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Abstract

This research attempts to find an active control strategy which reduces acoustic
power and acoustic energy in lightly-damped enclosed sound field such as a vehicle
compartment or an operating room of heavy industrial machinery. An active control
strategy, which takes into consideration of the acoustic radiation power of the source
as a cost function, is formulated and examined to find capability of reducing noise. An
adaptive filtering algorithm for sound power control is suggested and implemented to
control lightly-damped sound field.

To verify the method, sound power based active noise control algorithm was
implemented on a rectangular box with lightly-damped wall, and popular acoustic
energy based control with modal coupling reduction was performed to compare the
noise reduction performance. It was shown that a total sound power based strategy
provides a practical mean for global noise reduction for lightly damped sound field
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Introduction

Active noise control is based on two acoustic methods. The first is using destructive wave
interference method, which can produce a quiet zone in a sound field through actuating a secondary
source. The second is using a mutual coupling of sources to reduce the radiation efficiency of noise
sources. It means that the secondary source tries to modify the characteristics of the sound source,
while the first method reconstructs the sound field by superposition[173].

Since acoustic mode of an enclosed sound field is governed by standing wave and modal
coupling, many researchers used an acoustic mode control method to reduce the acoustic pressure
level. In this paper we compared two methods of active noise control strategies. The first was
acoustic energy based control, and the second was acoustic power based control suggested in this
paper. For an acoustic energy based control, we used a conventional Filtered - X LMS
algorithm(4,5]. For the second control method, we developed a least mean product algorithm.

Sound power is an acoustic quantity which represents the capacity to generate sound[679].
The physical principle of radiation reduction is based on an acoustic coupling with another source
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that confines a substantial portion of the acoustic volume flow into the near field of the sources.
Since the active control for radiated sound power requires information only about the sound sources,
it seems to be most effective to reduce total acoustic energy in an enclosed acoustic system.

We studied sound power based active noise control algorithm for a rectangular box with
a lightly-damped wall. This method is compared with popular acoustic energy based control for
noise reduction performance. We found that a total sound power based strategy provides a
practical means for global noise reduction, and noise reduction performance depends on the
acoustic coupling of sound sources and modal coupling.

Active noise control algorithm
Acoustic power control

An adaptive control strategy is generally used for active noise control. The most popular
adaptation algorithm for acoustic energy control strategy is the least mean square algorithm
such as Filtered-X LMS algorithm. Its characteristic is that reference input signal is
compensated by transfer function of error path and speaker [4,5]. In acoustic energy based
method, cost function can be described with 6 squared terms as equation(l). Since such a LMS
formulation, in using DSP devices, causes computation time problem. Frequency range of
control acoustic wave are depends on processing time, because D/A conversion sampling time
should be required to generate smooth wave which can reduce acoustic mode amplitude in the
control frequency range.
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In this paper, we compared the conventional acoustic energy based control with acoustic
power control for lightly-damped sound fields which includes a primary and a secondary source.
We will suggest a practical adaptive control using acoustic power and test its performance.
Now, we consider a single channel acoustic power control system in an enclosed sound field
with a wall of acoustic impedance Z(w), as shown in Fig. 1. The primary source strength g,(#)

is assumed a stationary random process and g¢# is coherent secondary source strength.

Hereafter, subscripts p and q represent the primary and secondary sources respectively. The
impulse response function if the system is expressed by an acoustic Green function g;(#) in the
time domain, which denotes acoustic pressure response at 7 = 7; due to a source of a unit
strength impulse at » = 7;

We now wish to find the control
filter w($) to minimize total
acoustic power output of sources.
We also want to estimate the
maximum reduction of the acoustic
potential energy in the enclosure
for optimal filter. The filter output,
that is, the secondary source
strength can be expressed as
follows;

a() = w(H*q,(H )

) where * is a convolution operator.
Fig. 1. Concept of active sound power control The acoustic pressure on the
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primary and the secondary sources, p,(f)and p,(#), can be written as equation (3),

pp(t):gpp(t)*qp(t)+gps(t)*qs(t) (3)
() =gy (D*q, (1) +g()*q(D)

Adaptive filtering for single channel acoustic power control

We now consider the adaptive implementations of FIR (finite impulse response) digital filter
to minimize the total sound power in the single channel control system. Basically, the acoustic
power control algorithm is derived using finite cost function and steepest descent strategy. The
cost function to be minimized is the total acoustic power of the sources. Assuming a stationary
random processes, the averaged total acoustic power due to the primary and secondary source can
be expressed as

J=E[q,(Dp,(t) +a(Hp(D)] (4)

where E[ -] denotes the ensemble average operator.
The adaptive digital filter of length M at step k can be expressed as follows;

wp=[w,(0) wp(1) - w(M— DK (5)
We suggest the least mean product adaptive algorithm using steepest descent method to reduce

calculation time for updating w,. According to the steepest descent method, the adaptive filter
update equation is given as

al (6)

Wpt1= W™ M dw
I3

where u is a positive convergence constant.
To derive the adaptive algorithm, let us approximate the control function, which is a time
averaged total sound power as follows;

=" e (D+alp () @

where M is a number of steps of averaging the instantaneous total sound power J at step &,
a,(D), p,(), a?) and py7) are discrete time histories of ¢,(#), p,(#),q(#) and p(#H, and i is
discrete time. According to the equation(2) we can get relationships which are expressed by
equation(8)

pp(k)=HZ,; Qp(k)'l'Hz; a(k) (8)

(B =He a,(R) + HE a,(B)
where volume velocity vectors of the primary and secondary sources at step 4 are defined as
a,(k) and ¢, (%), and acoustic pressure vectors of the primary and secondary sources at step
k are defined as p,(k) and p(k) as follows;

a (B =[a,k),q,(k=1), -, q,(k—M+1)]T

a(BD=[a(k), a(k—1), -, a(k— M+ D]" ©)

DD =L[0,R), ps(k—1), -, (k= M+ 11T
(R =[pk), p(k—1), -, p(k—M+1)]"

Similarly, we introduced Hj; as follows;
H;=[g;(0)gi(1)-gi(M—1]" (10)
where g;(k) is impulse response of Green function G;( -). Substituting equations(8)7(10) to

equation(7), Since ¢, is not related to the weighting vector w,, using relationship given by
equation(3), we obtain
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where Q,(7) is a symmetrical matrix which is constructed as follow;
QD =1[a,1), g,(i—1), -, ay(i—M+D]". (12)

Equation(11) can be modified as

g
70+ ay(9 -2 wE QD)

f;l oH wZ‘ Q,,(z)} N
8 w,, st qp 6wk
=3 [a,,(z>{HmQ,(z>}+ aFDp.()+ 0D {HIQ,D)]. a3)

Substituting equation(13) to equation(7), we obtain update equation as
k-M+ 1 7 . N
Wit 1= Wp— 1t 2 [a0,() {HEQu(D}+ ay (D5 (D) + a (D) {HEQy(D}]. (14)

This adaptation algorithm includes product terms of acoustic pressure and volume
velocity. We found that the least mean square form of the acoustic power control algorithm
has only 3 terms, but if we use least square from, 6 mean squared terms of error[12]. We
implemented real time acoustic power control using a block diagram which has a least mean
product form adaptation algorithm as shown in Fig.2.

There is a difference in using the reference signal between the acoustic energy control
and acoustic power control. In acoustic power control, the volume velocity signal of a primary
source is used as reference input. Because of such a difference, we need to measure the
volume velocity signal of the primary and secondary sources. We used an intensity probe
which has closely spaced 2 microphones to measure the acoustic power. Sound power was
estimated using product of acoustic intensity vector and sound radiation area of a speaker

a,() _ which is used as an acoustic source.

g, (k) Experiments and Discussions

Experimental Setup

We constructed a rectangular acoustic field
with a primary and a secondary sources. Impedance

of wall surface is constant, Z/ 7,)/ec=0.2+ 3.0,
dimension of a sound field is L ,xL,XL,=

1.3mx1.7mx1.0m. Acoustic impedance Z(7y) is

Fig. 2. Block diagram of least mean product such that |Z(r,)|>1, so that it can be assumed the
adaptive algorithm wall surface is sufficiently rigid.
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Fig. 3. Simulation and experiment model for
three dimensional rectangular enclosure
with a primary source of strength ¢, and
a secondary one of strength g

A lightly-damped sound field was made with acrylic—platés. Full range single-cone
speakers are used for both primary and secondary sources, and its available low frequency is
80Hz. Fig. 4 shows the block diagram of the experimental setup for acoustic power control. To
measure acoustic pressure, we used microphones of sensitivities of 50mV/Pa. A 4 channel FFT
analyzer was used for data acquisition and analysis. The filter order 100 was selected to
identify acoustic plants and the weighting vector for controller.

Fig. 4. Experimental setup using
2-intensity probes

Results and discussion

We know that noise reduction level can be determined by insertion loss according to the
change of the secondary source location. So we chose two locations of the secondary source
based on the insertion loss calculated using a equation of acoustic coupling [12]. We performed
the experiment at the two positions of secondary source. As shown in Table 3.1, the location
D has the same direction with the primary source, and location @ has a perpendicular
direction with the primary source. In the first experiment, acoustic energy is chosen as a cost
function, and in the second acoustic power is chosen. Acoustic pressure reduction performance
is compared to evaluate two control strategies which are Filtreed-X LMS algorithml[4,5] using
acoustic pressure signal of error microphone and acoustic power control LMP algorithm. We
used 3 types of excitation signals; sinusoidal signal, band-passed white noise with a central
band frequency of 150 Hz, and band pass frequency range of 100Hz, and a low-passed white
noise with a cut-off frequency of 400Hz.

Table 1. Available source positions

Secondary source x[m] ylm] z[m]
position @ 1.3 1.535 0.165
position @ 1.135 0.0 0.165

Sinusoidal excitation

To evaluate the attenuation performance, we used sinusoidal signals whose frequency
consist with acoustic modal frequencies of enclosure. Fig. 5 shows the results of acoustic
pressure history at the error microphone for a 100Hz sinusoidal excitation. When the secondary
source is located at position @), noise reduction of 32dB was obtained by acoustic energy
control, and 28dB by acoustic power control. For the position @), noise reduction of 30dB was



24 Woo-Young Kim, Dong-Kyu Kim and Won-Gul Hwang

obtained by acoustic energy control, and 32.8dB by acoustic power control. These results show
that there was an equal level of noise reduction for either method.
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Fig. 5. Comparison of acoustic pressure signal of the error

microphone (secondary source position @)

Narrow band-passed white noise excitation

To evaluate the attenuation performance for low frequency range excitation which
includes dominant components of acoustic modes, we used narrow band-passed white noise.
The central frequency of excitation signal was 150Hz, and the band-pass range was 100Hz.
Fig. 6 and Fig. 7 illustrate the results of each acoustic pressure signal for narrow band-passed
white noise excitation. From the auto spectrum of acoustic pressure, better noise reduction is
achieved with the secondary source at position @ than at position @.. Table 2 shows the
comparison results of peak values of acoustic pressure signals, and table 3 shows the results
of RMS values which was calculated using the error microphone signal. From these results, we
can achieve a better noise reduction when the secondary source is located at position @.
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Fig. 6. Comparison of acoustic pressure spectrum at the error

microphone (secondary source position D)
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Fig. 7. Comparison of acoustic pressure spectrum at the error
microphone (secondary source position @)
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Table 2. Comparison of acoustic pressure level of error microphone (unit : dB)

Secondary source Secondary source
position @D position @
mode : =

without energy power without energy power

conirol control control control control control
| 80.7 76.5 771 81.9 75.6 73.1
I 82.6 80.1 81.5 83.1 774 76.8
11 829 81.6 80.1 83.8 76.7 771
|V 774 72.9 76.7 83.8 72.6 76.5

Table 3. Comparison of the RMS value of pressure histories of the error microphone

Secondary without acoustic energy acoustic
source position control control power control
) 0.276 0.221 0.240
@) 0.418 0.237 0.229

Low-passed white noise excitation

To evaluate attenuation performance of overall frequency range which is supposed to be
under the real time control, we used low-passed white noise signal which has a cut-off
frequency of 400Hz. Fig. 8 and Fig. 9 illustrate the comparison results for acoustic pressure
spectrum at the error microphone. Table 4 shows the comparison results of the peak values at
5 dominant modes. These experimental results show similar trend as band-passed white noise
excitation, so we achieved a better noise reduction when the secondary source is located at
position @ than at position D.
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Fig. 8. Comparison of acoustic pressure magnitude spectrum of
the error microphone (secondary source position D)
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Fig. 9. Comparison of acoustic pressure magnitude spectrum of
the error microphone (secondary source position @)
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Table 4. Comparison of acoustic pressure level of error microphone (unit : dB)

Secondary source Secondary source
position D position @
mode » 3

without energy power without energy power

control control control control control control
| 778 72.3 726 78.5 71.8 71.6
I 78.7 77.1 756 78.6 76.8 76.1
I 80.1 79.3 777 81.3 774 76.2
1\ 77.5 73.3 755 82.4 79.9 77.3
V 82.8 81.1 81.1 82.2 80.9 80.6

Conclusions

We introduced acoustic power control concept to reduce noise for lightly-damped sound
field, and suggested a least mean adaptive algorithm for real time acoustic power control, as
shown below:

o= w23 [a)() {HEQW(D)+ af(9 b+ 0 {HIQy(1)]

This algorithm has only 3 product terms, which means we can save calculation time and
memory. We implemented a real-time active acoustic power control for a rectangular-shaped
structure with an acoustically rigid wall.

We found a better performance when the secondary source is located at the strongly
acoustically coupled position. Thus, we need to consider coupling effect of the acoustic mode
and the acoustic source. In the case where the position of the control source is the same, we
found an same level of noise reduction with conventional acoustic energy based control by
using a acoustic power control strategy. We estimated such a characteristic caused by two
reasons, one is enclosed sound field consists of walls with uniform acoustic impedance, and the
other is the boundary has a geometrically simple shape like a rectangular box.

For the future work, we need to find strategy for multi-channel control, which we can
effectively enlarge the zone of quiet. To implement general case such as interior of vehicle
which has geometrically complex shape and non-uniform acoustic properties, we also have to
try to develop an effective techniques of signal processing and a control algorithm using
reverberation time or a wall reflection coefficient of lightly-damped enclosed sound fields.
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