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ABSTRACT

NHK has proposed a famous 3D audio system: 22.2 multi-
channel system, but its loudspeakers are too many and are
troublesome to put in home. Ando and Wang has proposed
two simplification methods to reduce its channel number, but
only 3D sound field at the central listening point can be recov-
ered well by NHK 22.2 system and its simplified systems, the
listening experience at a non central listening point is worse
than that at the central listening point. In real life, listeners
may stay at arbitrary listening point: central or non central
point. Conventional pressure matching and particle match-
ing method could be used for non central zone sound field
reproduction, but they have some theoretical shortcomings.
To address these problems, this paper propose a universal
non central listening point sound field reproduction method
by matching sound physical property between a non central
listening point and the central listening point. Subjective and
objective experiments show the effectiveness of the proposed
method.

Index Terms— non central listening point, 22.2 multi-
channel system, simplification, sound field reproduction

1. INTRODUCTION

In recent years, 3D audio and video technology has got great
development. There are following 3D audio technologies:
Ambisonics [1, 2, 3, 4], Wave Field Synthesis (WFS) [5, 6,
7, 8], Head Related Transfer Function (HRTF) [9, 10, 11],
Vector Based Amplitude Panning (VBAP) [12, 13] and so on.
Among them, VBAP is very easy and convenient to use. 22.2
multichannel system is a famous 3D audio system proposed
by NHK in Japan by making use of VBAP to produce 3D
sound image, but 22 loudspeakers is very time-consuming to
put in family environment. To address this problem, in 2011
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Akio Ando proposed a method which provides physical un-
derpinnings for VBAP, and it can reduce original 22 channel
without the two low-frequency effect channels to 10, and 8
channel [14]. But it uses the local optimal solution to for-
m the global solution simply and omits magnitude error of
particle velocity. To overcome its problems, in 2015 Wang
built a general global model which can solve the global so-
lution and maintain magnitude of particle velocity as much
as possible [15]. 22.2 system and its simplification methods
in [14, 15] all aim at keeping sound physical property at the
center, the best listening point is at the center, but in practical
case listener may stay at a non central listening point where
they could not get the best listening experience.

As we know, there are some non central zone sound field
reconstruction methods. Pressure matching method [16, 17]
matches sound pressure in a same zone between original sys-
tem and reproduced system, we note it as PMSZ. But when
the loudspeaker are non-uniformly put or interval between
loudspeakers is too big, its performance is worse. To over-
come its problems, particle matching method [18] is proposed
by matching particle velocity in a same zone between original
system and reproduced system, we call it PVMSZ. Though
tests are only made in central zone sound reproduction in pa-
pers [16, 17, 18], PMSZ and PVMSZ could be used for non
central zone sound field reproduction from their theories. But
PMSZ and PVMSZ have following theoretical shortcomings:
(1) In non central zone sound field reproduction, PMSZ and
PVMSZ all match sound physical property in a same zone
between original system and reproduced system, so the best
case is that a non central zone of original sound field is re-
covered, whose listening experience is worse than the listen-
ing experience in central zone of original system; (2) sound
pressure and particle velocity are two main factors to describe
sound [19], but PMSZ and PVMSZ just maintain one of them.

To address above problems, this paper takes 22.2 multi-
channel system reconstruction by 10 channel system as a ex-
ample and proposes an non central listening point sound field
reproduction method basing on sound physical property and
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listening point position which tries to reproduce the sound
physical property at a non central listening point the same as
the sound physical property at the central listening point.

2. BASIC DEFINITIONS

Sound pressure at the receiving point ~m=(mx,my,mz) pro-
duced by a point source (single loudspeaker could be seen as
a point source in fact) locating at ~ξ=(ξx, ξy, ξz) is [14]:

p(~m, ω) = G
e−ik|~m−

~ξ|

|~m− ~ξ|
s(ω) (1)

Particle velocity at the receiving point ~m=(mx,my,mz) pro-
duced by a point source locating at ~ξ=(ξx, ξy, ξz) is [14]:

u(~m, ω) = G(1 + 1

ik|~m−~ξ|
) e
−ik|~m−~ξ|

|~m−~ξ|2

 mx − ξx
my − ξy
mz − ξz

 s(ω)

(2)
where k is the wave number, G is a proportion coefficient,
k=2πf/c, f is sound frequency, c is sound speed in air, s(ω)
is the Fourier transform of the input signal to the loudspeaker.

3. SOUND PHYSICAL PROPERTY AND LISTENING
POINT POSITION BASED ERROR MINIMUM

METHOD

First, we solve the distribution coefficients of q loudspeak-
ers when they replace a point source. In cartesian coordi-
nates, assume a point source and q loudspeakers are on a same
sphere, whose center is O (~o = (0, 0, 0)), and radius is R, the
point source locates at ~ξ=(ξx, ξy, ξz), q loudspeakers locate at
~ξ(j)=(ξ

(j)
x , ξ

(j)
y , ξ

(j)
z ), j = 1, 2,· · · ,q, the arbitrary listening

point is M whose coordinate is ~m=(mx,my,mz), |~m| ≤ R.
Assume that the sound pressure at O produced by a point

source is the same as the sound pressure at M produced by q
loudspeakers, we can get:

G

q∑
j=1

e−ik|~m−
~ξ(j)|

|~m− ~ξ(j)|
sj(ω) = G

e−ik|~o−
~ξ|

|~o− ~ξ|
s(ω) (3)

where sj(ω) = djs(ω). Let real part and image part on both
sides of the equation (3) be equal, we can get:(

b̃11 b̃12 · · · b̃1q
b̃21 b̃22 · · · b̃2q

)
D =

(
b1
b2

)
(4)

where
b̃1,j =

cos(k|~m−~ξ(j)|)
|~m−~ξ(j)|

, b1 =
cos(k|~ξ|)
|~ξ|

b̃2,j =
sin(k|~m−~ξ(j)|)
|~m−~ξ(j)|

, b2 =
sin(k|~ξ|)
|~ξ|

D = (d1, d2, · · · , dq)T , j = 1, 2, · · · , q

Assume that the particle velocity atO produced by a point
source is the same as the particle velocity at M produced by
q loudspeakers, we can get:

G
∑q
j=1(1 +

1

ik|~m−~ξ(j)|
) e
−ik|~m−~ξ(j)|

|~m−~ξ(j)|2

 mx − ξ(j)x
my − ξ(j)y
mz − ξ(j)z

 sj(ω)

= G(1 + 1

ik|~o−~ξ|
) e
−ik|~o−~ξ|

|~o−~ξ|2

 0− ξx
0− ξy
0− ξz

 s(ω)

(5)
Let real part and image part on both sides of the equation (5)
be equal, we can get:

b̃31 b̃32 · · · b̃3q
b̃41 b̃42 · · · b̃4q
b̃51 b̃52 · · · b̃5q
b̃61 b̃62 · · · b̃6q
b̃71 b̃72 · · · b̃7q
b̃81 b̃82 · · · b̃8q


D =


b3
b4
b5
b6
b7
b8

 (6)

where

b̃3,j =

(
cos(k|~m−~ξ(j)|)−

sin(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(mx−ξ(j)x )

|~m−~ξ(j)|2

b̃4,j =

(
cos(k|~m−~ξ(j)|)−

sin(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(my−ξ(j)y )

|~m−~ξ(j)|2

b̃5,j =

(
cos(k|~m−~ξ(j)|)−

sin(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(mz−ξ(j)z )

|~m−~ξ(j)|2

b̃6,j =

(
sin(k|~m−~ξ(j)|)+

cos(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(mx−ξ(j)x )

|~m−~ξ(j)|2

b̃7,j =

(
sin(k|~m−~ξ(j)|)+

cos(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(my−ξ(j)y )

|~m−~ξ(j)|2

b̃8,j =

(
sin(k|~m−~ξ(j)|)+

cos(k|~m−~ξ(j)|)
k|~m−~ξ(j)|

)
(mz−ξ(j)z )

|~m−~ξ(j)|2

b3 =

(
cos(k|~ξ|)−

sin(k|~ξ|)
k|~ξ|

)
(−ξx)

|~ξ|2

b4 =

(
cos(k|~ξ|)−

sin(k|~ξ|)
k|~ξ|

)
(−ξy)

|~ξ|2

b5 =

(
cos(k|~ξ|)−

sin(k|~ξ|)
k|~ξ|

)
(−ξz)

|~ξ|2

b6 =

(
sin(k|~ξ|)+

cos(k|~ξ|)
k|~ξ|

)
(−ξx)

|~ξ|2

b7 =

(
sin(k|~ξ|)+

cos(k|~ξ|)
k|~ξ|

)
(−ξy)

|~ξ|2

b8 =

(
sin(k|~ξ|)+

cos(k|~ξ|)
k|~ξ|

)
(−ξz)

|~ξ|2

Construct a simultaneous equation by equation (4) and
(6):

B̃D = B̂ (7)
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where B̃ = (b̃h,j)8×q , B̂ = (bh)h×1, h = 1, 2, · · · , 8.
Then we get the following model:

min
D

1
2‖B̃D − B̂‖

2
2

s.t. D ≥ 0
(8)

It is a least squares problems with inequality constraints and
could be worked out by many existing algorithms.

Second, if q loudspeakers replace multiple point sources,
the final distribution coefficients of q loudspeakers can be got
by adding up corresponding loudspeaker’s distribution coeffi-
cients in every replacement process respectively. We call the
proposed method sound pressure, particle velocity and listen-
ing point position based error minimum method (PPVLPP).

4. EXPERIMENTS

The performance of PMSZ, PVMSZ and PPVLPP are mea-
sured in non central zone sound field reconstruction. NHK
22.2 system arrangement without LFE channels is reproduced
by 10 channel arrangement as in Fig. 1, which is designed by
NHK researchers [14]. The center of the loudspeaker array is
O, the non central listening point is at M(0.5,−0.8, 0). We
assume sound speed c is 340 m/s, the radius of human head is
about 0.085 m. Single frequency signals of 1000Hz is select-
ed as the original signal for 22 channel.

(a) (b)
Fig. 1. Loudspeakers arrangement. • denotes loudspeakers,
◦ denotes listening point. (a): 22 loudspeakers arrangement;
(b): 10 loudspeakers arrangement.

The relative mean square error (RMSE) is defined as:

ε(kα) =

∫∫∫
V

|Pr(~m+ ~r, ω)− Pd(~r, ω)|2dV∫∫∫
V

|Pd(~r, ω)|2dV
(9)

where the integration zone V is a spherical ball of radius α
and center O, ~r = (rx, ry, rz) is arbitrary point in V , V ′ is
different spherical ball with radius α and center ~m, ~m + ~r ∈
V ′, Pd(~r, ω) and Pr(~m+~r, ω) are the original and reproduced
sound pressure respectively. RMSE is compared in Fig. 2.
When α = 0.085, RSME of PMSZ, PVMSZ and PPVLPP
are respectively 97.13%, 85.19% and 14.91%. The RMSE by
PPVLPP is 82.22% lower than that by PMSZ, 70.28% lower
than that by PVMSZ in a human head zone. But when α
grows bigger, the RMSE of PPVLPP increases much faster.

Fig. 2. The relative mean square error comparison.

Fig. 3. The mean relative mean square error comparison.

Mean RMSE (MRMSE) is the average of all non central
zones’ RMSE, when the centers of these non central zones
are a constant distance from the center O. MRMSE is used to
measure the influence of non central zone’s location on non
central zones’ RMSE. Suppose these non central zones are all
3D spherical region with radius 0.085m. The MRMSE com-
parison is shown in Fig. 3. The distances variation range
from centers of these non central zones toO is in [0, 2] m, the
MRMSE variation range is in [27.15%, 221.74%] by PMSZ,
in [42.94%, 211.98%] by PVMSZ, in [3.41%, 56.29%] by P-
PVLPP for 10 channel layout. The MRMSE by PPVLPP is
much lower than that by PMSZ and PVMSZ and the change
trend of MRMSE by PPVLPP is more gentle than the change
trend of MRMSE by PMSZ and PVMSZ. It means that the in-
fluence of non central zone’s location on RMSE by PPVLPP
is less than that by PMSZ and PVMSZ.

The particle velocity direction could be obtained by nor-
malization:

~uoI (~r, ω) =
~uori (~r, ω)

|~uori (~r, ω)|
, ~urI (~m+ ~r, ω) =

~urep (~m+ ~r, ω)

|~urep (~m+ ~r, ω)|
(10)

where ~uori, ~urep are particle velocity of original system and
reproduced system respectively. Then the particle velocity
direction error is:

η (~r, ~m, ω) =
cos−1

(
~uoI (~r, ω) · ~urI (~m+ ~r, ω)

)
π

× 100%

(11)
The particle velocity direction error in plain z = 0 are com-
pared in Fig. 4. The radius of the red circle is 0.085m. It
shows that the particle velocity direction error by PPVLPP
method is less than that by PMSZ and PVMSZ in a human
head zone around M .

Two subjective tests are also made. Comparison Mean
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(a) PMSZ (b) PVMSZ (c) PPVLPP

Fig. 4. The particle velocity direction error comparison in
plain z = 0.

Opinion Score (CMOS) is used to test PMSZ, PVMSZ and
PPVLPP. The test material consists of Ref/A/B, in which Ref
is the original sound source signal, A is signal generated by
proposed method, and B is signal generated by PMSZ in test
1 and by PVMSZ in test 2. But listener dose not know which
method produces A or B. Ref is played back by 22 loudspeak-
ers of original 22.2 multichannel system, when listener listen-
s Ref, his head is at the center O. A and B are played back
by 10 loudspeakers of reproduced multichannel system, when
listener listens A or B, his head is at non center point M . We
compare the sound image of A and B which is closer to Ref.
The score has 7 levels, which are listed in Table 1. 10 listeners
performed the listening test. All of them actively work in the
audio field. The test results consist of an average score and

Table 1. Levels comparison standard
Comparison of the Stimuli Score
Sound image of A is much closer to Ref than B +3
Sound image of A is closer to Ref than B +2
Sound image of A is slightly closer to Ref than B +1
Sound image of A to Ref is the same as B 0
Sound image of A is slightly further to Ref than B -1
Sound image of A is further to Ref than B -2
Sound image of A is much further to Ref than B -3

a 95% confidence interval. A white noise is used as original
test sequence whose sample rate is 48kHz, bit depth is 16bits
, intensity is 12dB , and length is 10s. The test results for test
1 and test 2 are given in Figure 5. We can see that our method
is statistically comparable to PMSZ and PVMSZ method in
a 95% confidence interval sense. The average scores of pro-
posed method are 2.05 in test 1 and 1.5 in test 2, which means
that the location accuracy of our method is better than other
methods when 22 channel is reproduced by 10 channel and
are in accordance with above objective test results.

5. RELATION TO PRIOR WORK

22.2 multichannel system and its simplified system [14, 15]
are aiming at the sound field recovery at the center listen-
ing point. The effect of reproduced non central listening
point sound field is worse than that of central listening point

Fig. 5. CMOS scores for white noise signal. test 1: PMSZ vs
PPVLPP, test 2: PVMSZ vs PPVLPP.

sound field. Existing non central zone sound field reproduc-
tion methods: PMSZ [16, 17] and PVMSZ [18] all maintain
sound physical property in a same zone between original sys-
tem and reproduction system, in non central zone sound field
reproduction they recover sound field in a non central zone of
original system whose listening effect is worse than that of the
central zone of original system. But PPVLPP aims at repro-
ducing the sound physical properties at a non central listening
point the same as the sound physical properties at the central
listening point, makes listener at a non central listening point
could have the same listening effect as he is at the central
listening point. Sound is mainly described by sound pressure
and particle velocity, so in sound field reproduction, sound
pressure and particle velocity should be recovered well. But
PMSZ just maintains sound pressure, PVMSZ just maintains
particle velocity. PPVLPP maintains both sound pressure and
particle velocity. Due to above reasons, the proposed method
is better than PMSZ and PVMSZ in non central zone sound
field reproduction.

6. CONCLUSIONS

To make listener at a non central listening point could get bet-
ter listening experience for multichannel system, this paper
proposes a non central listening point sound field reproduc-
tion method basing on sound pressure, particle velocity and
listening point position (PPVLPP), it tries to reproduce the
sound physical property at a non central listening point the
same as the sound physical property at the central listening
point. Subjective and objective experiments are made for 22.2
multichannel system being reproduced by 10 channel system,
test results indicate that the proposed method has lower rela-
tive mean square error, mean relative mean square error and
particle velocity direction error in a human head zone than
conventional methods. The location of non central zone has
less influence on relative mean square error by PPVLPP than
that by conventional methods. PPVLPP is conducive to the
popularization and application of 22.2 multichannel system
with less channel. Also, it is a universal method and could be
used for other multichannel systems in non central point or
non central zone sound field reconstruction.

439



7. REFERENCES

[1] M. A. Gerson, “Periphony: With-height sound repro-
duction,” Journal of the Audio Engineering Society, vol.
21, no. 1, pp. 2–10, 1973.

[2] B. Rafaely, “Analysis and design of spherical micro-
phone arrays,” IEEE Transactions on Speech and Audio
Processing, vol. 13, no. 1, pp. 135–143, Jan. 2005.

[3] J. Ahrens and S. Spors, “An analytical approach to
sound field reproduction using circular and spherical
loudspeaker distributions,” Acta Acustica United with
Acustica, vol. 94, no. 6, pp. 988–999, 2008.

[4] W. Zhang and T. D. Abhayapala, “Three dimensional
sound field reproduction using multiple circular loud-
speaker arrays: Functional analysis guided approach,”
IEEE/ACM Transactions on Audio, Speech,and Lan-
guage Processing, vol. 22, no. 7, pp. 1184–1194, 2014.

[5] A. J. Berkhout, “A holographic approach to acoustic
control,” Journal of the Audio Engineering Society, vol.
36, no. 12, pp. 977–995, 1988.

[6] A. J. Berkhout et al., “Acoustic control by wave field
synthesis,” Journal of the Acoustic Society of America,
vol. 93, no. 5, pp. 2764–2778, 1993.

[7] J.-M. Lee et al., “Wave field synthesis of a virtual source
located in proximity to a loudspeaker array,” Journal
of the Acoustic Society of America, vol. 134, no. 3, pp.
2106–2117, 2013.

[8] S. Spors et al., “Spatial sound with loudspeakers and its
perception: A review of the current state,” Proceedings
of the IEEE, vol. 101, no. 9, pp. 1920–1938, 2013.

[9] J. Blauert, “Spatial hearing,” Cambridge: MIT Press,
1983.

[10] Fuliang Yin et al., “Review on 3d audio technology,”
Journal on Communications, vol. 32, no. 2, pp. 130–
138, 2011.

[11] E. Rasumow et al., “Smoothing individual head-related
transfer functions in the frequency and spatial domains,”
Journal of the Acoustic Society of America, vol. 135, no.
4, pp. 2012–2025, 2014.

[12] V. Pulkki, “Virtual sound source positioning using vec-
tor base amplitude panning,” Journal of Audio Engi-
neering Society, vol. 45, no. 6, pp. 456–466, 1997.

[13] V. Pulkki, “Localization of amplitude-panned virtual
sources ii: Two-and three-dimensional panning,” Jour-
nal of Audio Engineering Society, vol. 49, no. 9, pp.
753–767, 2001.

[14] A. Ando, “Conversion of multichannel sound signal
maintaining physical properties of sound in reproduced
sound field,” IEEE Transactions on Audio, Speech,and
Language Processing, vol. 19, no. 6, pp. 1467–1475,
2011.

[15] S. Wang et al., “A down-mixing method for 22.2 mul-
tichannel system reproduction,” in IEEE International
Conference on Acoustics, Speech and Signal Processing
(ICASSP). IEEE, 2015.

[16] O. Kirkeby et al., “Reproduction of plane wave sound
fields,” Journal of the Acoustic Society of America, vol.
94, no. 5, pp. 2992–3000, 1993.

[17] J. Seo et al., “21-channel surround system based on
physical reconstruction of a three dimensional target
sound field,” in Audio Engineering Society Convention
128, 2010.

[18] M. Shin et al., “Velocity controlled sound field repro-
duction by non-uniformly spaced loudspeakers,” Jour-
nal of Sound and Vibration, vol. 370, pp. 444–464,
2016.

[19] A. D. Pierce, “Acoustics, an introduction to its physi-
cal principles and applications,” Acoustical Society of
America, vol. 19, no. 6, pp. 1467–1475, 1989.

440


