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Summary
We developed a 96-ch immersive sound reproduction system based on the boundary surface control
and are working on implementing it into an acoustical-space-sharing telecommunication system. In
this paper, we propose a sound directivity reproduction method for a telecommunication system
based on the boundary surface control. We estimate the radiation from a sound source by solving
an inverse problem between the microphone array and the secondary sources. Then, the estimated
radiation is reproduced by the secondary sources at the location of a virtual speaker or musical
player in the shared acoustical space. Because the sound field of the virtual listener’s position can
be reproduced on the basis of boundary surface control, a distant listener can listen the speaker’s
sound involving changes which occurs as the result of the speaker’s body movements as if they were
in the same room or hall. We verify the effectiveness of this method by evaluating the directivity of
the secondary sound sources in a free-field simulation and an experiment in an anechoic chamber.

PACS no. 43.60.Fg, 43.60.Dh, 43.55.Lb

1. Introduction

The development of telecommunication technologies
has made it possible for us to communicate anywhere
at any time. However, the importance of actual meet-
ings has not diminished.

Much research has been conducted on the subject of
‘reality’ in telecommunication since 1980, when Min-
sky proposed the concept of telepresence[1]. Whether
acoustical reality can be achieved depends on the per-
formance quality of the sound reproduction system.

We have developed a three-dimensional sound field
reproduction system based on the boundary surface
control (BoSC) that delivers high performance in
sound localisation[2, 3]. In recent years, we developed
a BoSC sound reproduction system, ‘Sound Cask’,
which has enough interior space to play a small mu-
sical instrument. Using more than one BoSC system,
we have been developing a telecommunication system
that enables some distant parties to play music as if
they were in the same room or concert hall. We call
this telecommunication system a ‘sound field sharing
system’[4].

(c) European Acoustics Association

One of the features of the BoSC sound reproduction
system is that it allow a listener to move his/her head.
In addition, the players and speakers can move their
bodies during the communication process as well. It is
possible that the minor changes in the sound caused
by the speaker’s body movements stimulate the sense
of the presence of the other party[5]. A change in the
sound directivity is specified as one of the physical
changes caused by the players’ or speakers’ move-
ments.

The sound field sharing system requires the transfer
functions of the spaces shared by the players. In most
cases, we acquire these transfer functions by taking
measurements. The measured transfer functions con-
tain information on the loudspeakers’ sound directiv-
ity, which, in the sound field sharing system, replaces
the players’ or speakers’ sound directivity. We used
this feature in developing the previous telecommuni-
cation system, which can change the speaker’s sound
directivity in accordance with his/her facing angle[6].
However, this method using a loudspeaker’s directiv-
ity cannot reproduce the original sound directivity of
the sound source.

In this paper, we propose a sound directivity repro-
duction method that estimates the radiation from a
sound source by solving an inverse problem between
the secondary sound sources enclosing the sound
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source and a microphone array outside the secondary
sound sources. We demonstrate the effectiveness of
this method by simulations and measurements made
in an anechoic chamber.

2. Method of sound directivity repro-
duction with inverse filters

2.1. Concept

Figure 1 shows the concept of the proposed method
of sound directivity reproduction.

First, we consider the radiation from sound sources
inside a three-dimensional volume V1 that is bounded
by a surface S1. On the basis of the outer Helmholtz
integral equation (HIE)[7], the sound pressures of a
volume VO outside of V1 are

p (r′1) =

∫∫
S1

(
G
∂p (r1)

∂n1
− p (r1)

∂G

∂n1

)
dS1 (1)

(r1 ∈ S1, r
′
1 ∈ VO) ,

where G is a Green’s function, and n1 is a normal
vector to the surface S1. This equation implies that
the radiation of the sound sources is expressed by the
sound pressures and particle velocities on the closed
surface S1.

Now we consider an observation surface SE that
is outside of the surface S1. Because SE ⊂ VO, the
sound pressures on SE are also given by equation 1.
We discretise the surfaces S1 and SE into N1 and
M1 small elements of areas ∆S1,k(k = 1, . . . , N1) and
∆SE,j(j = 1, . . . ,M1), respectively. From equation 1,
the sound pressure in the area ∆SE,j is

pE (j) =

N1∑
k=1

(
Gj,k

∂p1 (k)

∂n1
− p1 (k)

∂Gj,k

∂n1

)
∆S1,k,

(2)

where p1(k) is the sound pressure in ∆S1,k, and Gj,k

is the Green’s function between the areas ∆SE,j and
∆S1,k.

Let ∆SIN,1,k and ∆SOUT,1,k be small elements of
area that are inside and outside of ∆S1,k, respectively,
in the direction normal to S1 and at a distance h from
its surface. When the distance h is small enough, the
sound pressures and particle velocities in the small
area ∆S1,k are

p1 (k) ∼=
pIN,1 (k) + pOUT,1 (k)

2
, (3)

∂p1 (k)

∂n1

∼=
pIN,1 (k)− pOUT,1 (k)

2h
, (4)

where pIN,1(k) and pOUT,1(k) are the sound pressures
in ∆SIN,1,k and ∆SOUT,1,k respectively.

Inserting equations 3 and 4 into equation 2 yields

pE (j) =
1

2

N1∑
k=1

((
Gj,k

h
− ∂Gj,k

∂n1

)
pIN,1 (k)

−
(
Gj,k

h
+

∂Gj,k

∂n1

)
pOUT,1 (k)

)
∆S1,k. (5)

Therefore, we obtain a matrix form of equation 5:

pE = HEp1, (6)

where

p1 =
[
pIN,1 (1) , . . . , pIN,1 (N1) ,

pOUT,1 (1) , . . . , pOUT,1 (N1)
]T

,

HE =
1

2
GS,

G = [G1 G2] , S =

[
Sd 0
0 Sd

]
,

G1 (j, k) =
Gj,k

h
− ∂Gj,k

∂n1
,G2 (j, k) =

Gj,k

h
+

∂Gj,k

∂n1
,

(j = 1, . . . ,M1, k = 1, . . . , N1) .

Here, pE is the column vector of the sound pressures
in all the small areas ∆SE,j , HE is an M1 × 2N1 ma-
trix, Sd is a diagonal matrix diag(∆S1,1,, . . . ,∆S1,N ),
and [·]T denotes the transpose.

According to equation 6, the sound pressure vec-
tor of the surface S1 is represented by the following
equation using the inverse matrix of HE:

p1 = H−1
E pE. (7)

Equation 7 implies that we can obtain the sound pres-
sures and particle velocities on the surface S1 from the
sound pressures on the surface SE by solving the in-
verse problem. From equation 2, we also find that the
radiation from the sound source is obtained through
equation 6.

Next, we consider a reproduction of the sound
source radiation in a shared sound field. Let V ′

1 and S′
1

be a volume and surface in the shared sound field that
are congruent with V1 and S1, respectively. On the ba-
sis of the outer HIE, the sound pressures in a volume
VO′ which is outside of V ′

1 are given by an equation
similar to equation 1 using the sound pressures and
particle velocities on the surface S′

1. Considering the
congruency, we find that the radiation from the sound
source in V1 is reproduced in VO′ when the sound pres-
sures and particle velocities on S′

1 correspond to those
on S1: p1 = p′

1, where p′
1 is the column vector of the

sound pressures on S′
1. That is, when this equation is

satisfied, there is a virtual sound source in V ′
1 in the

shared sound field.
In the shared sound field, we consider a volume

V2 where a virtual listener is located and which is
bounded by a surface S2. In the reproduced sound
field, we also consider a volume V ′

2 and surface S′
2
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Figure 1. Concept of sound directivity reproduction

that are congruent with V2 and S2, respectively. On
the basis of BoSC, the sound pressures in V ′

2 corre-
spond to those in V2 when the sound pressures on S′

2

are matched with those on S2 using secondary sources
located on a surface SR outside of S′

2: p2 = p′
2 where

p2 and p′
2 are the vector of the sound pressure in the

small areas obtained by discretising the surfaces S2

and S′
2 into N2, respectively.

The relationship between the sound pressures at the
secondary sources and those on the surface S′

2 is

p′
2 = HRpR, (8)

where pR is the column vector of the sound pressures
in the small areas obtained by discretising the surface
SR into M2, and HR is an N2×M2 matrix correspond-
ing to the transfer matrix between the two surfaces.

Finally, we consider the relationship between the
sound pressures on the surfaces S′

1 and S2 to repro-
duce the virtual sound source for the virtual listener.
This relationship can be derived in the same way as
equation 6, and the column vector of the sound pres-
sures on the surface S2 is

p2 = HTp
′
1, (9)

where HT is an N1 ×N2 matrix.
Therefore, from equations 7–9, we can obtain

pR = H−1
R HTH

−1
E pE. (10)

That is, when we control the sound pressures at the
secondary sources on the surface SR to satisfy equa-
tion 10, the radiation of the sound source in the vol-
ume V1 is reproduced in the volume V ′

1 and then re-
produced in the volume V ′

2 after propagating in the
shared sound field.

Well-known methods that trace the sound radia-
tion back by solving the inverse problem are acoustical
holography[8] and nearfield acoustical holography[7].
In this paper, an inverse problem that traces back to
the sound source is applied to a telecommunication

system using an immersive sound reproduction sys-
tem based on BoSC. To apply it to a telecommunica-
tion system, we install secondary sources between the
measurement surface and the sound source and solve
the inverse problem using the measured impulse re-
sponse matrix. Note that solving the inverse problem
makes it easier to remove the effect of the character-
istic features of the loudspeakers, microphones, and
room acoustics.

2.2. System

In this section, we consider a telecommunication sys-
tem based on the concept described in the preceding
section. Figure 2 shows the system, which reproduces
a speaker’s or player’s original sound directivity into
the other party’s system.

The sounds produced by the player are recorded
with a microphone array that is installed so as to
enclose the player. Let the signal recorded by the
k-th microphone of the array be sk(k = 1, . . . , N1)
in the time domain. First, the signals [sk] are con-
volved with the inverse matrix [gkj ]

−1 to estimate
the radiation from the sound source. This inverse
matrix is derived from an impulse response matrix
[gkj ](j = 1, . . . ,M1), which is measured using the
microphone array, and M1 secondary sound sources,
which are placed so as to enclose the position of the
original sound source. By this convolution, we obtain
the signals of secondary sources to reproduce the ra-
diation of the sound source.

Next, in the shared sound field, a loudspeaker array
and a microphone array for BoSC sound reproduction
are installed so as to enclose the position of a virtual
player and a virtual listener, respectively. We measure
an impulse response matrix [hij ](i = 1, . . . , N2) from
the loudspeaker array to the microphone array. On
the basis of BoSC, we reproduce the sound field at the
virtual listener into the area where a real listener is.
Therefore, the reproduction of the sound field using
the inverse system [g′im]−1 requires the loudspeaker
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Figure 2. Sound directivity reproduction system for use in telecommunication

system signals ym(m = 1, . . . ,M2) in the reproduction
area to form the following equation:

ym = [g′im]−1 ∗ [hij ] ∗ [gkj ]−1 ∗ [sk]. (11)

Considering that the system is time invariant, and
that secondary sources for the reproduction of the
sound source’s radiation are used only to measure im-
pulse responses, the loudspeaker array can be replaced
by a single loudspeaker that is moved to achieve
the same result. The configuration of the secondary
sources must be determined so as to control the sound
pressures and particle velocities on the specific closed
surface.

In this section, we consider only a one-way telecom-
munication system. Therefore, there is no feedback in
the system. However, in an actual sound field sharing
system, we must consider a feedback canceller[9].

3. Simulation of the free field

We verify the validity of our proposed method using
a simulation in a free sound field.

In this paper, we consider only a horizontal plane.
Figure 3 shows the positions of the sound sources and
measurement points. The original sound source is set
at the centre, and 18 observation points are placed at
the side centres and vertices of a regular nonagonal
array that inscribes a circle with a radius of 1.0 m
and has the same size as the inside dimensions of the
sound cask. Four hundred secondary sound sources
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Figure 3. Conditions for simulations

are set in a circle of radius 0.3 m and directed toward
the outside. These sound sources and measurement
points are placed at the same height.

The amplitudes of the sound directivity of the orig-
inal and secondary sound sources are represented by

Ampθ =
1 + cosθ

2
, (12)

where θ is the direction angle of the measurement
point against the direction of the sound source. The
direction angle of the secondary source in particular
corresponds to the rotational angle.

Let the signal bi be the recorded signal from the
original sound source at the i-th measurement point.
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We calculate the reproduced signals b′i, which are rep-
resented by

b′i = [rij ] ∗ [gkj ]−1 ∗ [sk], (13)

where [rij ] is the impulse response matrix from the
secondary sources to the measurement points, and
[gkj ]

−1 is the inverse matrix between the secondary
sources and the observation points. Using the regular-
isation method, we calculate the inverse filter matrix
[gkj ]

−1 from the impulse response matrix [gkj ]. The
sampling rate of all the signals is 48 kHz, and the
length of the inverse filter matrix is 4096 points. The
measurement points are set in a circle and separated
by 5◦ intervals.

The inverse filter matrix is calculated in the fre-
quency domain with a Fourier transform of length
8192. In the time domain, the inverse filter matrix
is multiplied by the Hanning function to shorten it to
a sample length of 4096. The SNR of the inverse filter
is defined as

SNRinv =10 log10
M

∑N
n=1 |δ(n− L)|2∑M

k=1

∑N
n=1 |δ(n− L)− yk [n]|2

,

yk [n] = [gkj ] ∗ [ ˆfjk], (14)

where δ is a delta function, [f̂ij ] is an inverse filter
matrix calculated using the regularisation method, L
is the half-length of the inverse filter, and N and M is
the signal length and the number of the observation
points, respectively. In this experiment, the SNR of
the calculated inverse filter is 34.0 dB.

The relative sound pressure level (SPL) is defined
as

RSPLi[dB] = 10 log10

∑N |bi [n]|2∑N |bi′ [n]|2
, (15)

where the index i is a measurement point index, and
the index i′ refers to the measurement point facing
the original source direction; N(= 8192) is the signal
length for evaluation.

Figure 4 shows the relative SPLs at measurement
points positioned at a 2.0 m distance. In this case,
the original sound source is directed toward the front
of the BoSC microphone array. We found as many
peaks and dips as the number of observation points
in this figure. However, the difference in the relative
SPLs between the original and reproduced signals in
the front 270◦ is less than 3.0 dB. Further, the mean
of the difference is 1.0 dB.

Similarly, figures 5 and 6 show the results for other
directions of the original sound source, where the orig-
inal sound source is rotated clockwise by 45◦ and
90◦, respectively. These reproduced directivities have
features similar to the 0◦ angle sound source. Each
difference in the relative SPLs between the original
and reproduced signals in the front 270◦ of the each

 -18 dB

 -12 dB

 -6 dB

 0 dB

 

 

 

 

 

Front

 

 

 

 

 

  

Figure 4. Simulation of sound directivity reproduction
(Original source direction: 0◦, measurement radius: 2.0 m,
original: blue line, reproduced: red line)
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Figure 5. Simulation of sound directivity reproduction
(Original source direction: 45◦, measurement radius: 2 m,
original: blue line, reproduced: red line)

speaker’s direction is less than 2.1 dB and 4.3 dB, re-
spectively. Further, the means of the difference are 0.8
dB and 1.8 dB. For a source direction angle of 90◦,
the difference between the SPLs is largest because the
basis measurement points are placed at the dip of the
SPLs.

For all the original sound source directions, the dif-
ferences in the relative SPLs are less than 4.3 dB, and
the mean of the differences is 1.1 dB in the front 270◦
of the speaker’s direction.

Next, we consider the difference in the distance be-
tween measurement points. Figure 7 shows the result
for measurement points at a 3.0 m distance. We found
a difference in the positions of the peaks and dips
between figs. 4 and 7. Figure 8 shows the result for
measurement points at a 0.5 m distance. In this case,
the measurement points are placed between the sec-
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Figure 6. Simulation of sound directivity reproduction
(Original source direction: 90◦, measurement radius: 2 m,
original: blue line, reproduced: red line)
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Figure 7. Simulation of sound directivity reproduction
(Original source direction: 0◦, measurement radius: 3.0 m,
original: blue line, reproduced: red line)

ondary sources and the observation points. The figure
shows that there is no significant difference between
the inside and the outside of the observation surface.
Similarly, in these two cases, the relative SPL differ-
ence between the original and reproduced signals in
the front 270◦ is less than 3.0 dB.

Consequently, we found that our proposed method
can reproduce the original sound directivity indepen-
dently of the original sound source’s direction and the
measurement positions.

4. Experimental sound directivity re-
production

We evaluate the proposed method with impulse re-
sponses measured in an anechoic chamber (Chiba,
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Figure 8. Simulation of sound directivity reproduction
(Original source direction: 0◦, measurement radius: 0.5 m,
original: blue line, reproduced: red line)
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ber

Tokyo Denki University). Figure 9 shows the measure-
ment conditions, such as the positions of the sound
sources and microphones. A loudspeaker (TOA BST-
246) that produces the original sound directivity is
placed at the centre and surrounded by a regular
nonagonal microphone array. The regular nonagonal
microphone array is the size of a regular nonagon in-
scribed in a circle with a radius of 1.0 m. Its size is also
the same as the inside dimensions of the sound cask.
Eighteen omnidirectional microphones (DPA 4060)
are installed at the vertices and side centres of the
regular nonagon. Identical loudspeakers are used for
both the secondary and original sound sources. We
measured the transfer functions at a total of 400 sec-
ondary source positions by rotating the loudspeaker
by 0.9◦ in a circle with a radius of 0.3 m. The measure-
ment points used for evaluation are positioned at a 2.0
m distance from the centre, and an 80-ch fullerene-
shaped microphone array (the BoSC microphone ar-
ray) is installed at the points. The BoSC microphone
array is about 0.46 m in diameter, and it is positioned
facing toward the sound source.
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Figure 10. Relative SPLs at the front of the BoSC micro-
phone array (Blue: original, red: reproduced)

For the original sound field, we measured the im-
pulse responses from a loudspeaker at the centre
to the regular nonagonal microphone array and the
BoSC microphone array by rotating the loudspeaker
by 45◦.

We measured the impulse responses between the
secondary sources and the nonagonal microphone ar-
ray in three times using a sweep signal. We derived
the inverse system [gji]

−1 using a transfer function
matrix obtained in the first measurement. The inverse
system was derived using the regularisation method.
The transfer functions obtained in the second mea-
surement were used to optimise the regularisation pa-
rameters.

We measured all the impulse responses with 48 kHz
sampling. Then, we use 2048-sample-length impulse
responses to calculate the inverse filter matrix. The
SNR of the calculated inverse matrix is 26.5 dB ac-
cording to equation 14.

The microphones of the fullerene-shaped micro-
phone array were used for evaluation by comparing
the signal [bi] of the original sound and the signal [b′i]
of the reproduced sound with the inverse system on
the basis of the sound directivity reproduction:

b′i = [hij ] ∗ [gkj ]−1 ∗ [sk]. (16)

When a microphone index at the front of the BoSC
microphone array is zero, the relative sound pressure
level RSPLα(α = 0, 45, 90, ..., 315[◦]) is defined as

RSPLα[dB] = 10 log10

∑N |b0,α [n]|2∑N |b0,front [n]|2
, (17)

where b0,α is the signal of the sound source directed at
angle α, and b0,front is the signal of the sound source
directed toward the front of the BoSC microphone
array.

Figure 10 shows the change in the relative SPL of a
single microphone placed in the front of the BoSC mi-
crophone array by rotating the original sound source
by 45◦. The figure shows that the relative SPLs of
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Figure 11. Relative SPLs of the BoSC microphone array
(Original speaker direction: 0◦, blue: original, red: repro-
duced)

both the original and the reproduced signals decrease
as the direction angle of the original sound source ap-
proaches 180◦. The difference between the SPLs of the
original and reproduced signals is less than 1.6 dB.

Next, we compared the sound directivities for the
BoSC microphone array by using 20 microphones po-
sitioned in the middle part of the array and facing
in 10 directions. The relative SPL of the microphone
directed toward the front is defined as

RSPLm[dB] = 10 log10

∑N |bi [n]|2 + |bi′ [n]|2

2
∑N |b0 [n]|2

,

(18)

where the microphone indices i and i′ have the same
direction, and index m refers to the microphone di-
rection.

Figure 11 compares the relative SPLs between the
original and reproduced signals when the original
sound source faces the BoSC microphone array. Be-
cause the sound source is located at the front of the
BoSC microphone array, we measured the maximum
SPL at 0◦ of the BoSC microphone array. Because of
the shape and directivity of the BoSC microphone ar-
ray, the relative SPL decreases toward 180◦. However,
the relative SPL of the reproduced signal changes in
the same way as the original signal. The difference
between these SPLs in each direction is less than 2.3
dB.

Figures 12 and 13 show the results for other direc-
tions of the original sound source, where the original
sound source is rotated clockwise by 45◦ and 90◦, re-
spectively. That is, when viewed from the BoSC mi-
crophone array, the sound source is directed toward
the left side. At this directivity of the original sound
source, the difference in the relative SPL between the
front and the back of the array is smaller than that for
a sound source with a direction of 0◦. The differences
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Figure 12. Relative SPLs of BoSC microphone array (Orig-
inal speaker direction: 45◦, blue: original, red: reproduced)
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Figure 13. Relative SPLs of BoSC microphone array (Orig-
inal speaker direction: 90◦, blue: original, red: reproduced)

between the SPLs of the original and reproduced sig-
nals in each direction are less than 1.5 dB and 0.8 dB,
respectively. Similarly, when we change the original
source direction from 0◦ to 315◦ in 45◦ increments,
the difference between their SPLs in each direction is
less than 3.5 dB.

Consequently, our proposed method can accurately
reproduce the directivity regardless of the original
sound source direction.

5. CONCLUSIONS

We proposed a method of sound source directivity for
telecommunication based on BoSC. An evaluation in
a free-field simulation showed that our method can
reproduce the sound directivity inside and outside
the observation surface in a horizontal plane. Experi-
ments in an anechoic chamber demonstrated that our
method can reproduce the original sound directivity
at a microphone array located at a 2 m distance.
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