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Several experiments have been driven in the anechoic theatre of the Laboratoire de Mecanique
et d’Acoustique [1]. The aim was to achieve a silent zone using seven error microphones and six
secondary loudspeakers, the primary noise coming from one or two loudspeakers. We expected
from these experiments to show the spatial extent of the control, the limit with the frequency,
and the ability of different algorithms to deal with the noise coming from two uncorrelated noise

sources.
Achieving a silent zone in free-field is a contemporary topic in the field of active noise control as

showing the numerous articles dealing with control barriers, see for example [2].
The aim of my study at the ISVR was to develop a programme 10 predict the soundfield when
active control is performed in free field.

1 Single channel case

In this section, we consider the case of a single channel system illustrated in figure 1: one micro-
phone and one secondary source are used to minimize the noise coming from a primary source.
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Figure 1:

The calculation of the value gqo of the secondary source strength gs that cancels the pressure due
to the primary source at the error microphone position is straight forward.

Derr = Lip Qp + L s

where perr denotes the pressure at the error microphone, ¢, and g, the primary and the secondary
source strengths, Z, and Z, the primary and secondary complex transfer acoustic impedance. To
obtain pg» = 0, we must have

gs0 = -7 Z;p Ip
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We are interested in the effect of frequency on the size of the quiet zone area. Figure 2 plots the

M’ where p,, is the pressure with control and posy is the pressure

attenuation att = 20 logy pors

without control.
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Iigure 2: Size of the quiet zone area at 50 Hz (a}, 300 Hz (b), 600 Hz (c) and 1000 Hz (d)




Figure 2 shows the results of a series of simulations. The conclusion is as expected: the higher is
the frequency, the smaller is the quiet zone area.
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Figure 3: quiet zone in near field at 50 Hz (a), 300 Hz (b), 600 Hz (c) and 1000 Hz (d)

At high frequencies, we can see interferences between the primary and the secondary sources. In
the y direction, which is the axis of the two sources, we can see on figure 3 that the peaks of
the waves are separated from approximately half a wavelength )\/2 since wave from secondary
source travels in opposite direction to primary wave. In the z direction, the peaks of the waves are
separated from approximately a wavelength A because primary wave has equal phase interferences
with secondary wave.




2 Multi-channel case : under-determined system

In this section, we consider the case of an under-determined multi-channel system illustrated in
figure 4: one microphone and two secondary sources are used to minimize the noise coming from
a primary source.
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Figure 4:
This time, the error pressure is:
Perr = ZLp lp + Zsl Gs1 t+ ZsZ ds2

We now want to determinate the vector (g, ,¢s0,) that minimizes the error pressure. The system
is clearly under-determined: there are more unknowns than equations. For symmetric reasons we
can assume ¢, = gs. With this assumption, we obtain the results shown in the figure 5 which
illustrates the decreasing of the control effect with the frequency.

3 Multi-channel case : over-determined system

For the simulations of the over-determined system, we consider the case of an over-determined
multi-channel system illustrated in figure 6 : twenty microphones and two secondary sources are
used to minimize the noise coming from a primary source.

The twenty microphones are situated on a 2D-circle in the far-field of the primary source ; at the
center of the circle is the primary source with the two secondary sources around it.

The total attenuation on the error microphones is defined as :

2?21 ’poni l2
20
Zi:l Possi*

where p,,, is the pressure after control on the error microphone ¢ and p,sy, is the pressure before
control on the error microphone <.

The figure 7 plots the total attenuation with kd (plain line) and the theoretical minimum power
output (dashed line). According to [3], the theoretical minimum power output can be expressed
relative to the power output produced by the primary source and is given by

Wo 1_( 2sinc? (kd) )

Wep theory B 1 + sinc(2kd)

ttmin =

We can see in figure 7 that the shapes of the curves are similar. However, the values of £d of
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Figure 5: Attenuation at 50 Hz (a), 300 Hz (b), 600 Hz (c) and 1000 Hz (d)
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Figure 7: total attenuation and minimum power output




maximum attenuation are not exactly the same than the values of kd of minimum power. We can
also calculate the minimum power output but this time using the secondary strengths obtained
for the corresponding maximum attenuation. This is the dotted line in figure 7.

We can conclude that the maximum attenuation at the error microphones is not obtained with
the minimum power output. There must be areas where the level of sound is increased.

We have done the same simulations, but this time, 10 error microphones were located on a half
sphere in the far-field of the primary source. The microphones are equally distributed on the

hemisphere, their positions given by [4].

+ emor mi o a hal sphere

— L,
- - dtasinc"kaY(1 +sinc{2k))
v Wiy

Figure 8: total attenuation and minimum power output

The figure 8 shows that the total attenuation and the minimum power output fits perfectly for
low values of kd. Relative maxima of the total attenuation are obtained for the same values of kd
than those corresponding to minimum power output. It is not true for high values of kd. Plotting
again the minimum power output using the secondary strengths obtained for the corresponding
maximum attenuation (dotted line), we arrive to the same conclusion : the maximum attenuation
at the error microphones is not obtained with the minimum power output. There must be areas
where the level of sound is increased.

The same simulations with 19 microphones located on a whole sphere give the same results, as

shown in figure 9.
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Figure 9: total attenuation and minimum power output




4 Multi-channel case : simulations with experimental de-
sign
In this section, we chose the experimenﬁal design we have tested in an anechoic theatre, as shown

in figure 10.
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Figure 10: experimental design

The aim of the experiment was to create a silent zone in an anechoic room in presence of random
noise coming from one or two decorrelated sources. The sum of squared pressures at 7 error
microphones was minimized by 6 secondary sources, and the effect was measured at 2 measurement

microphones.

4.1 Results of simulations

Figure 11 shows the decreasing of the quiet zone areas with the frequency. The places where the

secondary sources are located appear clearly.
Figure 12 shows the same simulations in near field. The exact positions of error microphones are

represented by crosses and the positions of the measurement microphones are represented by stars.
We can see how the control manage to create a quiet zone covering all at low frequencies and then
how it becomes local. At 600 Hz, the control is no more efficient for the measurement microphone

2.
Next simulations are simulations of the control for frequencies from 0 to 1000 Hz.

The plain line in figure 13 is the attenuation for each error microphone as a function of the exci-

tation frequency, obtained during experiments.
The dashed line in figure 13 is the attenuation for each error microphone as a function of the

excitation frequency, obtained according to numerical simulation.

The figure 14 shows the attenuation of the sum squared error signals. Plain line refers to experi-

ments and dashed line to simulations.
The plain line in figure 15 is the attenuation for each measurement microphone as a function of

the excitation frequency, obtained during experiments.

10
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Figure 11: Size of the quiet zone at 50 Hz (a), 300 Hz (b), 600 Hz (c) and 1000 Hz (d)
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Figure 12: Zoom-in of the quiet zone at 50 Hz (2), 300 Hz (b), 600 Hz (c) and 1000 Hz (d)

12




srlenuation ()

eor ricroptons 2

~10}

L
o

stienuation a8
|
¥

25

-0

L
@

attenuation (18}
i
B

25

300 e 500 ) o0 4 SO0
wequency (Hz) trequarcy (Hz)

(a) (b)

&nor microphona 4

ationuation (dB)

4!
o

atterustion (aBy

500 &0 7 o 100 20 a0 400 S0 G®
trequancy (M) traquancy (Hz)

(©) (d)

eny microptons § eror misrophana &

ationuaktion (B}

‘axpariment
rajglion: X s X |

00 400 =00 600 00 &0n 00 1000 o 100 200 300 400 500 00 700 &0 00 1000
Trequeray {Ha) Trequency (Hz)

{e) (f)

areos microphana 7

attenustion {dB]

00 500
frequency [Hzh

(83

Figure 13: Attenuation at each error microphone
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Figure 14: Attenuation at the error microphones
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Figure 15: Attenuation at measurement microphones
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The dashed line in figure 15 is the attenuation for each measurement microphone as a function of
the excitation frequency, obtained according to numerical simulation.

There are several explanations to the differences between the simulation and the experimental
plots. In experiments, at low frequency (below 80 Hz), there are no attenuation because the
controller is clearly inefficient in this frequency domain. The big gap between the two lines in
figure 13 for error microphone 1 is perhaps due to a microphone position which is not exactly that
we have measured. The effect of the ground is not taken into account in simulations. There could
have been also unwanted noise in the anechoic room.

5 Optimal controller

5.1 Omne primary source and one reference microphone

In this section, we calculate the optimal controller W,,, when the reference signal is not taken
directly from the primary source but from a reference microphone.
According to [5],

Wopt = — [GHG] ™ Q7 8,45,

where G is the matrix of frequency response functions of the plant, S, is the matrix of cross spec-
tral densities for the reference signals z and S, is the matrix of cross spectral densities between
the disturbance d and reference signals.

The effect of the control at the error microphones can be then calculated by :
pg?r - pg{j + GWopthri—err
where Z,p; e is the transfer impedance between the primary source and the error microphone.

As far as there is no causality constraint, using a reference microphone is leading to the maximal
attenuation we can obtain (shown in figure 16) wherever this reference microphone is located.
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Figure 16: Attenuation at the error microphones
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5.2 Two primary sources and one reference microphone

Adding another primary source leads to less attenuation at the error microphone, especially when
a source is very close to the reference microphone compared to the other.

The figure 17 shows the attenuation at the error microphones obtained when there is (a) one
primary source, (b) one source very close to the reference microphone (10 cm) while the other is
located at 2m from the reference microphone and (c) two sources are at equal distance from the
reference microphone.
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Figure 17: Attenuation at the error microphones

6 Conclusion

We have developed a model that allow to predict results from active control experiments in free
field. These results are in good agreement with the experimental results obtained. This is a capital
result because we can conclude that during experiments, the limiting factor was acoustic rather

than technology.
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