the spectrum of the noise source, the placement and number of control 
speakers and microphones can be determined according to the lower and upper frequency limits. Here, f  is the 
frequency, c is the sound speed, a is the radius of the control speaker array, � is the wavelength, r is the radius 
of the microphone array, k is the wavenumber, N is the measurable spherical harmonics degree, Nm is the 
maximum spherical harmonics degree of the noise source, K is the number of control speakers.
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k,m and x′

h,m . Equation (8) can be summarized as belows.

By summarizing this equation in a matrix form, we can get optimal filter value that minimizes the cost 
function.
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Figure 2.   Flow chart of open-loop acoustic power minimization algorithm. Since a large number of 
microphones are required for acoustic power measurements, an open-loop ANC algorithm, which does not 
require a microphone during ANC, is used. The control filter is calculated by a preliminary experiment that 
minimizes acoustic power in anechoic chamber. Microphones are placed on a spherical surface surrounding 
the noise source. Here, x is the reference signal, wk is the control filter of kth control speaker, and Sk,m is the 
secondary path from the kth control speaker to the mth microphone. pn,m is the sound pressure by the noise 
source at the mth microphone and pc,m is the sound pressure by control speakers at the mth error microphone.
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Results
Simulation.  A simulation was conducted to verify the feasibility that the controller designed in a free field 
could be a suboptimal solution in an enclosed space. In the simulation, performances of the two controllers, one 
designed in a free field (proposed method) and the other in an enclosed space, were compared in the frequency 
domain using FEM simulation in COMSOL. A rectangular cavity with brick wall properties of 5.3 m × 3 m × 
2.6 m (Width × Depth × Height) was used as the enclosed space. A single monopole was used as a noise source, 
and a single monopole control source was positioned 0.1 m above the noise source on the z-axis. The simulation 
was conducted for a noise of 500 Hz single frequency. The controller in the free field was designed to minimize 
the acoustic power; the controller in the enclosed space was designed to minimize the acoustic potential energy 
when the noise source is at the center point (0 m, 0 m, 0 m). The performance of the two controllers was com-
pared depending on the location of the noise source. Point 1 (0 m, 0 m, 0 m), point 2 (− 0.5 m, 0 m, 0.3 m), point 
3 (0 m, 1.65 m, 0.3 m), and point 4 (− 0.5 m, 1.65 m, 0 m) are candidates of the noise source location. Figure 3 
shows the candidate of the noise source location.

Of course, control source locations are point 1 (0 m, 0 m, 0.1 m), point 2 (− 0.5 m, 0 m, 0.4 m), point 3 (0 m, 
1.65 m, 0.4 m), and point 4 (− 0.5 m, 1.65 m, 0.1 m) at each case. Candidates of the noise source were selected 
considering the symmetricity based on the center point. Then, noise reduction was calculated based on the 
acoustic potential energy in the enclosed space.

where, Pn,500Hz ,E500Hz is the complex sound pressure at 500 Hz by noise source before and after control, respec-
tively. V  is the volume of the enclosed space. Table 1 shows the noise reductions of the controller designed in the 
free field and enclosed space when the noise source is located at points 1, 2, 3, and 4.

Experiment.  The experiment consists of two steps. The first step is controller design in the free field using 
the proposed ANC algorithm and configuration method of control speakers and error microphones. The second 
step is the global ANC experiment with the controller obtained in the first step. Commercial speakers were used 
for both the noise source and control speakers, and we used B&K microphones (type 4190). DS1103 model from 
Dspace was used as a digital signal processor. Control speakers and error microphones were arranged based on 
the frequency range of interest with the method mentioned in the Methods section. Figure 4a provides a picture 
of the control speaker array. Four control speakers were placed at the vertexes of a tetrahedron. The radius of the 
speaker array was 0.12 m. Figure 4b provides a picture of the microphone array. Positions of microphones were 
determined by the Gaussian sampling method. The sound field was measured at a total of 128 points while rotat-
ing eight microphones located on a semicircle. The radius of the microphone array was 1 m. Figure 4c shows the 
distribution of 128 measurement points depending on the azimuth angle and polar angle.

With the determined control speaker and microphone configuration, the sound fields of the noise source 
and control speakers were measured in the anechoic chamber; a Wiener filter was obtained. Then, a global ANC 

(19)NR(noise reduction) = 10log10

∫
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∣

∣

2
dV

∫

V |E500Hz |
2dV

Figure 3.   Candidates of noise source location in enclosed space.

Table 1.   Noise reduction of the controllers designed in the free field to minimize the acoustic power and in 
the enclosed space to minimize the acoustic potential energy when the noise source is located at the center 
point, depending on the location of the noise source.

Noise source location Point 1 Point 2 Point 3 Point 4

Free field controller 8.2 dB 11.9 dB 16.0 dB 13.9 dB

Enclosed space controller 9.0 dB 9.1 dB 13.6 dB 11.6 dB
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experiment was conducted in each room using the obtained Wiener filter in an anechoic chamber. Figure 5 shows 
the schematic diagram of the global ANC experiment.

First, with the calculated Wiener filter, the sound field before and after ANC was measured using the same 
128 points in an anechoic chamber. Gaussian white noise filtered by the frequency range of interest was used as a 
reference signal. Figure 6 shows the average sound pressure level distribution of compound sound source (noise 
source and control speakers) in the frequency range of interest according to azimuth angle and polar angle and 
frequency domain results of an average of 128 measurement points.

Afterward, global ANC experiments in enclosed spaces were conducted to verify the performance of the 
controller designed in the free field. Global ANC was performed in the anechoic chamber and three enclosed 
spaces using the controller obtained in the anechoic chamber. The three enclosed spaces were selected to have 
different reverberation characteristics and were classified by reverberation time and relative size. The size of 
anechoic chamber was 3.6 × 3.6 × 2.4 m3 . Enclosed space 1’s size was 3.2 × 5.5 × 2.8 m3 ; reverberation time was 
0.26 s. Enclosed space 2’s size was 6.1 × 3.1 × 3.8 m3 ; reverberation time was 2.2 s. Enclosed space 3’s size was 6.6 
×9 .9 × 2.6 m3 ; reverberation time was 0.7 s. Figure 7 shows the positions of nine monitoring microphones for 
performance measurement placed near the noise source according to electronic products noise measurement 
specifications (KS C IEC 60704-1: 2015). This is the noise measurement standard to satisfy technical regulations 
for electrical and telecommunication products and components. Since we considered electronic products as 
potential applications for the proposed method, we tried to use their noise measurement standard.

Figure 8 shows the frequency domain global ANC results of an average of nine monitoring microphones 
for each space in the frequency range of interest, throughout the entirety of which noise has been reduced. 
Table 2 shows the average reduction in the frequency range of interest at each microphone and the maximum, 
minimum, and average at each space. The average reduction in the frequency range of interest is calculated as 
the below equation.

(20)Average reduction = 10log10

∫

F

∣

∣Pn(f )
∣
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Figure 4.   The experimental setting for controller design in an anechoic chamber and distribution of 128 
measurement points. (a) Control speaker array; (b) Microphone array; (c) Distribution of 128 measurement 
points. Four control speakers were placed near the noise source at the vertex of a regular tetrahedron. Eight 
microphones (red circles) were rotated to measure acoustic power at a total 128 measurement points according 
to Gaussian sampling method. All 128 measurement points are 1 m away from the noise source.

Figure 5.   Schematic diagram of global active noise control experiment.
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where, Pn is the sound pressure by noise source at frequency domain and E is the sound pressure after control 
at frequency domain. F is the frequency range of interest.

Discussion
According to the results in Table. 1, it is shown that the reduction performance of the free field controller 
(proposed method) was higher than another controller except for point 1. This means that the enclosed space 
controller designed when the noise source is at point 1 performed worse than the free field controller at the other 
points in the enclosed space. Through the simulation results, it was found that the free field controller can achieve 
a satisfactory level of global reduction even in the enclosed space. Even compared to a controller designed in an 
enclosed space, the free field controller showed better performance if the noise source was located in a location 
different from where the enclosed space controller was calibrated. Therefore, we can predict that the free field 
controller will be effective as a suboptimal solution robust to the movement of noise sources.

From the results in Fig. 6, it can be confirmed that the magnitude of the sound pressure generated by the 
compound sound source is reduced for all directions through global ANC. This means that the acoustic power 
generated by the compound sound source has decreased. Since generated acoustic power is reduced, even if the 
compound sound source is placed in different enclosed spaces, global noise control is possible regardless of the 

Figure 6.   Global ANC experiment results at the anechoic chamber. (a) An average sound pressure level 
distribution of compound sound source in the frequency range of the interest before global ANC; (b) after 
global ANC; (c) Frequency domain result of an average of 128 measurement points.

Figure 7.   Schematic diagram of monitoring microphones and its experimental settings in each room. (a) 
Schematic diagram. (b) Anechoic chamber. (c) Enclosed space 1 (small size, small reverberation time). (d) 
Enclosed space 2 (small size, large reverberation time). (e) Enclosed space 3 (large size). Red circle is noise 
source and control speaker array. Blue circles are nine monitoring microphones for ANC control performance 
evaluation according to KS C IEC 60704-1: 2015.
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noise source movement. As the result was measured in an anechoic chamber, the black line in Fig. 6c shows the 
frequency characteristics of the noise. The noise signal shows a flat frequency response in a frequency range of 
interest.

From the results in Fig. 8, after control, it can be observed that the overall magnitude of the noise is reduced, 
and the shape of the spectrum, which indicated the characteristics of the enclosed space, was evenly maintained. 
This means that global ANC reduced only the magnitude of the noise sound field, and it is consistent with the dis-
cussion about Fig. 6. Additionally, the Schroeder frequency of the enclosed space 1, 2, and 3 are 145 Hz, 350 Hz, 
and 128 Hz, respectively. Our frequency range of interest is from 170 to 378 Hz. So, in enclosed space 2, most of 
the frequency range of interest is under the Schroeder frequency, where the modal response is dominant. In the 
case of an anechoic chamber, it shows the flattest spectrum because it is not affected by the reflection field. Also, 
it can be seen that the frequency response of enclosed space 2 shows larger peaks and dips, which means modal 
response, compared to the relatively flat frequency responses of other enclosed spaces. The results of enclosed 

Figure 8.   Frequency domain global ANC experiment results of an average of nine monitoring microphones. (a) 
Anechoic chamber; (b) Enclosed space 1 (small size, small reverberation time). (c) Enclosed space 2 (small size, 
large reverberation time). (d) Enclosed space 3 (large size). Black lines indicate noise before ANC, and red lines 
indicate noise after ANC.

Table 2.   Average reduction at each microphone in the frequency range of interest and their maximum, 
minimum, and average in each space. Nine microphones were placed according to KS C IEC 60704-1: 2015.

Anechoic chamber Enclosed space 1 Enclosed space 2 Enclosed space 3

mic 1 11.2 dB 12.1 dB 11.5 dB 11.0 dB

mic 2 11.2 dB 11.2 B 11.7 dB 11.9 dB

mic 3 11.6 dB 13.0 dB 11.8 dB 12.2 dB

mic 4 11.6 dB 10.3 dB 11.5 dB 11.7 dB

mic 5 11.1 dB 11.0 dB 11.6 dB 11.4 dB

mic 6 9.4 dB 11.0 dB 11.9 dB 11.1 dB

mic 7 12.4 dB 11.2 dB 11.3 dB 13.3 dB

mic 8 10.0 dB 11.2 dB 11.2 dB 11.3 dB

mic 9 15.6 dB 14.5 dB 12.5 dB 14.6 dB

Maximum 15.6 dB 14.5 dB 12.5 dB 14.6 dB

Minimum 9.4 dB 10.3 dB 11.2 dB 11.0 dB

Average 11.6 dB 11.8 dB 11.7 dB 12.3 dB
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spaces 1 and 3 show that the proposed method is effective in the frequency range higher than the Schroeder 
frequency, unlike the existing global ANC method using modal characteristics. From the results in Table. 2, there 
were slight deviations from the maximum and minimum noise reduction levels, but the average values were 
similar. This shows that the controller designed in free field condition is effective even in other enclosed spaces.

Conclusion
This study aimed to design a global ANC system that can be used in various acoustic environments. Conventional 
ANC systems for global ANC in an enclosed space require expensive and time-consuming experimental calibra-
tion: each time the acoustic environment changes, experimental calibration is required again. So, we designed a 
suboptimal open-loop controller in a free field that can be used in various acoustic environments. We proposed 
an experimental calibration approach for controller design in the free field. The arrangement of the control speak-
ers and microphones was set to avoid spatial aliasing, which is determined according to the radiation pattern and 
frequency range of the noise source. Based on the configuration of the control speakers and microphones, the 
controller was designed to minimize the acoustic power in the free field. The simulation showed that a controller 
designed in the free field could achieve good performance despite the movement of the noise source. Based on 
these facts, a global ANC experiment was conducted. We conducted a global ANC experiment in other enclosed 
spaces using a controller designed in an anechoic chamber. Although the controller designed in an anechoic 
chamber was used, it shows good noise reduction performance in other enclosed spaces. These experimental 
results show that a controller designed in the free field can be effectively used in other enclosed spaces. Of course, 
in a stable acoustic environment, this suboptimal controller will show a slightly lower reduction performance 
than the optimal controller. However, an optimal controller in an enclosed space will require a large number of 
microphones for accurate calibration, and the performance will decrease if the acoustic environment changes. 
By designing a suboptimal controller in a free field, it will be possible to design a robust controller in a changing 
acoustic environment with a relatively simple experimental setup.

Data availability
The datasets generated and/or analyzed during the current study are available from the corresponding author 
on reasonable request.
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