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The concept and the preliminary examination of active sound field equalization are presented. As well
known, active control scheme is mostly used for suppressing the sound pressure at certain points. In our
method, however, the sound pressure and the particle velocity are adopted as the control quantity. The
acoustic intensities or the specific acoustic impedances at plural points are then modified to control the
directional characteristics of the sound field in the enclosure. As a result, the intensity controller changes
the direction of standing waves. On the other hands, the impedance controller shows the tendency to
yield the propagating waves in desired direction. Both methods show potentials to equalize irregularities
of the sound field due to the strong acoustic modes.

1 Introduction

Active sound equalizer is often designed to compen-
sate the irregular frequency characteristics due to the
strong acoustic modes in enclosures, for example. Typi-
cal method is to make the equalization filter tracking the
delayed version of the original signal[1] or the impulse
response of the plane wave field[2].

Meanwhile, our system presented in this report in-
tends to change the directional characteristics of the
sound field by modifying the balance of the acoustic
intensities or the specific acoustic impedances in three
orthogonal directions. This concept is firstly utilized for
an ‘active reverberation chamber’ in which the any de-
sired incident angles can be achieved by active sound
radiation[3]. As a ‘good side effects’ of controlling these
balances, the controller is expected to perform as a ef-
fective space equalizer, since it can remove the large
variations of the sound pressure in the enclosure. The
formulation and the results of the numerical simulations
are shown below.

2 Principle of Controller Design

2.1 Expression of Controlled Field

Assume the multi-channel active control system which
consists of L error sensors and M secondary sources as
shown in Fig. 1. The number of primary source is as-
sumed as one. The sound pressure and the particle ve-
locity in x direction at �-th error sensor, p�, vx,� can be
expressed in the frequency domain expression as

p� = dp,� +
M∑

m=1

gp,�,m · qm (1)

vx,� = dx,� +
M∑

m=1

gx,�,m · qm, (2)

where, dp,� and dx,� are the primary sound pressure
and particle velocity in x direction. The gp,�,m is the
transfer function from m-th secondary source to �-th er-
ror sensor. This transfer function converts m-th source
strength qm to sound pressure. Similarly, the gx,�,m is
the transfer function from m-th secondary source to �-
th error sensor for particle velocity in x-direction. The
sound pressures and the particle velocities in x, y, and z
direction at L sensors can be arranged in vector-matrix
form as

p = dp + Gpq, (3)
vx = dx + Gxq, (4a)

Gp
 Gx
  Gy
   Gz
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q1
q2

qM

Primary
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p, vx, vy, vz

...

...

Figure 1: Block diagram of the control system in which
the L-error sensors, M -secondary sources are assumed.

vy = dy + Gyq, (4b)
vz = dz + Gzq, (4c)

where p = [p1 p2 · · · pL]T , vx = [vx,1 vx,2 · · · vx,L]T ,
dp = [dp,1 dp,2 · · · dp,L]T , dx = [dx,1 dx,2 · · · dx,L]T ,

Gp =

⎡
⎢⎢⎢⎣
gp,1,1 gp,1,2 · · · gp,1,M

gp,2,1 gp,2,2 · · · gp,2,M

...
gp,L,1 gp,L,2 · · · gp,L,M

⎤
⎥⎥⎥⎦ , (5)

Gx =

⎡
⎢⎢⎢⎣
gx,1,1 gx,1,2 · · · gx,1,M

gx,2,1 gx,2,2 · · · gx,2,M

...
gx,L,1 gx,L,2 · · · gx,L,M

⎤
⎥⎥⎥⎦ (6)

and q = [q1 q2 · · · qM ]T . The velocities and transfer
functions for y and z directions are defined similarly.

Free field If we assume the point primary source at
the location of (x0, y0, z0) in the free field, the primary
field at the �-th error sensor (xe,�, ye,�, ze,�) can be ex-
pressed as

dp,� =
jωρ0Q

4π
e−jkr0,�

r0,�
, (7)

dx,� =
Q

4π
1 + jkr0,�

r20,�

xe,� − x0

r0,�
e−jkr0,� , (8a)

dy,� =
Q

4π
1 + jkr0,�

r20,�

ye,� − y0
r0,�

e−jkr0,� , (8b)

dz,� =
Q

4π
1 + jkr0,�

r20,�

ze,� − z0
r0,�

e−jkr0,� , (8c)

where j =
√−1, ω is an angular frequency, ρ0 is a mass

density of the medium (air), Q is the primary source
strength, k is a wavenumber, and

r0,� =
√

(xe,� − x0)2 + (ye,� − y0)2 + (ze,� − z0)2.

Acoustics 08 Paris

2298



The elements of transfer functions are expressed as

gp,�,m =
jωρ0

4π
e−jkrsm,�

rsm,�
(9)

gx,�,m =
1
4π

1 + jkrsm,�

r2sm,�

xe,� − xsm

rsm,�
e−jkrsm,� , (10a)

gy,�,m =
1
4π

1 + jkrsm,�

r2sm,�

ye,� − ysm

rsm,�
e−jkrsm,� , (10b)

gz,�,m =
1
4π

1 + jkrsm,�

r2sm,�

ze,� − zsm

rsm,�
e−jkrsm,� , (10c)

provided them-th secondary source is located at (xsm, ysm, zsm)
and

rsm,� =
√

(xe,� − xsm)2 + (ye,� − ysm)2 + (ze,� − zsm)2.

Lightly damped enclosure Another important ex-
ample used in this report is a lightly damped rectangular
enclosure whose transfer functions can be evaluated by
the modal summation method [4]. Assume the dimen-
sions of the enclosure as Lx ×Ly ×Lz. The modal func-
tion of the enclosure at the receiving position (x, y, z),
can be calculated as

ψp,n(x, y, z) = εn cos
nxπx

Lx
cos

nyπy

Ly
cos

nzπz

Lz
, (11)

ψx,n(x, y, z) =
1

jωρ0

nxπ

Lx
εn sin

nxπx

Lx
cos

nyπy

Ly
cos

nzπz

Lz
, (12a)

ψy,n(x, y, z) =
1

jωρ0

nyπ

Ly
εn cos

nxπx

Lx
sin

nyπy

Ly
cos

nzπz

Lz
, (12b)

ψz,n(x, y, z) =
1

jωρ0

nzπ

Lz
εn cos

nxπx

Lx
cos

nyπy

Ly
sin

nzπz

Lz
, (12c)

where nx, ny, nz are the independently increasing inte-
gers from zero, and the normalizing factor εn = √

εx · εy · εz
and ε(x,y,z) = 1 and ε(x,y,z) = 2 for the cases of n(x,y,z) =
0 and n(x,y,z) > 0 respectively. Then the primary field
can be expressed as

dp,� = Q

N∑
n=0

anψp,n(xe,�, ye,�, ze,�) (13)

dx,� = Q

N∑
n=0

anψx,n(xe,�, ye,�, ze,�), (14a)

dy,� = Q

N∑
n=0

anψy,n(xe,�, ye,�, ze,�), (14b)

dz,� = Q

N∑
n=0

anψz,n(xe,�, ye,�, ze,�). (14c)

In the summation above, the integer n = 0 if nx = ny =
nz = 0 and increases with any different combination
of nx, ny and nz The coefficient an associated with the
location of the source can be expressed as

an =
ωρ0c

2ψp,n(x0, y0, z0)
LxLyLz [2ζnωnω + j(ω2 − ω2

n)]
, (15)

where c is the sound speed, ζn is the damping ratio of n-
th mode, and ωn is the natural angular frequency which
can be calculated as

ωn = c

√(
nxπ

Lx

)2

+
(
nyπ

Ly

)2

+
(
nzπ

Lz

)2

(16)

The elements of transfer matrices are expressed as

gp,�,m =
N∑

n=0

Bm,nψp,n(xe,�, ye,�, ze,�), (17)

gx,�,m =
N∑

n=0

Bm,nψx,n(xe,�, ye,�, ze,�), (18a)

gy,�,m =
N∑

n=0

Bm,nψy,n(xe,�, ye,�, ze,�), (18b)

gz,�,m =
N∑

n=0

Bm,nψz,n(xe,�, ye,�, ze,�), (18c)

where

Bm,n =
ωρ0c

2ψp,n(xsm, ysm, zsm)
LxLyLz [2ζnωnω + j(ω2 − ω2

n)]
. (19)

2.2 Control Strategy

The normal Active Noise Control (ANC) scheme intend
to reduce the sum of the squared pressure pHp and the
optimum secondary source strength are known as [4]

qmin,p = −
[
GH

p Gp

]−1

GH
p dp (20)

Intensity Control We assume here the cost function
J as the multiplication of the sound pressure vector and
weighted particle velocities as

J =
[
pH pH pH

] ⎡
⎣wxvx

wyvy

wzvz

⎤
⎦

= [dp + Gpq]H [dv + Gvq] , (21)

where wx, wy, wz are the weighting value of the intensi-
ties for each direction, and

dv = wxdx + wydy + wzdz, (22)
Gv = wxGx + wyGy + wzGz. (23)

This cost function can be expressed ‘quasi’ quadratic
form as

J = qHAq + qHB + Cq + D (24)

where A = GH
p Gv, B = GH

p dv, C = dH
p Gv and

D = dH
p du. Note that there is no guarantee that the

matrix A is positive definite nor having its inverse. The
individual examinations are needed to verify the pro-
posed method.

Anyway, the ‘optimum’ strength vector qmin,intensity

can be calculated as

qmin,intensity = −
[
GH

p Gv

]−1

GH
p du (25)

Assume that the weighting are set as wx = 1, wy =
0, wz = 0, then the calculated controller Eq. (25) re-
duces only the intensity in x direction. Any combination
of weightings has possibilities to change the direction of
energy flow of sound.
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Impedance control We define the error function as
the difference between sound pressure and the weighted
particle velocities multiplied by the characteristic impedance
of the medium, Z0 as

e = p − Z0 (wxvx + wyvy + wzvz) . (26)

If we set the weights as wx = 1, wy = 0, wz = 0, the
controller tend to modify the relation of sound pressure
and the particle velocity as p−Z0vx = 0 and therefore,
p/vx = Z0, i.e., the feature of plane propagating wave
in x direction.

The error function can be manipulated into

e = dimp + Gimpq, (27)

where dimp = dp−Z0(wxdx+wydy+wzdz), and Gimp =
Gp − Z0(wxGx + wyGy + wzGz). The optimum sec-
ondary source strength to minimize the squared sum of
the error function eHe can be derived as

qmin,impedance = −
[
GH

impGimp

]−1

GH
impdimp (28)

3 Numerical Simulation

To verify the validity of the proposed method, the nu-
merical simulations were performed in the simple two-
dimensional sound field. We assumed the extremely
‘modal’ condition, in which the dimensions of the en-
closure were Lx = Ly = 1 [m], Lz = 0.05 [m] and the
excitation frequency was set to 240 Hz (the wavelength
λ = 1.42 m).

Simple arrangement of the sources The primary
source was located at one corner and the three secondary
sources were located remaining corners as shown in Fig.
2 (a). These sources were designed to control the in-
tensity and the impedance at the four points sensors.
Transfer functions are calculated by Eqs. (11) to (19)
and nz was set to zero. The weighting parameter wx, wy

were determined as (wx, wy) = (cos θ, sin θ) and the an-
gle θ was set to 0◦, 35◦, 45◦, 55◦ and 90◦, as examples.

Figure 3 shows the results. The top left figure shows
the primary distribution of sound pressure levels and the
directions of sound intensities by the arrows. The left
and the right columns corresponds to the impedance
and the intensity control, respectively. The each row
indicates the results of each angle, θ. As mentioned
in the previous section, the weighting parameters of
(wx, wy) = (cos θ, sin θ) would result that; the impedance
controller tends to make the ratio of the sound pressure
and the particle velocity to Z0, in set direction, and the
intensity controller tends to reduce the set angle inten-
sity.

The results of the intensity control show that the re-
duction of the intensity in certain direction made the re-
maining intensity being prominent. On the other hand,
the impedance controller make the sound field being rel-
atively smooth and flat field. Additionally, the intensity
arrows tend to point the desired direction in the wide
area inside the enclosure.

The sum of the squared source strengths, qHq were
drawn for various set of angles and the excitation fre-
quencies in Fig. 4. The −20 dB in the vertical axis
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(a) Simple arrangement

(b)Santillian's arrangement
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Figure 2: Arrangement of the primary source, the
secondary sources, and the error sensors.
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Figure 3: Results of the numerical simulation with
simple source arrangement.
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Figure 4: Sum of the squared source strength for the
intensity and the impedance control.

corresponds to the level of the primary source strength.
Apparently, intensity control had steep peaks and dips
depending on the set angle and the frequency. The
impedance control looks being more well-balanced con-
trol strategy.

Santillán’s arrangement A distinctive sound field
control method was proposed by Santillán[5, 6]. His
method used widely distributed loudspeakers having strength
which corresponded to their assigned solid angle. In
this section, we try to combine his idea and our control
method.

Firstly, we assume that two orthogonal walls are cov-
ered with source arrays which have weightings as intro-
duced by Santillán as shown in Fig. 2 (b). The numbers
in the circles indicate the fundamental weighting. To
realize the arbitrary directional feature in the primary
field, the multiplicative weighting Wx and Wy are as-
sumed, i.e., if we intend to generate the primary field of
direction θ, then the Wx and Wy are calculated as

Wx =
cos θ

| cos θ| + | sin θ| , Wy =
sin θ

| cos θ| + | sin θ| . (29)

The secondary sources are arranged symmetrical lo-
cation with primary sources. The number of secondary
sources are nine and they are driven with the strength to
control the intensity and the impedance at four points
in the enclosure. Results are shown in Fig. 5. Only the
results of the impedance control are shown. The left col-
umn shows the distribution of sound pressure and the
intensity before control. The angle θ is set to (a) 0◦,
(b) 30◦, (c) 45◦, (d) 60◦, (e) 90◦, (f) 120◦, (g) 135◦, (h)
150◦, and (i) 180◦.

Apparently, the weighting for primary source Wx

and Wy generated the sound field of desired directivity
features. However, the modes in each direction resulted
in the variation of sound pressure levels more than 20
dB. Also, the sound pressure in the case of (g) 135◦fell
greatly.

Impedance controller, however, showed the effective
‘equalization’ of sound field with energy flow of desired
directions. The extremely reduced sound pressure at
the primary field of (g) 135◦was compensated by the
impedance controller.

4 Concluding Remarks

Active control of acoustic intensity and impedance were
proposed. Both method could change the directivity
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Figure 5: Results of the numerical simulation with
Santillán’s arrangement.
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features of the sound field in the enclosure. Especially,
the impedance controller showed possibilities of realiz-
ing effective sound field equalizer which can equalize the
sound pressure distribution even for the low modal den-
sity case. These results suggested that the impedance
controller yielded the equivalent propagative sound field
in arbitrary angle.

The adaptive implementation of control strategy and
physical interpretation of the obtained results are the
current subject of our research.
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