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Topovaidlovior TEPOUATIKG OEOOUEVA VIO TRV TOTIKY EVEPYH KATAGTOAN TOD 1-
X0V o€ Topallnienineda dwuatia. Apyikd vroloyiletar n GOYVOTIKH OTOKPIGH TOV OVTH-
xntikod Baldpov daotdoewv (3.95 x 2.38 x 3.15, oleg o1 draotdoels o uétpa) kobwg
ETIONG ETAANOEDOVTOL KO OO TIG UETPHTELG.

Egpopudlerar n xouotixn avéloon mpokeiuevov va kaboplotel 1 cvVEICPOPE T0D
KaBevog oTATIUOD KOUOTOS. XE auTH THY UEAETH JiveTal Eupaon oTto acovViKO OTATIIO KOUO.
(1,0,0). Xpnowonoiciton 1 axovotiky dvvauixy evépyelo B, oav 1o pétpo yio tmy ava-
ywapion e Pértiotns Oéons twv Ty®v yia 10 eAEYYOUEVO TEDIO.

Meletwvion téooepic mepintaoels. 2e ke mepintwon, eetaloviol O10pOPETIKES
Oéoeic e TPWTELOVTOG KAl OEVTEPELOVEOS THYNS KOL TOV CHUELOD EMIAVONG (UIKPOPD-
vov). O1 mwepimraoeis 1 kou 2 ovopépovion avtifeteg Oéoeis uetald twv anydv koi tov
ONUEIOD EMIAVONG KOVTIG TV OEVTEPELOVTO. KO1 TPWTELOVTO, TNYH avtiotorya. O1 mwepl-
wrooeis 3 koi 4 ovopépovior o€ Koviiveg Bécels uetald twv Tnymy kat Tov oHUEIOD oVvTi-
OTOLY0. KOVTG Kol avTifeto, amo Tis THYEG.

H ovyvotyro tov alovikod oraoiuov kouatog opioctnke ota 44.75 Hz. To eley-
XOUEVA KOL TO, UN EAEYYOUEVO. NYNTIKG. TEOLO. UETPHONKOY Y10, THV COYKEKPIUEV] TOYVOTHTA.
EmnpooOeto ue avtéc T uetpnoeis pio. ektog ovvioviouod uétpnon oto 49 Hz éyive yo
NV TEPITTWON 2, VIO VO, EEETATTH TO EDPOS TOV EVEPYOD EAEYYOD.

Ta amoteléouata éoeriéav OTL o€ OAES TIG MEPITTWOEIS TO. EAEYYOUEVO HYNTIKA TE-
dia EIVOL TEPLEGOTEPO OUOLOUOPPA. OO TO. U] EAEYYOUEVa media. H mepintawon 4 (n omolo.
OVTIGTOLYEL OTHY TPWOTEDOVTO. KO OEVTEPEDOVTO, THYH KOVTG. KOI OTO GHUELO ETIAVONG OTTE-
vovti), éxer emrevy el uéyrotn usiwon twv 14.7 dB amd v uéyiomn tun tov un ereyyo-
UEVOD TENLOD.
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ABSTRACT

Experimental results are presented for the local active control of sound in rec-
tangular rooms.

Initially the frequency response of a reverberant chamber (3.95 x 2.38 x 3.15,
all dimensions in meters) has been estimated theoretically and verified by measurement.

Modal analysis has been applied in order to determine the mode contributions.
In this study, emphasis is placed on the axial mode (1,0,0). The acoustic potential en-
ergy E, has been used as a figure of merit for the identification of the optimum location
of the sources for the controlled sound field.

Four cases have been investigated. In each case, different positions for the
primary and secondary sources pair and the solution point (microphone) are consid-
ered. Case 1 and 2 refer to opposite source locations with the solution point next to
secondary and primary respectively. Case 3 and 4 refer to the placement of the sources
in adjacent positions and the solution point close and opposite to the sources locations
respectively.

The axial mode (1,0,0) frequency has been determined at 44.75 Hz. Both con-
trolled and uncontrolled sound fields were measured at that specific frequency. In addi-
tion to these measurements, an off-resonance of 49 Hz measurements was performed for
test case 2 to examine the bandwidth of active control.

The results have shown that in all cases controlled sound fields are more uni-
form in comparison with the uncontrolled field. Case 4 (corresponding primary and
secondary sources close each other and solution point in opposite location) to has
achieved 14.7 dB reduction of the maximum value of the uncontrolled field.
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1. Introduction

The idea of the active cancellation of the sound field is not a new one. Lueg
made the first theoretical proposals on active control in 1936. He explained that the can-
cellation of the plane wave in a tube by an anti-phase wave was due to the difference in
the speed of propagation between the acoustic wave and the signal transmitted electroni-
cally. No other publications were written until 1953 when Olson and May introduced
their electronic sound absorber. It consisted of a loudspeaker, amplifier and a micro-
phone close to the loudspeaker, and connected so that, for an incident sound, the sound
pressure at the microphone is reduced. A small level of control was achieved; quiet
zones near the microphone were created.

2. Theoretical Section
2.1 The Driven Standing Wave in the rectangular room

Solving the homogeneous wave equation in an enclosure with lossy boundaries
has derived the previous equations. If a sound source is placed in the room with fre-
quency f and source strength q ¢, the particular solution of the wave equation should
be obtained:

The steady-state distribution of sound in the room can be represented as a series

0

z An v, with the series satisfying the latter inhomogeneous equation.
n=0

Morse (1948) has shown, that the steady-state pressure equation in the room is:

- qo Wa(r)Walro) ej(w‘
VA 20,8, + (- w°)

Prev=pc ? €q. 2
where:

r: the vector of the point being considered.

r, : the location of the primary source.

p: is the constant equilibrium density of the air.

c: is the phase speed of sound.

q: is the source density.

w,: is the resonance frequency of the mode.

w: is the driven frequency of the source.

¥,(r): the normal function at point r.

¥,(r,):is a constant multiplier of the mode n.

e, : the damping term in response of the n-the mode.

A,: is a scaling factor equal to 1/ €,,&,,€,, determined by the mode numbers.

The sound pressure at a point r; (x, y, z) is the sum of the waves corresponding
to the different normal modes of the room, each with an amplitude proportional to the
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values of the standing wave at the source and at r; (x, y, z) and inversely proportional to
the ““ impedance” of the standing wave:

2
2008, (@) eq. 3
w w

Those terms in the summation for which ®, = @ will be of significant amplitude
and they called the dominant mode. Least significant modes, called residuals, but also
important in summation are those which o, # ®.

2.2 The total sound pressure field in the rectangular enclosure

Equation (2) has been derived by Morse (1948), as the solution of the wave
equation (1). Maa (1989) has shown that this solution of the wave equation is not the en-
tire solution but only the part of the solution that represents the reverberant sound field
of the room.

The sound source emits a spherical sound wave, propagating along radial vec-
tors in all directions from the source. The sound pressure is inversely proportional to the
distance from the source. This will be the case before the sound waves reach the
boundaries. As the direct waves reach the boundaries, they cause interference with the
earlier reflected waves to form a number of standing waves; the normal modes of vibra-
tion of the enclosure.

Thus the sound field in the room consists of direct waves and the normal modes,
so the complete solution of the wave equation should be:

jopq jw(t-lr-cr”l )+pc22 qo Wa(r)Walro) ejomegat
4rlr-p,l VAn 2008+ J @0 - n’)

The direct sound pressure has a continuous spectrum within the frequency band
of the source, while the modal reverberant pressure appears as peaks on the spectrum of
the reverberant sound.

The spectra of the sound at increasing distances from a primary source in an en-
closure as Maa(1994) testified experimentally has the following properties:

The spectra contain both the continuous background of the direct sound and
peaks of the normal modes.

The heights of the peaks remains more or less unaffected as the distance in-
creases, and

the continuous background becomes lower in sound pressure, making the peaks
more and more conspicuous.

2.3 An Active Local Control System for the perfect cancellation
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The local control strategy is considered for a small rectangular enclosure. The
simple situation is that, two simple sources excite the sound field in the enclosure. The
primary source is located at P, has constant source strength g,. The secondary source is
located at S and has controllable source strength g;. There is also a microphone is lo-
cated at M, which should be the solution point.

The sound field at the point M due to the primary and the secondary source is
given by applying the principle of linearity by the formula:

Pu=4,Zrm +495Zsm eq. 5

where:

Zpy :is the acoustic transfer impedance from the primary source to the cancellation point
M.

Zsy :is the acoustic transfer impedance from the secondary source to the cancellation
point M.

Each of these has two components:

Zpy = Zpy (dir) + ZpM (rev) eq. 6

The first term of equation (6) corresponds to the direct field of the primary
source. The second term refers to the reverberant field produced by reflection to the
room boundaries and described with a series of plane waves Z.,)=Z b, y,.

In order for the secondary source to drive the pressure at M to zero the optimum
velocity for the secondary source is calculated as:

Z
q‘v=-ﬂql7 eq.7
Zsm

2.4 Acoustical Potential Energy as an index of better control

Global control is achieved when the sound pressure level is reduced at all posi-
tions in the enclosure. In practical implementation, the minimization of the total acoustic
potential energy E, of the enclosure is applied. This strategy has the effect of levelling
out the spatial variation of the sound pressure in the enclosure. Accordingly the sound
level should be increased at some points where it was low, but falls to reduce it where it
was high.

As has been shown in section 2.1 that the reverberant sound pressure field in the
enclosure can be written as the sum of a series of the acoustic modes:
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p(r)= ZAnl//,,(r) eq. 8

n=0

where:

r: is a point in the rectangular enclosure,

A, : are complex coefficient that quantify the extent to which a given mode is excited.
They are the mode amplitudes and depend on the frequency.

Assuming that in the enclosure the sound field is excited by a single point pri-
mary source of complex source strength g,, located at y, and by a single point secon-
dary source of complex source strength g,,,located at y;, coefficient A, should be written:

- Py 6(2)0)
AV R2onkn+ J( 0 @3)]

An

The extent to which a particular mode can be driven by a single source depends
on the value of the shape function at the position of the source. The particular mode
could be attenuated by making the coefficient A, equal to zero. This could be obtained
by choosing an appropriate value for the secondary source strength such as:

_Va(y,)

olv,) 17 ¢q- 10

qs

In general when an appropriate value for the secondary source strength is se-
lected, for a particular mode to be zero everywhere, this does not assume that an in-
crease does not happen to other modes.

At low frequencies near to the natural frequencies where the modal density is
low and the sound field is dominated by the response of a single mode, the global con-
trol has successfully achieved.

The acoustic potential energy E, is proportional to the volume integrated mean
square acoustic pressure in an enclosure, being defined as:

! [1pPav eq. 11

Ep= 2
4/)000

The above equation (11), using equation (8) and (9) is arranged for the primary
and secondary source as:

V 0
Ep= 22IAn|2 eq. 12
4poct) 0

The measurement of this energy and the minimization of a suitable quadratic
cost function is used when the global control in the enclosure applied in practice.

La,wa(y,)+a,w,(ys)] eq. 9
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Elliott et al (1987) showed that the acoustic potential energy can be approxi-
mated by a quantity J, proportional to the sum of the mean square pressures at a finite
number of discrete points, defined as:

L

|4 2

Jp=—— E Ipl eq. 13
4pyco L =1

where: pl is the pressure at the 1-th position in the enclosure and L is the total number of
the measurement points.

At low modal densities in a lightly damped enclosure the sum of the squares of
the pressures at a relative small number of carefully selected positions is also a good ap-
proximation to the acoustic potential energy Ep. These locations are the maxima of the
primary sound field and for the rectangular enclosure is each corner.

3.1 Simulations

3.1 Spectral analysis of the best attenuation in a local control system, using
the acoustic potential energy Ep

The reduction of the total acoustic potential energy has been suggested as a cri-
terion by which the effectiveness of the active control systems in enclosures can be
evaluated.

In the following, simulations have been done for four different cases, by locat-
ing the primary, secondary source and solution point in different places. The acoustic
potential energy E, is calculated with equation (12) using the theory developed in sec-
tion 2.3.

The local active control of the system was applied, by designing the secondary
source strength qs, such that the pressure at the solution point was perfectly cancelled
(driven to zero). The frequency range was 0 Hz to 100 Hz, with 1 Hz step and the sec-
ondary source strength was calculated for each step. The sound pressure field was as-
sumed to consist of the direct and reverberant part, described in equation (4) in section
2,2. A thousand modes were summed for the reverberant field calculations.

The theory presented above is applied in various cases in this section.

Four different cases for various primary and secondary source and microphone
locations are considered:

Case 1: Microphone close to secondary source, sources opposite side.
P(3.65, 1.00, 1.00) S(0.25, 1.00, 0.85) M(1.00, 1.50, 1.00)
Case 2: Microphone close to primary source, sources opposite side.
P(3.65, 1.00, 1.00) S(0.25, 1.00, 0.85) M(3.09, 0.60, 1.00)
Case 3: Microphone close to sources, sources same side.

P(0.30, 0.50, 1.00) S(0.25, 1.00, 0.85) M(1.00, 1.50, 1.00)
Case 4: Microphone away from sources, sources same side.
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M(3.09, 0.60, 1.00)
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P(0.30, 0.50, 1.00) S(0.25, 1.00, 0.85)

The sensors for calculations of the acoustic potential energy were placed in the
eight corners of the rectangular enclosure: M, (0.1, 0.1,0.1), M, (3.8, 0.1,0.1), M3 (3.8,
2.18,0.1), My (0.1, 2.18, 0.1), M5 (0.1, 0.1,3), M (3.8, 0.1,3), M; (3.8, 2.18,3), M,
(0.1, 2.18, 3).

Figure 2 shows the acoustic potential energy E, due to the primary source alone
and with the primary and secondary source adjusted to cancel the pressure at a point in

the enclosure.
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Case 3: The microphone is placed close to the sources and Case 4: The microphone is placed away form the sources
the sources are placed to the same side. and the sources are placed to the same side.
Figure 2: The total acoustic potential energy E,, of the uncontrolled and the controlled sound
field.

When the microphone is close to the secondary source and the sources are
placed far away, there is poor control of the sound field. It is observed 10 dB reduction
at 43.42 Hz and almost no reduction is achieved at the other resonant frequencies. The
attenuation becomes better with the microphone close to the primary source and the
sources placed far away. Excepting of the 10 dB reduction at 43.42 Hz, there is also
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about 3 dB reduction of the resonant mode at 54.44 Hz. The control of the resonant fre-
quencies is improved as the sources are placed close each other and the microphone
close to them. The reductions are 13 dB at 43.42 Hz, 9 dB at 54.44 Hz and 3 dB around
70 Hz. Finally, the best control is achieved when the sources are close each other and
the microphone is placed far away, to the other side of the enclosure. The reductions are
observed about 18 dB at 43.42 Hz, 10 dB at 54.44 Hz and 6 dB at 70 Hz. There is also a
significant reduction at off- resonant frequencies.

Comparing the above four control cases the best attenuation over the biggest
range of frequencies, is obtained when the sources are close each other and the micro-
phone far away from them. This happens because the sources are coupled to most of the
modes in the same way and the solution point far away detects the reverberant field
rather than the direct fields of the sources.

4. Experimental Section

4.1 Description of apparatus

The measurements were carried out in the rectangular reverberant chamber with
volume 29.6 m® and dimensions (3.95 x 2.38 x 3.15 m). The dimensions of the two
loudspeakers are: primary source (0.6 x 0.34 x 0.30 m) with cone diameter r,=0.105 m
and secondary source (0.525 x 0.305 x 0.23 m) cone diameter r,=0.0815 m.

The instruments used are as follows: Dual Phase Oscillator, Oscilloscope,
Power Amplifier, Frequency Meter, Phase Meter, ONOSOKKI FFT Analyser, B&K
4165 Microphone. Additionally a purpose built rectifier that connects an array of
equally spaced electrets microphones via an A/D card to a computer is used. The com-
puter is used to collect the data measured for the uncontrolled and controlled field.

Ten electrets (Maplin) Microphones of diameter 6mm are placed ever 25cm on
a wooden beam of 2.28 m length. This dimension represents the y-axis of the enclosure.
Thus, if the wooden beam is slightly moved perpendicular to the x-axis of the enclosure
the whole enclosure is easily scanned from collection of contour plots.

The primary and secondary sources are connected to a dual phase oscillator that
allows the amplitude and the phase of the secondary source to be adjusted in order to
cancel the acoustic pressure at a point in the field. The sources are driven with a sinu-
soidal wave. A frequency meter is connected to the oscillator to measure the frequency
of excitation accurately. The oscilloscope is used to measure the relevant amplitude and
phase of the signal fed to the primary and secondary source. A B&K phase meter is also
used for more accurate measurement between the signal phases, because is important for
the active control of the sound. The B&K microphone is located at the solution point
and is connected to the Onosokki FFT Analyser. The 10 equal spaced microphone array
is connected though a rectifier to an A/D PC card.

4.2 Frequency response of the reverberation chamber
First the low frequency response (spectrum) of the primary source in the rectan-
gular enclosure is measured. A white noise of frequency range of 0 Hz -200 Hz is ap-

plied in the chamber and the spectrum is measured at the point M (1.0, 1.5, 1.0).

There are obvious resonances at 44.75 Hz, 55 Hz, 70 Hz, and so on.
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In Figure 1 is shown the frequency response measured in the reverberant cham-
ber with the FFT Analyser.

Pressure (dB)

100

Frequncy (Hz)

200

Figure 1: Frequency response of the reverberant chamber measured with the FFT Ana-

lyser.

The y-axis decibel scale in figure 1 is arbitrary.

4.3Perfect Cancellation of the sound pressure field at a point

4.3.1 The resonant frequency 44.75 Hz of the Axial Mode (1,0,0)

Description Case 1 Case 2 Case 3 Case 4
Pressure Uncontrolled: -17.25dB -13.11 dB -17.67 dB -18.54 dB
at the so- | Controlled: -56.36 dB -48.33 dB -62.22 dB -57.97 dB
lution M: Attenuation: 39.11 dB 35.22dB 44.55 dB 39.43 dB

VP ipn) 0.86 V 0.8V 0.72V 0.6V
VS(00) 2V 18V 1.64V 1.68V
Zom 0.322211.7° | 0.395 £ -174.6° | 0.354 £ -163.1° | 0.378 £ 19.2°
Zom 0.1425 Z - 0.165 £ 27.4° 0.155 £-36.7° | 0.165 £ 142.9°
146
Zys 0.431222.9° | 0427 £20.6° | 0440 £20.1° | 0.456 £ 17.7°

Table 1: Setting of the sources for the active control of sound of the axial mode (1,0,0)

4.3.2 The off-resonant frequency 49 Hz

Description

Case 2
Pressure at the so- | Uncontrolled: -28.10 dB
lution M: Controlled: -58.12 dB
Attenuation: 30.02 dB
VP o-p) 22V
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V) 22V
Z 0.291e-1 £ 98.2°
Zg, 0.253e-1 £ 54.3°
Z,s 0.872 £21.8°

Table 2: Setting of the sources for the active control of sound of off resonance fre-
quency 49 Hz

4.3 Results of the controlled field

In order to classify the amount of the controlled field relevant to the uncon-
trolled the space averaged mean square pressure of the primary source to the secondary
source is calculated

(v)
P p
e =20log( > eq. 14
(%)
e (dB)
Cases Description of sources and microphone locations space averaged
mean square
pressure

1 The microphone is placed close to the secondary source and the 23.0
44.75 Hz sources are placed to the opposite side.

2 The microphone is placed close to the primary source and the 17.7
44.75 Hz sources are placed to the opposite side.

3 The microphone is placed close to the sources and the sources 23.1
44.75 Hz are placed to the same side.

4 The microphone is placed away form the sources and the 29.9
44.75 Hz sources are placed to the same side.

2 The microphone is placed close to the primary source and the 3.6
49.00 Hz sources are placed to the opposite side.

Table 3: Attenuation achieved in controlled sound field

Conclusions
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