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Active room compensation for sound reinforcement using sound

field separation techniques

Franz M. Heuchel,"® Efren Fernandez-Grande," Finn T. Agerkvist,' and Elena Shabalina®
YAcoustic Technology Group, Department of Electrical Engineering, Technical University of Denmark,

2800 Kgs. Lyngby, Denmark

2d&b audiotechnik GmbH, 71522 Backnang, Germany

(Received 23 October 2017; revised 2 February 2018; accepted 3 February 2018; published online
6 March 2018)

This work investigates how the sound field created by a sound reinforcement system can be con-
trolled at low frequencies. An indoor control method is proposed which actively absorbs the sound
incident on a reflecting boundary using an array of secondary sources. The sound field is separated
into incident and reflected components by a microphone array close to the secondary sources,
enabling the minimization of reflected components by means of optimal signals for the secondary
sources. The method is purely feed-forward and assumes constant room conditions. Three different
sound field separation techniques for the modeling of the reflections are investigated based on plane
wave decomposition, equivalent sources, and the Spatial Fourier transform. Simulations and an
experimental validation are presented, showing that the control method performs similarly well at
enhancing low frequency responses with the three sound separation techniques. Resonances in the
entire room are reduced, although the microphone array and secondary sources are confined to a
small region close to the reflecting wall. Unlike previous control methods based on the creation of a
plane wave sound field, the investigated method works in arbitrary room geometries and primary

source positions. © 2018 Acoustical Society of America. https://doi.org/10.1121/1.5024903

[MRB]

I. INTRODUCTION

A short reverberation time at low frequencies is crucial
for the rating of venues for amplified music concerts.'
However, reverberation times at low frequencies are gener-
ally long. The sound absorption and diffusion coefficients of
audiences and most acoustic treatment materials decrease
with lower frequencies, as does the directivity of loud-
speaker systems. This results in undesired low frequency
reflections, reverberation, and mode structures.

As passive control of low frequencies can be hard to
achieve, active means for reduction of reverberation and
modal resonances have been the focus of research for several
years and many different approaches have been developed to
tackle these problems. A common approach for small rooms
is to equalize the frequency response at the listening posi-
tions or zones, though this only optimizes the sound field
locally, potentially creating less desirable responses outside
the optimization domain.>* Many other works focus on
active absorption where sound sources are used as sinks of
acoustic energy. Some of these techniques are based on the
control of the boundary impedance, e.g., the impedance of a
loudspeaker membrane or a moving panel.s_8 They use pres-
sure and velocity sensors to measure the impedance in front
of the moving surface and correct it, such that the impedance
matches the impedance of the incoming sound wave. This
can be effective in ducts where the acoustic impedance is
simple, but difficult in more general cases where the imped-
ance is more complex. Globally effective sound control
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strategies have been previously investigated.”'® These
involve the creation of plane waves by a primary source
array on one side of a rectangular room and their active
absorption at the opposite side by a secondary array using
either many loudspeakers”™'! or fewer speakers by exploit-
ing the symmetries of a rectangular room.'>'? The latter
method was coined Controlled Acoustic Bass System
(CABS)."? The plane wave sound field can be regarded as
being an optimal field for sound reinforcement, because of
its homogeneity in space and frequency. However, the meth-
ods either require a large measurement effort”'® or need spe-
cific placements of the primary sources.'®'%!4

The current work presents a method for low frequency
sound control by active absorption for situations where arbi-
trary, but controlled primary sources, e.g., a sound reinforce-
ment system, create the sound. The proposed method uses
sound field separation techniques'>™'® on a double layer
pressure microphone array to separate incoming and
reflected sound field components and derive optimal filters
for the secondary sources which reduce the reflected sound
(thus absorbing sound by active means).

Most research on active absorption focuses on problems
with unknown sound sources, thus requiring an adaptive
solution. As the primary and secondary sources of this work
are considered as one system, the method presented here is
only feed-forward and non-adaptive. Past works on active
sound absorption have already used sound field separation
based on simple plane wave decomposition (PWD),'*2° but
only investigated them in simulations?® or with adaptive
methods for normal incidence in one-dimensional (1D)
tubes.'® '

© 2018 Acoustical Society of America
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The current work examines, in addition to PWD, more
complex sound field separation techniques based on the
equivalent source method (ESM)'” and spatial Fourier trans-
form (SFT)."”> We derive optimal compensation filters based
on ESM and SFT and apply the active compensation system
in complex three-dimensional sound fields in large sized
rooms, both numerically and experimentally.

The remaining part of the paper is organized as follows:
Sec. II introduces the mathematical formulation of the room
correction system. The sound field separation techniques are
described and the optimization problems, from which the
optimal filters for the secondary sources are derived, formu-
lated. A numerical study in two room geometries is pre-
sented in Sec. III. Section IV is concerned with an
experimental study of the presented system. The results of
the findings are discussed in Sec. V.

Il. METHODS

The proposed active absorption method consists of an
arbitrary number of primary sources, a set of M secondary
sources distributed over a reflecting wall, and 2N pressure
microphones, as sketched in Fig. 1. The secondary sources
are mounted on a reflecting wall with the microphones
arranged as a double layer array parallel to the yz-plane in
front of them. The choice or number of walls covered with
the secondary sources and microphones is, in principle, arbi-
trary. Placement along the walls involved in the most critical
reflection paths is an intuitive first choice.

The purpose of the secondary sources is to actively
absorb the sound radiated by the primary sources. This is
achieved by driving the secondary sources with optimal sig-
nals that effectively minimize the reflections by the bound-
ary they are mounted close to. The corresponding objective
function, which shall be minimized, is quantifying the
amount of reflections as measured by the microphone array
and represented by the separation model. The result of the
optimization is a set of M complex filter coefficients which
define the complex gain for each secondary source as a func-
tion of frequency.

Depending on the sound field separation method, the
microphones can either measure the pressure directly (SFT)
or approximate the pressure and the component of the parti-
cle velocity along the x axis at the N points between each
pair of microphones (PWD and ESM). The pressure in

reflecting wall

double layer
microphone array

secondary sources

primar\' sources

FIG. 1. Schematics of the spatial setup of the active absorption method. In

the mathematical formulation the microphone array is parallel to the
yz-plane.
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between can be approximated as the average pressure p
= (p1 + p2)/2 between the two layers separated by the dis-
tance d. The normal component of the particle velocity can
be approximated by a finite difference approximation of
Euler’s equation u, = —Vp/jwp =~ —(p» — p1)/jwpd.

The primary sources are assumed to be driven by a sin-
gle channel such that their combined influence on the sound
field can be modeled by a single transfer-function. For the
application to multichannel audio reproduction, a separate
set of filters per channel must be obtained and the secondary
sources must be driven by the sum of the filtered signals for
each channel.

In the following, the three sound separation techniques
are reviewed and the respective optimal filter coefficients are
derived in the frequency domain for a single frequency under
the assumption that the system is linear and time-invariant.
As the excitation signal is, in frequency domain, just a multi-
plicative constant for the pressure created by each loud-
speaker, it was omitted in the equations without loss of
generality.

A. Plane wave decomposition

The PWD model assumes that the sound field at each
microphone position is locally composed out of two plane
waves traveling in opposite directions, namely incident and
reflected components,

p =Dpi+pr (D

Using the pressure p and the normal particle velocity u,,, one
can find the amplitudes of these components,'”

pi == (p + pcuy), ()

N = N =

Pr= (P - PCMn)- 3)
If the boundary is totally absorptive, the reflected component
will vanish.

The optimization problem is defined as follows. Let p,
e CN be the pressure from the primary sources to the N points
between the two measurement layers. Let H) € CNM be the
pressure transfer matrix from the M secondary sources to the
microphone positions. The signal to each secondary source is
represented by the frequency dependent filter coefficients or
gains w € CM . The total pressure at the microphone positions

p=p, + Hw “4)

is the sum of pressures by the primary and filtered secondary
sources and analogously the particle velocity

u, =u, +Hw. Q)

According to Egs. (3), (4), and (5), the reflected pressure as a
function of the filters between each microphone pair is

(p — pcuy). (6)

N —

P, =
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Minimizing ||p,||* by an optimal choice of w effectively
minimizes the reflections by the boundary via the absorption
of sound by the secondary speakers. From Egs. (4), (5), and
(6), the optimal filter is

PWD

Wopt

. 2
:= argmin ||p, ||
w

= argmin||(p, — peu,) + (HY — pcHwl [
w

(7
This is a typical least-square problem with the solution
WS];YD = _(H[v) - pCH’:)+(pp - p(,'llp), (8)

where the superscript + denotes the pseudo-inverse.

B. Equivalent source method

The method of equivalent sources can be used as a sound
field separation technique.!” In ESM, equivalent sources are
placed on two sides of the measurement surface (microphone
array), as shown in Fig. 2. N, virtual sources on the side closer
to the wall model the reflected sound field and N, sources on
the other side model the incident sound field.

One can express the total pressure and particle velocity
generated by the primary and secondary sources at the
microphone positions as a function of the equivalent source
strengths'’ q,, € CNe and q, € CcM,

up

p p—
u
_ JopGha jopGup | | 4,
_Gz,a _Gz,b a4,

—GeC2Mx(NatNy)

HY

H

Py

+ w

)

Here, Gy, € CM*N+ denotes the matrix of the free-field
Green’s function G(r,r') = e M=l /4z||r — v'|| between
the microphone positions and the equivalent sources on either

side, and G}, € CM*N+ denotes the matrix of derivatives of

e . . e )
° ' ' e reflecting wall
. o . )
virtual sources q, ° ! 1 °
model incoming sound N H
[ ] ' ' [}
o . e
' h
[ ] 1 ' [}
' .
[ ] 1 ' [}
' .
[ ] ' ' [ ] \
' .
e . . e )
° ' ! ° virtual sources
! ' model reflected sound
[ ] 1 ' [}
' .
[ ] 1 ' [}
' .
[ ] 1 ' [}
' .
[ ] 1 1 [}
' .
[ ] [}

microphone layers
FIG. 2. (Color online) In the ESM, the sound field at the measurement

planes is modeled as originating from virtual sources on both sides of the
planes.
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the Green’s function G*(r,r’) = (9/9n)G(r,r'), along the
normal component of the measurement surface. By inverting
Eq. (9) wusing the regularized pseudo-inverse G*
€ CWatNe2M e find the equivalent source strengths as a
function of the filter coefficients. As one is only interested in
the equivalent source strengths which model the reflections,
qy,» one takes the last N, rows of G which are relevant for q,
to form a new matrix G; e G2 guch that

P H{
Qngh< P+ Hi‘ w). (10)
The optimal filter
2 P Py
ESM . _ : _ + +
WE = arg min [ (th i ) G, ]
(1D

reduces the strengths of the equivalent sources representing
the reflections and therefore, in this model, maximizes the
absorption by the secondary sources.

C. Spatial Fourier transform

A technique based on the SFT using a pressure measure-
ment in two parallel planes can also separate sound fields."
This separation technique is exploited for the current
problem.

Let us assume for now that the pressure is known con-
tinuously on the two parallel measurement planes x = x,, and
x=x, and let P(ky, k., x) denote the pressure in wavenumber
domain obtained by a two-dimensional SFT.?! The sound
field can then be decomposed along the x axis into incident,
P;, and reflected, P,, components at a third plane xy := x,
+dy =x, — dp,”

Pi(ky;k27-x0) _ 1
Py(ky ko, x0) | —2isin(ke(d, + dp))

ejk,\‘dh _efjk.\’du
X . .
P N |
P(kwkz,xa)]

Plkys e ) (12

Note that the equation above uses the convention that a plane
wave traveling in the positive x-direction is described by an
exponential e 7,

The total pressure field in wavenumber domain
P(ky, k., x,w) is the sum of the transformed pressures P, due
to the primary source and P, € CM due to the set of second-
ary sources multiplied by the corresponding filter gain w,

P(ky, ko, x, W) = Pp(ky, k2, x) + P (ky, ks, X)W. (13)
Combining Egs. (12) and (13), the reflected pressure compo-

nent expressed by the primary and secondary sound field
reads

Heuchel et al.



1
x ( |:Pp (ky7 k:7 Xb)e’jk\da

Pr(ky, k27X07 W)

=P (ky, ey 1)
+[PT (ke e
P (ky ke, ) )

= a(P+P,-w), (14)

where ocP;) and oP’, represent the reflected wave field compo-
nents propagating along the negative x-direction created by
the primary and secondary sources, respectively.

The optimal filter

w

wirl = argmin ” P, (ky, k2, x0, W)|*dk,dk.
kyk.€eR
(15)

is designed to reduce all reflected wave space components of
the pressure field. To calculate W(S)lljtr the mean square pres-
sure is written explicitly as a function of the filter gains,

|P/"2 = P{?Pr
= o (WPPw + wPH P+ P;)H Plw + P;,H P,),
(16)
noting that the integration operation is linear. From convex

quadratic minimization it can be found that the integrated
form of Eq. (16) has a unique minimum at

wiT = _A~Th, a7
where
A= J J PP dk d., (18)
ky k- €R
b = “ PP dk,dk, (19)
kyk-€R

if A is positive-definite.

In practice, the sound field can only be measured at a
finite number of discrete points, so the continuous Fourier
transform and integrals have to be replaced by their discrete
counterparts.21

The linear system of Eq. (17) might be badly condi-
tioned due to its inverse nature because the evanescent wave
components are included in the integration domain.
Consequently, the linear system was solved using Tikhonov
L, regularization where the regularization parameter was
estimated using generalized cross validation.””

D. Controlled Acoustic Bass System

CABS'? has been previously proposed as a method for
global sound field control at low frequencies and is used in

J. Acoust. Soc. Am. 143 (3), March 2018

the present study for benchmarking. In CABS a specific
symmetrical positioning of primary and secondary sources
on two opposite walls and a rectangular domain geometry
lead, up to a certain frequency, to a simple, quasi-1D sound
field consisting only of plane waves traveling in opposite
directions.

This can be briefly explained as follows: for a rectangu-
lar room with rigid boundaries, sources placed on the nodal
planes of a yz-tangential mode (0, j, k) only excite the modes
(i,2vj,2uk) with i,j,k,u,v € Ny. [This can be shown by
inspection of the pressure in terms of the rectangular room
Green’s function and expression of the finite sum of the
excitation terms over the sources using ZZ:O cos (ak + z)
= csc(a/2) sin ((1/2)a(n + 1)) cos (an/2 + z) if a # 2nm,
m € N.] In this case the sound field is dominated by x-axial
modes (i,0,0) for frequencies below the smallest of the
eigenfrequencies of modes (0,2/,0) and (0,0,2k). This
smallest eigenfrequency will be denoted by f,, in the remain-
der of this work.

This one-dimensionality results in a simple filter
enabling optimal active absorption by the secondary sources.
The filter consists of a delay, an inversion, and a gain reduc-
tion. The delay is set to the time the sound needs to travel
through the room. The gain reduction accounts for the loss
of energy while the wave travels from one side of the room
to the other (in the case that the walls are not perfectly rigid).
Below f,, the resulting sound field is approximately a plane
wave traveling from the primary to the secondary sources.

lll. NUMERICAL RESULTS

The active absorption method is numerically investi-
gated in two setups resembling an application scenario in
different room geometries. They are depicted in Figs. 3(a)
and 3(b). The finite-element-method is used to model the
sound field and to calculate the pressure transfer functions
between sources and microphones.

Note that two separate sets of microphone positions are
used: the optimal filters are based on measurements in two
layers close to the secondary sources and the resulting sound
field is evaluated at positions distributed throughout the
room (not shown in Fig. 3).

A. Rectangular room
1. Setup

Setup 1, shown in Fig. 3(a), is a rectangular room of
dimensions 12.5m x 12.2m X 3.6 m. Four primary mono-
pole sources with volume velocities of 1 m® s are placed
on the nodal planes of the (0,4, 1) yz-tangential mode at the
wall at x=0. The 45 secondary monopole sources are
arranged in a 9 x 5 grid on the opposite wall. These include
four sources on the nodal planes of the (0,4, 1) yz-tangential
mode for the implementation of CABS with four sources per
wall. Two microphones are placed 1.0 and 1.5m in front of
each secondary source. These form the double layer micro-
phone array that creates the input to the filter computations.
The resulting sound field is evaluated on a 11 x 9 grid of
positions distributed throughout the whole room at a height

Heuchel et al. 1349



b) Setup 2: numerical study, slanted walls and ceiling

double layer
microphone array

primary sources

a) Setup 1: numerical study, rectangular

of 1.7m. The impedance of the ceiling is modeled by the
Miki model®® with a flow resistivity of 2 x 10> Ns m™,
which gives a random incidence absorption coefficient of
0.09-0.16 in the frequency range 30-120 Hz. All other walls
have a high, but finite flow resistivity of 2 x 10" Ns m™*.
The boundary impedances are chosen to mimic the room
used for the experiment. The Nyquist frequency is 225 Hz
given this spatial sampling, so aliasing is avoided in the fre-
quency range of interest.

The working frequency range of CABS is limited by f,,,
which is the eigenfrequency of the z-axial mode (0, 0, 2),
i.e., 95 Hz. The optimal delay of 390 ms and gain of —2dB
for CABS in this setup was found by a parameter search.'”

For the ESM method, the equivalent sources were dis-
tributed over two rectangular surfaces of the same size as the
microphone array on both sides of the measurement surface
with a distance of 1 m and density of 9 equivalent sources
per square meter.

2. Result

Figure 4 shows the resulting frequency responses in the
room without control, a reference case where the back wall
is implemented as a perfectly absorptive boundary using a
Perfectly Matched Layer (PML), the CABS method, and the
active absorption method using the three different sound sep-
aration techniques (PWD, ESM, SFT).

Without control [Fig. 4(a)], i.e., only the primary sour-
ces are active, the frequency responses show many resonan-
ces. Up to around 95 Hz only axial modes in the x-direction
are excited, due to the special placement of the primary sour-
ces. In this frequency range CABS is effective [Fig. 4(c)]. A
perfectly absorbing system has the same frequency responses
as the PML case. It can be considered as an infinitely long
duct where the mode at 95 Hz marks the first excited higher-
order mode. This mode cannot be reduced by the absorption
method as it is caused by reflections between the floor and
ceiling and the sound field separation happens only in the
x-direction. SFT, PWD, and ESM remove the room modes
almost completely below 95 Hz. The control method based
on PWD, ESM, and SFT perform similar to CABS in that
region. The linear phase in the room center shows that the
sound field is similar to a plane-wave. Above 95Hz the
sound field is a combination of axial, transversal, and

1350  J. Acoust. Soc. Am. 143 (3), March 2018

FIG. 3. (Color online) Setups for the
numerical and experimental studies
with positions of primary sources
(squares), secondary sources (circles),
and the two layer microphone array
(up and down facing triangles). The
plane containing the secondary sources
is placed against the wall with a dis-
tance of 1 and 1.5m to the two micro-
phone array layers.

secondary sources

b) Setup 3: experiment

oblique modes. While CABS is not able to damp resonances
in this region, the active absorption based on sound field sep-
aration techniques (PWD, ESM, SFT) produces results that
are close to the PML case and therefore lead to nearly full
absorption in the investigated frequency range.

B. Room with slanted walls and ceiling
1. Setup

The domain of setup 2 [Fig. 3(b)] is a room with slanted
ceiling and side walls. Three primary sources are placed on
the floor in some distance to the front wall. The secondary
sources and double layer microphone array are arranged in a
7 x 4 grid. Again, the dense sampling will avoid any aliasing
effects in the frequency range of interest. All walls have a
high, but finite flow resistivity of 2 x 10’ Ns m~*. The
placement of sources and the room geometry break the
assumptions on which CABS is based, leading to a perfor-
mance of CABS similar to the uncontrolled case (not
shown). In comparison to the rectangular setup 1, this geom-
etry represents a more arbitrary situation with a more com-
plex sound field.

2. Result

Figure 5 compares the active absorption method using
the different separation techniques with the reference case
where the back wall is a PML layer and a case without con-
trol by secondary sources. The absorption system with
PWD, ESM, or SFT separation clearly reduces the room res-
onances in comparison to the case without control, as seen
by less variation in mean sound pressure level (SPL) and a
lower standard deviation compared to the uncontrolled case.
The controlled sound field is more homogeneous in both
space and frequency. Both mean and standard deviation of
the PWD separation technique closely follow the result for
the PML case, suggesting nearly total absorption of the inci-
dent sound. The ESM deviates from the reference case in the
110-120 Hz range with higher mean SPL and lower standard
deviation. The SFT technique performs worst, but still leads
to a more homogeneous sound field in comparison to the
uncontrolled case (see discussion in Sec. V).

Heuchel et al.
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FIG. 4. (Color online) Simulated room frequency responses for the different control techniques in the rectangular room (setup 1). Single magnitude responses
(thin line), their average (continuous line), and standard deviation (dashed line). The phase response is given for one position in the center of the room

(dashed-dotted line).

IV. EXPERIMENTAL STUDY

A sketch and picture of the experimental setup are shown
in Figs. 3(c) and 6, respectively. The room has the same
dimensions and placement of primary loudspeakers as setup 1
of the numerical study. The ceiling has been acoustically
treated by 10cm thick Basotect plates suspended by 10cm
and covering around one-half of the ceiling area. The other
surfaces of the room are approximately sound hard. Fourteen
secondary loudspeakers are distributed over the back wall
including 4 sources at nodal planes of the yz-tangential mode
(0, 4, 1). This again enables the investigation of CABS with
the same setup. The double layer microphone array is
arranged in a 5 x 3 grid with a distance of 1.5and 1.0m to
the back wall. The sparse sampling leads to Nyquist frequen-
cies of 56 and 95 Hz along the y and z axes, respectively. The
resulting sound field in the room was evaluated at 16 positions
distributed equally around the room at a height of 1.7 m.

The measurement was conducted as follows. First, the
transfer-functions from all sources to all microphone posi-
tions were measured. Then, the responses to the double layer
microphone array close to the secondary sources were used

J. Acoust. Soc. Am. 143 (3), March 2018

to calculate the filter coefficients for the three sound field
separation techniques (PWD, ESM, SFT). Last, the resulting
sound pressure in the room was found by linear combination
of the contributions from the primary sound sources and the
filtered secondary sources.

CABS was also implemented for comparison. The delay
and gain parameters were estimated by combining the sepa-
rately measured frequency responses from primary and sec-
ondary sources for a range of different delay and gain values
and finding the solution with the lowest variation in fre-
quency and space.'? This resulted in a gain of —2dB and a
time delay of 390 ms of the secondary sources.

Figure 7 shows the resulting frequency responses without
control, with CABS, and with the proposed absorption system
using the three separation techniques (PWD, ESM, SFT).
Without control [Fig. 7(a)], one can observe three distinct res-
onances at 42, 55, and 68 Hz, which correspond to the axial
modes along the x-direction, and a more complex sound field
with more resonances above 70 Hz.

CABS is only able to compensate for the first prominent
mode. The poor performance can most likely be attributed to

Heuchel et al. 1351
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FIG. 5. (Color online) Simulated frequency responses for the different con-
trol techniques in the room with slanted walls (setup 2). Top: spatial average
of magnitude response. Bottom: spatial standard deviation.

the large size of the room and its deviations from a perfectly
rectangular room (see Sec. V).

In contrast, the method presented in this paper based on
PWD, ESM, and SFT spatially homogenizes the sound field
and effectively damps room resonances up to around 70 Hz
[Figs. 7(c)-7(e)]. The linearized phase in the center of the room
shows that the sound field is similar to a plane wave. The
three sound field separation techniques lead to similar results
with only minor differences. Above 70 Hz, approximately in
between the two Nyquist frequencies, the performance of the
methods degrades as the grid of measurement microphones and
loudspeakers is too sparse to sufficiently measure and compen-
sate for the reflections.

V. DISCUSSION

All three separation techniques result in similar sound
fields in the experiment. PWD has the advantage of the sim-
plest mathematical formulation. The implementation of the
ESM technique is more complex due to the freedom of
choices over the positions of the equivalent sources.
Intuitively, one could imagine that this is useful in the
modeling of reflections and scattering from non-planar surfa-
ces, i.e., the positions of the equivalent sources follow the
surface geometry.>* However, separate numerical investiga-
tions with non-planar back walls (not included here) indicate
that the placement of equivalent sources along these surfaces
does not lead to increased performance and the planar distri-
bution of the equivalent sources is generally applicable. The
SFT technique implicitly assumes either a sound field that is
periodic over the sampling region or vanishing pressure near
the boundaries. The walls in the rectangular room can be
thought of as such a periodic system and the SFT technique
therefore performs on par with the others in this geometry.
However, in the setup with slanted ceilings (i.e., non-

1352  J. Acoust. Soc. Am. 143 (3), March 2018

T ]
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FIG. 6. (Color online) Experimental setup: realization of the secondary sub-
woofer array using a shelf built out of stage podia.

separable geometry) both assumptions are incorrect and SFT
is not able to reduce the room resonances in the same way as
the other techniques.

Equation (15) defines the optimal filter for the SFT tech-
nique as the minimizer of the reflected absolute squared
pressure integrated over the whole space of wavenumbers.
This representation makes it also possible to only reduce the
propagating plane wave components with real wavenumber
k. by changing the integration domain to the radiation disk,
K2+ k§ < k%. While doing so nearly completely removes the
radiating wave components in the SFT representation, it also
increases the evanescent components, which then dominate
the sound field in an uncontrolled way.

The active compensation system is reducing the sound
pressure at the resonance frequencies in the numerical and
experimental studies (Figs. 4, 5, and 7) in the whole room
compared to the uncontrolled cases. Why does the sound
pressure not increase, although many more loudspeakers are
drawing electrical power and are contributing to the sound
field at these frequencies? Where does this energy go?
Nelson® highlights that the mechanism of active sound
absorption is a negative acoustical power radiated by the
loudspeaker. The sound field is supporting the movement of
the loudspeaker such that less electrical input power is
needed to drive it.

CABS was experimentally implemented with more
success in rooms with typical living room dimensions and
only two loudspeakers per side.'*'? We assume that the bad
performance of the present CABS implementation is related
to the larger room size and deviations from a perfectly rect-
angular room (furniture and window and door recesses as
seen in Fig. 6). To have a plane wave sound field up to the
same frequency, but in a larger room, one has to position
the loudspeakers at the nodal planes of modes with higher
order, e.g., (0, 4, 1) instead of (0, 2, 1). However, these
higher order nodal planes will also vary more strongly from
their theoretical positions in a perfectly rectangular room
due to the imperfections of the real room geometry, leading
to the excitation of modes different from the x axial modes.
The scalability of CABS is therefore restricted by both the
number of available loudspeakers and the size of the room.
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In contrast, the reproduction method proposed here is
applicable to any room size and geometry. However, a
somewhat large number of loudspeakers and microphones
is needed.
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For the application of the method in sound reinforce-
ment, care has to be taken to only drive the secondary sour-
ces in the frequency range, where they behave as absorbers.
Otherwise, the secondary sources will introduce audible arti-
facts. Future research should investigate the frequency limits
depending on the density of secondary sources and micro-
phones in the double layer array and implement the method
for real-time application.

VI. CONCLUSIONS

This study has investigated how the low frequency
response in rooms can be controlled using an array of sec-
ondary sources that absorbs incident sound created by the
primary sound system. The signals to the secondary sources
are calculated by separation of the sound field into incident
and reflected components using a microphone array and the
minimization of the reflections. The method is applicable to
arbitrary room geometries and can globally improve the
sound field at low frequencies by reducing room resonances.

Three different sound field separation techniques have
been investigated, which perform similarly in the case of a
rectangular room. The plane-wave decomposition technique
gave the best results for the more complicated room geome-
try in the numerical study while also being the simplest to
implement. An investigation of the PWD, SFT, and ESM
techniques showed that sound field separation as a tool for
active room compensation can be successfully implemented
in multiple ways.
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