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Abstract

For a reproduced sound field, the competing goauls be-
tween the listening area and reproduction accuracy in an
actual environment is one of the most important problems
in sound field reproduction using loudspeakers. In pre-
vious work, we proposed the method of balancing these
gouls with absolute accuracy using an inverse filter of the
room acoustics: the null space of a generalized inverse ma-
trix given by a compensation filter of the wave field out-
side the control points. In this paper, we evaluate the pro-
posed method through the wavefront measurement. To de-
velop an expression for the compensation filter, we use the
loudspeaker driving function of wave field synthesis (WFS)
to overcomes the compensation limitation of auditory dis-
tance and azimuth perception outside the control points.
The results of objective evaluations revealed that the pro-
posed method balances the competing gouls and has wide
applicability in a spatial domain with high accuracy of re-
production under the actual environment.

Keywords— Wave field synthesis, MINT, Null space em-
bedding, Singular value decomposition

1. Introduction

The ultimate objective of 3D sound field reproduction
using loudspeakers is to perfectly reproduce the charac-
teristics of natural hearing over the entire spatial and fre-
quency domains. Reproduction methods are classified into
two groups: reproduction of multi-point pressure and that
of wavefronts. Many of the systems in the first group are
based on inverse filtering, and those in the second group are
based on wavefront synthesis.

The systems based on the multiple input/output inverse
theorem (MINT) [1] is one of the typical systems in the first
group. However, outside the control points (sweet spot),
the inverse filter does not compensate satisfactorily, and
it is known that a method based on the inverse filtering
of multi-point controlled reproduction is sensitive to user
movements.

On another front, in recent years, many of the sys-
tems in the second group, based on wavefront synthesis,
have been extensively investigated. Wuve field synthesis
(WES) [2] is premised on an anechoic reproduction envi-
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ronment and ofters a large listening area with a high per-
ceptual reproduction quality for multiple listeners. How-
ever, the reproduction accuracy decreases in practice ow-
ing to the inherent disadvantages of physical inaccuracies
found in the Kirchhoft-Helmholtz integral and room rever-
beration. Therefore, WES cannot accurately reproduce the
sound field at the sweet spot in real environments.

To mitigate the above-mentioned trade-oft problem be-
tween the accuracy and reproducible region of the repro-
duced sound field in both of conventional methods, we
have proposed an improved inverse filter design which en-
ables high-accuracy reproduction with a wide listening area
by integrating our previously proposed multi-point sound
field reproduction method and WFS [3]. In the proposed
method, the wavefront for the desired spatial cue outside
the sweet spot is derived from the approximation of the
WES-synthesized wavefront, and is embeded into the sub-
space of the inverse filter, preserving the sweet-spot sound
perfectly.

In previous work, we revealed that the proposed
method can balances the competing goals and has wide ap-
plicability in a spatial domain with high accuracy of repro-
duction through the numerical simulations. In this paper.
we evaluate the efficiencies of our proposed method in ac-
tual environment through the wavefront measurements.

The rest of this paper is organized as follows. In Sec-
tion 2, the principle formulations of WES, MCWS and our
proposed method are explained. In Section 3, wavefront
measurement experiments in actual environment are de-
scribed. Following a discussion on the results of the ex-
periments, we present our conclusions in Section 4.

2. Theory

2.1 WES

In this section, WES, MCWS and our proposed method
fare described theoretically and the equations used for
sound field reproduction are derived in detail. The geo-
metric configuration and parameters in WFS are depicted
in Fig. 1, where S p(w) and Ss,(w) denote the spectra of
the primary and nth secondary sources, respectively, on the
x-y horizontal plane.
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Figure 1 Configuration of WFS and MCWS.

The spectrum of the nth secondary source, which syn-
thesizes the primary spherical wavefront, Ss,(w) is ex-
pressed as [4]

(WFS)

Ssn(w)=0n" " (w)S p(w) =

exp(—jkrp,) cos6p, .
V7 Pn G(6pn,w)

ik
S p(w) é_”C(YR,}’P) (1)

where Qf,WFS)(w) is the wavefront synthesis filter, j is the
imaginary unit, k is the wavenumber (w/c), c is the sound
velocity, w is the angular frequency, Ax is the interelement
interval among the secondary sources, rp, is the distance
between the primary source and the nth secondary source,
and 6p, is the angle between the y-axis and the line con-
necting the nth secondary and primary sources. G(6p,, w)
is a distance-independent directivity function defined only
under far-field conditions. C(yg, yp) is a function that com-
pensates for the level of mismatch due to the stationary
phase approximation along the x-direction [5], which is a
function of only the reference listening distance yg and is

given as
COr.yp) = \’ L
lyr = ypl
22 MCWS

The geometric parameters of MCWS are shown in Fig.
1. MCWS controls the spatial spectra at the control points,
which are located on the x-y horizontal plane in front of
the secondary sources, and generates the desired wavefront.
Here, S cm(w) denotes the secondary wavefront spectrum
at the mth control-point position. Also, fc. is the angle
between the y-axis and the line connecting the mth control
point and the primary source, s ,,, is the angle between the
y-axis and the line connecting the mth control point and the
nth secondary source, rcp, is the spatial distance between
the mth control point and the primary source, rs,n, is the
spatial distance between the mth control point and the nth
secondary source, N is the number of secondary sources,
and M is the number of control points.

Here, we derive the spectrum of the secondary source
Ssn(w), which synthesizes the primary spherical wave-
front. The transfer function between the nth secondary
monopole source and the mth control point, Hyp,(w), is
written as

(2

CXP(—jkfs nm)

r'Snm

Zym(w) = (3)
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From Eq. (3), we define the transfer function matrix

Zi(w) Zr1(w) Zy)(w)
Zi2(w) Zrs(w) Zn2(w)

Z(w) = : “4)
Zimw) Zry(w) Zn.m(w)

We write the secondary wavefront spectrum vector at the
mth control-point position as

Sc(w) = Z(w)Ss(w), 5)

where
Scw) = [Sciw),Scaw),,Scml’, (6)
Ss(w) = [Ssi(w),Ssaw), -, SsnT, (7

and the superscript T denotes the transpose of the vec-
tor/matrix. If the primary wavefront spectrum is equal to
the secondary wavefront spectrum at the control-point po-
sition, Eq. (5) can be transformed into

Sc(w) = W(w)S p(w), (8)
where
— jkr, — jkr, —jkren 1T
w(w) _ e Cl ; e C2 , e M (9)
rci rc2 rcm

From Egs. (5) and (8) and the Moore-Penrose (MP) gen-
eralized inverse matrix of Z(w), Z*(w), we obtain the sec-
ondary source spectrum vector Ss(w) with a wavefront syn-
thesis filter of MCWS Q™% (w) in the form,

Ss(w) = OMO(W)S p(w) = ZH(W)W(W)S p(w).(10)

2.3 Proposed method

In the proposed method, the wavefront outside the
sweet spot is derived from an approximation of the WFS-
synthesized wavefront, and we insert it in the subspace in
the inverse filter matrix. As the result, we can simultane-
ously achieve the perfect sound pressures in the sweet spot
(control points) that are not disturbed by the WFS wave-
front, and perceive the approximated wavefront reproduced
by WEFS outside the sweet spot. The detailed algorithm is
described below.

Utilizing singular value decomposition, the general-
ized inverse matrix Z~(w) of the transfer impedance matrix
Z(w) can be denoted as

Aw) ] UM w)

Z (w=V
(NXN) ~————— (MxM)
(NxM)

an

where the superscript H denotes the complex conjugate
transposition of a matrix, V(w) and U(w) are the unitary
matrices whose columns are the right and left singular vec-
tors of Z(w), respectively, and A(w) is

A(w) = diag[1} (w), ..., A y(w)], (12)
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where 1, is expressed with the singular values o, of Z(w)
as

(13)

1 .
—L_ (if op(w) £ 0),
= Tm(w)
Ap(w) { 0  (otherwise).

The MP generalized inverse matrix Z*(w) can be obtained
by setting S(w) to be a zero matrix. However, the MP-type
inverse filter is specific to the reproduction at the control
points and the reproduction cannot be guaranteed outside
the control points. Thus, the sound localization degrades
considerably when the user moves from a controlled area.

Next, to approximate T(w), which is the wavefront con-
trol filter outside the control points in the subspace (or
nullspace) of Z™ (w) with arbitrary components S(w) in Eq.
(11), obtain the generalized inverse matrix Z~(w) closest to
T(w). We utilize the Frobenius norm as the distance mea-
sure and we obtain Z~ (w) to minimize F(w) = ||Z™ (w) —
T(w)||lz. Since the Frobenius norm is not changed by the
multiplication of unitary matrices, F(w) can be rewritten
as

VRN Z™ (w) - T()HU (W)l
‘[ Alw) - VHdn(w)T(w)U(w) ]
S(w) - null(w)T(w)U( w)

F(w)

I

, (14)
F

where Vpin(w) is a matrix composed of the first M
columns of V(w). Since A(w) is a constant matrix, F(w)
can be minimized if and only if S(w) - Vnun(w)T(w)U(w) =
0; thus, the opnmal inverse filter is obtained as follows by
setting S(w) = nu"(w)T(w)U(w) in Eq. (11):
argminF(w)

YA

Z(;pl(w)

A(w)

H

V(w)

1l

Next, we design the filter to guarantee the sound field
accuracy outside the control points. As a method of gen-
erating the desired wavefront, WFS was introduced in this
study. From Eq. (1), the spectrum at the control points can
be written in terms of the impedance matrix Z(w) as

Sc(w) = Z(@)@™VFS (W) p(w), (16)
V() = [0V @ O] (D)

Equally, the spectrum of MCWS at the same control points

can be written as

Sc(w) = Z(WPMwW)S p(w) = Z()ZH (W)W(W)S p(w).
(18)

Equation (17) is equivalent to Eq. (18) because WFS and

MCWS synthesize identical primary wavefronts, and from

the equivalence of these equations. the filter T(w) has to

satisfy the condition Q"VF>(w) = T(w)W(w). Therefore,

the filter T(w) is obtained as

= QlWFS'(‘U)‘Vonho(UJ)q

T(w) (19)
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where Woho(w) is an orthonormal vector of W(w) can be
written as

28

Wortho(w) = (20)

lW,,(w) W

where [-]yy denotes the operator to apply the operations
in square brackets for each element of the vector W and n
denotes the nth element of the vector operand.

3. Evaluation in actual environment

3.1 Experimental conditions and evaluation cri-
teria

To illustrate the properties of the proposed method in
actual environment, the frequency domain and spatial do-
main descriptions of the synthesized wavefront are used
for experiments. The configuration of the acoustic sys-
tem and the measurement system are shown in Fig. 2.
The secondary sources are conducted via 25ch linear-array
loudspeakers (N = 25), and the loudspeakers are live-sound
SM-1A04S loudspeakers. To observe and to visualize the
synthesized wavefront, we use the wavefront measurement
system [8]. The measurement system uses 10 microphones
for the measuring, and the microphones are audio-technica
ATMI4a omnidirectional microphones. The width and
height of the obsevation area are 3.0 m on each axis. To
verify the wide applicability of the proposed method in the
spatial domain, we calculate the direct wavefront property
of the synthesized secondary wavefront

SWF(xo,y0,w) = Z(xo,yo,w)lgp‘(w)w(w) +*H(w) (21)
where xp and yo denote the coordinates of the observa-
tion point, including the locations of the control points and
monitoring sensors, H(w) denotes the window function for
removal of the wavefront reflected from the room wall sur-
face, * is the convolution operator, Z(xg, yo,w) denotes the
spatial impedance vector which can be written as

Z(x,y,w) = [21 x,y,w), - ,ZN(x,y,w)], (22)
where Z,(x,y,w) denotes the spatial impedance between
the nth secondary source and the point geometry (x,y) in
measurement environment. In this paper, we use frequency
property of Hanning window as H(w). To evaluate the ac-
curacy of the reproduction at the control points, we com-
pared the normalized quadratic reproduction error of the
proposed method with that of the MCWS at the control
points using [6, 7]

) (23)

Ehis Z|SWF(x,y,w)—PWF(x,y,w)|2
w) = >
= ISWE(x, y, o)

Xy

where PWF(x,y,w) denotes the calculated primary point
source wavefront at the evaluation point (x, ).



S7-2

31rd International Conference on 3D Systems and Applications

Seoul, Korea, 20~22 June 2011.

PSR Bl B -

Axy
AARA-l-ARA ..
A/ 0035 ¢
4% "Hect WS N
2
@/ OR35S €
74+ 84)9% ¢ &
A\ rwsane;09;,

y

Figure 2 Conflgurations of loudspeaker array, control
points.
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Figure 3 Normalized quadratic reproduction error £, s(w)
of proposed method with reference wavefront of
monopole source at the control points.

3.2 Experimental results

Figure 3 shows the normalized quadratic reproduction
error E;s(w) of the proposed method with the reference
wavefront of monopole source at position (xp,yp,Zp) =
(0.0,-1.0,1.2) [m] at the control points. Figures 4(a)
and 4(b) respectively show the wave fields synthesized by
multi-point controlled wavefront synthesis (MCWS) [8]
and the proposed method in the measurement room for a
monopole source, where the radiated signal frequency is
1600 Hz. The evaluated wavefront frequency of 1600 Hz
is the upper limit of major cues for sound source localiza-
tion. As can be seen in Fig. 4(a), the reproduction error
of MCWS is large because the commonly used inverse fil-
ter cannot guarantee the correct wavefront outside the con-
trol points. In contrast, in Figs. 2 and 4(b), the repro-
duction error of the proposed method is smaller than that
of MCWS, and is generally smallest in the vicinity of the
control points. By using WFS, the proposed method over-
comes the compensation limitation of auditory distance and
azimuth perception outside the control points.

The results of measurement revealed that the proposed
method balances the above goals and has wide applicability
in a spatial domain with high accuracy of reproduction in
actual environment.

4. Concolusion

In this paper, we evaluated our proposed method
through the wavefront measurement. First, we described
the theory of our proposed method. To develop an expres-
sion for the compensation filter, we use the loudspeaker
driving function of wave field synthesis (WFS) to over-
comes the compensation limitation of auditory distance and
azimuth perception outside the control points. Next, we
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Figure 4 Measured direct wavefront synthesized at 1600
Hz in acoustic isolation room by (a) MCWS and (b)

proposed method.

measured the wavefront generated by our proposed method
to evaluate the efficiencies. From the measurement results
showed that our proposed method can synthesize the pri-
mary wavefront with the accuracy of the reproduction at
the control-points. Finally, these results revealed that the
proposed method balances the competing goals and has
wide applicability in a spatial domain with high accuracy
of reproduction under the actual environment then numeri-
cal calculations.
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