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ABSTRACT
In this paper, we propose a method for reproducing different sound for multiple users by forming a narrow
area, where the users can listen only the desired sounds. We have proposed a sound field control method
for narrow area by combining Null-space Based Sound Field Control (NBSFC) and liner loudspeaker array.
NBSFC filtering can suppress the sound pressure on the each control point and maintain the sound pressure
around the user’s ear. However, consideration of the effective arrangement of control points was insufficient.
Therefore, we aim to improve the reproduce performance of individual sound image generation by optimizing
the arrangement of control points. The numerical simulation showed that the averaged power difference
between desired and undesired area is by about 2 dB by the proposed method.
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1. INTRODUCTION
It is useful to achieve a system that can reproduce different sounds for multiple users in the same environ-

ment simultaneously. For example, such a system can be applied to the car audio system, in which a driver
can listen only the sound of the car navigation system while other passengers can listen their favorite music.
However, a sound reproduced by a typical single loudspeaker spreads in all directions. Therefore, when dif-
ferent sounds are reproduced from multiple loudspeakers simultaneously, each sounds are mixed in space, so
that a listener hears the mixing sound.

To achieve above-mentioned system, any studies have been performed. One of them, for example, is a
method of forming the directivity by using a ultrasonic parametric loudspeaker or a method to increase the
sound pressure in the specified directivity by array signal processing. In the former case, it is necessary to
emit sound waves in very large sound pressure compared with the effects on the human body is concerned as
a problem in ultrasonic exposure (1). In the latter case, there is not only the main lobe to the desired direction
but also side lobe to the undesired direction. A method of using inverse filtering, it can reproduce sound
on only user’s ear(2). However, reproduced condition of sound cannot be guaranteed in the area except the
ears. Other method which reproduce a sound in wide area based on boundary sound field control has been
represented, in which the controlled field is surrounded by the control points. Many large number of control
points is required to ensure a wide listening area increases, the system becomes a large scale.

Therefore, to overcome these problems, we have proposed a method called as "individual sound image
generation" (3)–(5). The proposed method is combined loudspeaker array that increase sound pressure in the
specified directivity and null-space based sound field control (NBSFC) that suppresses sound pressure on
any control points (6)–(7). This method provides "sound wall" which prevents undesired sound by arranging
any control points, which has minimum sound pressure, between users, and listening area that user can listen
only desired sound is formed. However, the side lobe of the reproduced sound form different position in each
frequencies. The control points in the same positions are used at all frequencies, it is difficult to suppress
the contamination of undesired sound especially at high frequencies. In this paper, we propose the method
that suppress the contaminated sound pressure to undesired area more effectively by switching arrangement
of control points in each frequencies, and evaluate performance of individual sound image generation. To
achieve this objective, we extend the NBSFC filtering technique to underdetermined conditions which the
number of loudspeakers is less than the number of control points by truncating minimum singular value of
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Figure 1 – Configuration of sound pressure suppression on each control points by NBSFC.

the room transfer function matrix.

2. CONVENTIONAL NULL-SPACE BASED SOUND FIELD CONTROL
Null-space Based Sound Field Control (NBSFC) is a sound field control technique according to the signal

processing while maintaining the sound pressure outside of any control point and minimizing the sound
pressure on the control points. In this study, by using NBSFC, we aim to reduce the interference sound
between users with reproducing the desired sound for each user.

Fig. 1 illustrates the configuration of NBSFC withM loudspeakers andK control points, where Sm (m=
1, · · · ,M) and Ck (k = 1, · · · ,K) indicate loudspeaker and control point, respectively. Here, we assume that
the number of loudspeakers is greater than the number of control point(M > K) as in usual condition.
We define the observed signal matrix representing the observed signalyk(ω) at microphone Ck asy(ω) =
[y1(ω), · · · ,yK(ω)]T , the original sound source signal asx(ω), the matrix representingm-th filter coefficient
bm(ω) asb(ω) = [b1(ω), · · · ,bM(ω)]T and the matrix representing the room transfer function betweenm-th
loudspeaker andk-th control pointGkm(ω) as

G(ω) =

 G11(ω) . . . G1M(ω)
...

. . .
...

GK1(ω) . . . GKM(ω)

 , (1)

respectively.ω denotes the frequency, and
{
·
}T

indicate transposed matrix, respectively. We can represent
the observed signal as

y(ω) = G(ω)b(ω)x(ω). (2)

Here, in order to control so thaty(ω) = 0, b(ω) is obtained to satisfy the following condition;

G(ω)b(ω) = 0. (3)

Note that the constraint condition||b(ω)||=C is satisfied in order to avoid the output sound signal from the
loudspeaker to be zero, whereC is constant to adjust the gain.

To determineb(ω), the vector which spans the nullspace ofG(ω) is extracted by the singular value
decomposition (SVD). The singular value decomposition ofG(ω) is expressed as

G(ω) =U(ω)[Λ(ω) | OK,M−K ]V
H(ω), (4)

whereOK,M−K is aK× (M−K) null matrix,
{
·
}H

means the Hermitian transpose,Λ(ω) is aK×K diagonal
matrix with the diagonal elements of the singular value,U(ω) andV(ω) areK ×K andM ×M orthogo-
nal matrix, respectively. Here, when we assumeRω is a rank ofG(ω), the eigenvector of remaining after
removing a column vector ofRω from V(ω),

[
vRω+1(ω), ...,vM(ω)

]
, can be extracted as follows:

W(ω) = [vRω+1(ω), ...,vM(ω)]. (5)

However, because the pre-echo or post-echo are generated in this state, the reproduced sound is distorted
significantly. In order to maintain a better sound quality, an impulse with equal amplitude and latencyτ of
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Figure 2 – Configuration of individual sound image generation for two users by the proposed method.

the target filter is defined as
l(ω) = ejωτ [1, · · · ,1︸ ︷︷ ︸

M

]T . (6)

The output sound distortion can be reduced by using a filter coefficient close to the impulse because it has
an all-pass and liner phase characteristics. Based on this procedure, the desired filter coefficientb(ω) can be
expressed as follows:

b(ω) =C
W(ω)WH(ω)l(ω)√

lH(ω)W(ω)WH(ω)l(ω)
. (7)

3. INDIVIDUAL SOUND IMAGE GENERATION WITH NBSFC
3.1 Basic strategy

In this section, we explain the method of achieving the individual sound image generation for multiple
users by loudspeaker array and NBSFC. Figure2 shows the configuration of the proposed individual sound
image generation. Generally, when the same sound wave is reproduced from each loudspeaker constituting a
loudspeaker array which is arranged in a straight line, side lobe is generated in the left and right as well as
the main lobe of the sound pressure to the front of the loudspeaker array. In reference (4), although the sound
pressure is increased in listening area by suppressing the side lobe using NBSFC, the approach is to form a
desired listening area for only one user.

In this study, to form desired listening areas for multiple users, we try to reduce the interference in the
listening area of each sound by arranging the control points, in which the sound pressure minimizes, so as to
separate the users. Namely, each side lobes formed by the loudspeaker arrays is suppressed by each system.
Therefore, we can expect to achieve the individual sound image generation for multiple users with relaxing
the movement restrictions of the user.

3.2 Formulation
Hereafter, we assume that the enclosed region where exist two users is divided into two areas; Area A and

Area B as shown in Fig.2, in which the number of loudspeakers and the number of microphones areM and
K, respectively. When the number of loudspeakers used in Area A isE, the number of loudspeakers used in
Area B can be represented asM−E.

The filter coefficients by the proposed method by NBSFC in Area A and Area B are represented as follows:

b(A)(ω) = [b(A)1 (ω), · · · ,b(A)E (ω)]T (8)

b(B)(ω) = [b(B)1 (ω), · · · ,b(B)M−E(ω)]T, (9)

respectively, where·(A) denotes an index for Area A and·(B) denotes that for Area B. In addition, the transfer
functions for designing NBSFC filters of each area are defined as follows;

G(A)(ω) =

 G11(ω) . . . G1E(ω)
...

. ..
...

GK1(ω) . . . GKE(ω)

 , (10)
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G(B)(ω) =

 GE+1(ω) . . . G1M(ω)
...

. . .
...

GK(E+1)(ω) . . . GKM(ω)

 , (11)

respectively. Thus, the observed signalX̂P(ω) on arbitrary positionP in the enclosed region is obtained as

X̂P(ω) = GP(ω){b(A)(ω)X(A)(ω)+b(B)(ω)X(B)(ω)} (12)

by using these NBSFC filters, whereX(A)(ω) andX(B)(ω) is input signal for each area, andGP(ω) represent
the room transfer function matrix between loudspeakers and an arbitrary positionP.

3.3 Extension to the underdetermined condition of NBSFC filter design method
The conventional NBSFC filter is assumed overdetermined condition which means the number of loud-

speakers is greater than that of control points. Therefore, there is a limit of the number of control points which
suppress sound pressure from the loudspeaker array. So that, it is difficult to suppress all side lobe especially
at high frequency band. In this section, we propose the method to design NBSFC filter in underdetermined
condition which means the number of control points is greater than that of the loudspeakers.

At first, G(ω) is decomposed by SVD as

G(ω) =U(ω)

[
Λ(ω)

OK−M,M

]
VH(ω). (13)

When the rank ofG(ω), Rω , is equal toM, we can not extract column vector
{

vRω+1(ω), · · ·,vM(ω)
}

of
V(ω) as null-space. Therefore, we truncate the minimum singular value of the transfer function matrixG(ω)
to be zero for extracting null-space. We assume thatt is defined as the number of truncations of singular
value, null-spaceW(ω) is extracted as

W(ω) = [vRω−t+1(ω), · · ·,vM(ω)]. (14)

The multiplication ofW(ω) andvs(ω) (s= Rω−t+1, · · ·,M) is expressed as

G(ω)vs(ω) = U(ω)

[
Λ(ω)

OK−M,M

]
VH(ω)vs(ω)

= U(ω)

[
Λ(ω)

OK−M,M

]
· [0, ...,0︸ ︷︷ ︸

s−1

,1,0, ...,0︸ ︷︷ ︸
M−s

]T

= U(ω)[0, ...,0︸ ︷︷ ︸
s−1

,λs,0, ...,0︸ ︷︷ ︸
K−s

]T. (15)

From this,VH(ω)vs(ω) is not equal to 0 because a component of the singular value remains in[0, ...,0,λs,0, ...,0]T.
However, the components ofG(ω)vs(ω) is approximated to zero elements when the truncated singular value
can be approximated. Therefore, we can design NBSFC filter in underdetermined conditions.

4. NUMERICAL EVALUATION
To evaluate the performance of the proposed individual sound generation, numerical simulations were

carried out. This section expresses the results of the simulations.

4.1 Experimental conditions
Figure3 shows the arrangement of apparatus for the numerical simulations. In the simulations, we assume

the enclosed region 2.00 m in length and 1.50 m horizontal, in which the floor and ceiling are not considered.
Here, the left side of the region (Width: 0.00–0.75 m) is regarded as Area A, and right side of the region
(Width: 0.75–1.50 m) is regarded as Area B. Eight loudspeakers are arranged in each area in a straight line at
intervals of 0.10 m.

Figure4 shows the arrangement patterns of the NBSFC control points. Using above, we have compared
four patterns; (Arr. I) NBSFC for seven points control and interspace of control point is 0.15 m, (Arr. II)
NBSFC for ten points control and interspace of control point is 0.10 m, (Arr. III) NBSFC for nineteen points
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Figure 3 – Arrangement of the apparatus for numerical evaluation of the proposed method.

[1]Arr. I [2]Arr. II [3]Arr. III
Figure 4 – The arrangement patterns of the NBSFC control points.

control and interspace of control point is 0.50 m. In addition, we used the pattern of switching arrangement
of control points each frequency band as Arr. IV: four control points at 0.30 m intervals in 150–1000 Hz, Arr.
I in 1000–1500 Hz, Arr. II in 1500-2000 Hz, and Arr. III in 2000-3850 Hz. As the input signals, three kinds
of male and female speeches are reproduced in Area B and zero signal is reproduced in Area A. Therefore,
we define Area A as suppression area and Area B as listening area in the simulations, and other conditions
between areas are omitted in this paper. If sound pressure is not zero in Area A, it is due to the reproduced
sound from Area B. In addition, we define the evaluation areas inside the dashed line box as shown in the
Fig. 3.

The simulation conditions are listed as follows: the sampling frequency, the impulse response, the tap
length of NBSFC filter and the passband range are 8000 Hz, 256 points, 4096 points and 150–3850 Hz,
respectively.

Next, we describe a procedure of calculating the observed signals. We have divided in grid of 0.01 m of
the assumed space shown in Fig.3 and have calculated the impulse response from each loudspeakers to each
grid points by image method(8), where the reflection of sound by wall is considered only primary reflection
and there is no attenuation of sound by reflection. Then, NBSFC filters are designed based on the impulse
responses between the control points and the loudspeakers, and the observed signalX̂P(ω) on arbitrary grid
pointP by Eq. (12) was calculated.

4.2 Evaluation score
We evaluate suppression effectiveness of the undesired sound by result of the sound pressure distribution.

First, the power distribution is obtained from the observed signals on each grid points. The reproduced power

on the grid points in the listening area and suppression area are regarded asP(i)
lis andP( j)

sup, respectively, where
i and j denote index of the grid point. Then, to evaluate the performance of each method, we introduce the
averaged power difference between listening area (Area B) and suppression area (Area A) as evaluation score,
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Figure 5 – Sound pressure distribution in unprocessed case.

which is defined by

D =
1
L

L

∑
i=1

P(i)
lis − 1

S

S

∑
j=1

P( j)
sup [dB], (16)

whereL andSare the number of grid points in the listening area and the suppression area, respectively. When
the evaluation scoreD is large, we can consider that mixing of a speech sound for listening to the suppression
area can be prevented and the desired speech sound can be listened with agreeableness in the listening area
because the power difference between each area is large.

4.3 Results
Figure5 and6 show the sound pressure distribution of unprocessed case and each control point arrange-

ments cases, in which a male speech is reproduced. In unprocessed case shown in Fig.5, high power value
can be shown not only throughout the Area B but also in Area A. This reveals that the sound reproduced
to Area B is mixed even in Area A. On the other hand, Fig.6 shows that the reproduced power is reduced
in Area A by using NBSFC filtering in each cases. In particular, in case of Arr. III, the sound suppression
performance in Area A is improved by arranging control points in closely. However, the sound pressure is
suppressed not only Area A, but also Area B. Moreover, we can confirm that large sound pressure area is
formed towards the side wall rather than in front of loudspeaker array. Therefore, it is concerned that the
observed sound is uncomfortable in evaluation area, because sound pressure in the evaluation area is uneven.
In case of arr. IV, the sound pressure in Area A is large compared to arr. I–III, but the sound pressure in Area
B is also large by switching control points in each frequencies band. And, the sound pressure distribution in
Area B also becomes uniform.

Figure7 shows the evaluation scoreD in each arrangement of control points. The evaluation scoreD is
almost the same as the unprocessed in case of Arr. I–III. On the other hand, the evaluation scoreD is improved
by about 2 dB in case of Arr. IV. There are because the side lobe is effectively suppressed by the proposed
control. In high frequency band, although many side lobes is formed, closely arranged control points can
suppress undesired sound in the suppression area. However, if the number of control points is large in low
frequency band, sound pressure is suppressed in excess not only suppression area but also listening area. So,
by switching arrangement of the control points, the number of control points can be reduced in low frequency
band that has few side lobe. Inversely, the number of control points are is needed in high frequency band
which has a lot side lobes. Therefore, it is considered that we can improve evaluation scoreD in arr. IV by
suppressing the sound pressure in the suppression area and ensuring the sound pressure in the listening area.

5. CONCLUSIONS
In this paper, we have proposed the NBSFC filter designing method in underdetermined condition by

truncating singular value of the transfer function matrix to achieve individual sound image generation. More-
over, we evaluated the arrangement of control points, and proposed the method to switching arrangement of
control points in each frequency band to improve the evaluation scoreD. By result of numerical simulations,
the evaluation scoreD is almost regardless between overdetermined and underdetermined condition in case
of arranging the same number control points in all frequency band. On the other hand, the evaluation scoreD
is improved about 2 dB by switching arrangement and number of control points in each frequency band. In
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[1]Arr. I [2]Arr. II

[3]Arr. III [4]Arr. IV
Figure 6 – Sound power distribution by each arrangement of control points.

Figure 7 – Evaluation scoreD by each arrangement patterns.

future work, we try to the reproduced sound quality evaluation and improvement in listening area by modi-
fying NBSFC filtering. Moreover, we aim to present a pleasant sound image to the listener and the extension
of the listening area.
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