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ABSTRACT 

In order to realize a 3D radiated sound field with which multiple listeners can listen to a sound anywhere around the 

object without having to wear equipment such as headphones, we proposed a near 3D sound field reproduction sys-

tem using directional loudspeakers and wave field synthesis. The size of the loudspeaker array, however, is the same 

as that of the microphone array in the conventional system. Thus, when the size of the loudspeaker array differs, the 

3D radiated sound field captured by the microphone array cannot be accurately reproduced. In this paper, the mathe-

matical derivation of the reproduced 3D radiated sound field via inverse filtering based on acoustic transfer functions 

is described and the 3D radiated sound field reproduction system using directional loudspeakers and boundary surface 

control is newly proposed. 

INTRODUCTION 

Several investigations have been carried out on ultra-realistic 

communication techniques using three-dimensional (3D) 

audio and video techniques [1]. Applying these techniques 

enables realization of more realistic communication services 

than conventional audio and video techniques such as HD 

video and 5.1ch audio. Realizing these services requires de-

velopment of audio and video techniques for accurately re-

producing a given scene or object. 

Ultra-realistic audio is one technique that can help realize 

ultra-realistic communication. In conventional ultra-realistic 

audio techniques using multiple loudspeakers, such as wave 

field synthesis (WFS) [2–4] and 22.2ch audio [5], loudspeak-

ers are placed around the listeners in a large space (e.g., a 

theater) for realistic representation of a particular scene. In 

this study, we have developed a 3D audio technique to depict 

an object itself at a given position, as shown in Figure 1. This 

technique enables listeners occupying any position around 

the object to listen to the sound emanating from it. 

In order to realize ultra-realistic audio technique that enables 

multiple listeners to listen to a sound anywhere in its vicinity 

without having to wear equipment such as headphones, we 

have proposed a near 3D sound field reproduction system 

using directional loudspeakers and wave field synthesis [6] 

and developed the real system by constructing the surround-

ing microphone array and radiated loudspeaker array [7]. 

However, while the size of the loudspeaker array is the same 

as that of the microphone array in the proposed system [6], 

the size of the radiated loudspeaker array is one-fourth that of 

the surrounding microphone array in the developed real sys-

tem [7]. Thus, when the sound recorded by the surrounding 

microphone array is directly replayed by the radiated loud-

speaker array, since the size of the 3D radiated sound field is 

scaled down to that of the radiated loudspeaker array, the 3D 

radiated sound field captured by the surrounding microphone 

array cannot be accurately reproduced in the developed sys-

tem. 

 

Figure 1. Future image of ultra-realistic communication [1] 

On the other hand, the loudspeaker array is not the same size 

as the microphone array in practical applications of the ultra-

realistic communication (e.g., 3D television). Thus, in order 

to solve the problem of the reproduced 3D radiated sound 

field being scaled down in the developed system [7], a tech-
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nique needs to be developed for the 3D radiated sound field 

to be accurately reproduced even if the loudspeaker array is 

not the same size as the microphone array. 

In this study, to reproduce the 3D radiated sound field when 

the sizes are not same, a novel 3D radiated sound field repro-

duction system using directional loudspeakers and boundary 

surface control [8] is proposed. In the following sections, the 

theoretical basis of the proposed system is discussed. The 3D 

radiated sound field can be accurately reproduced via inverse 

filtering based on acoustic transfer functions, even when the 

loudspeaker array is not the same size as the microphone 

array. 

THEORETICAL STUDY 

Principle of conventional system 
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Figure 2. Coordinates in the conventional system 

As shown in Figure 2, there are sound sources inside a 

boundary surface S. If r denotes the position vector outside a 

boundary surface S, ri is the position vector of Si (the ith ele-

ment of a discrete boundary surface), and ni is the normal 

unit vector directed toward the outside of the discrete bound-

ary surface at ri, P(r,ω) (the sound pressure at r) can be ex-

pressed according to the principle of the conventional system 

[6]: 
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where M is the total number of elements in the discrete 

boundary surface, ∆Si is the area of Si, and Ds(ri|r) denotes to 

the directivities of the loudspeakers placed at ri. G(ri|r,ω) 

corresponds to the acoustic transfer function from ri to r and 

is denoted as follows: 
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where k (=ω/c) is the wave number, and c is the sound veloc-

ity. Eq. (1) shows that the sound pressure in V can be repro-

duced if the sound pressures P(ri,ω) at the M points are re-

corded by microphones in the original sound field and direc-

tional sound sources with an amplitude jkP(ri,ω) are played 

at M points in the reproduced sound field. 

A diagram of the conventional system is shown in Figure 3. 

First, the surrounding microphone array, consisting of M 

omni-directional microphones, is placed around the sound 

sources in the original sound field and a sound, P(ri,ω), is 

recorded. The positions of the microphones are on the bound-

ary surface. Second, the radiated loudspeaker array, consist-

ing of M directional loudspeakers, is placed in the reproduced 

sound field. The positions of the loudspeakers are the same as 

those of the microphones. The directivity of the loudspeakers 

is toward the outside of the boundary surface. Finally, the 

recorded sound, P(ri,ω), is replayed by the radiated loud-

speaker array. As a result, because wave fronts are accurately 

reproduced on the outside of the radiated loudspeaker array, 

listeners on the outside of the radiated loudspeaker array can 

feel that the sound sources are being played inside it. In the 

case of Figure 3, listeners near the piano can feel they are 

listening to the sound near the piano; the same for the violin. 

The violinist

  is playing

  near me !

1. Sounds are recorded
    by M microphones

2. Sound fields are reproduced
    by playing M channels

The pianist

 is playing

 near me !

P(ri,ω)  

Figure 3. Diagram of the conventional system 

However, since the radiated loudspeaker array is the same 

size as the surrounding microphone array in this system, the 

size of the reproduced 3D radiated sound field depends on the 

size of the radiated loudspeaker array. Thus, when the radi-

ated loudspeaker array is not the same size, it cannot accu-

rately reproduce the 3D radiated sound field captured by the 

surrounding microphone array. 

Principle of proposed system 
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Figure 4. Coordinates in the proposed system 

As shown in Figure 4, a boundary surface S' is considered 

inside the boundary surface S. A space V' is outside a bound-

ary surface S' (i.e., V∈V'). Let S'l (l=1...N) be the lth discrete 

boundary surface of V'. r'l and N are the position vector and 

total number of discrete surfaces, respectively. To reproduce 

the 3D sound field in V', the following equation, derived from 

Eq. (1), is used:  
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where ∆S'l is the area of S'l. Since ri is always in V', the fol-

lowing equation can be derived from Eq. (3): 
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If Eq. (4) is substituted in Eq. (1), the following equation is 

obtained: 
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Thus, by comparing Eq. (5) with Eq. (3), the following equa-

tion is derived: 
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The following scheme is considered: the sound is recorded by 

M microphones placed at ri, the recorded signals are proc-

essed by M-input N-output filters, and the filtered signals are 

played by the N directional loudspeakers placed at r'l. If all 

the M recorded signals are denoted as P(ri,ω), the N filtered 

signals P'(r'l,ω) (l=1...N) are expressed as follows: 
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where Hli(ω) are the coefficients of the M-input N-output 

filters. Thus, the reproduced 3D sound field P'(r, ω) is writ-

ten as 
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If Eq. (6) is substituted in Eq. (8), the following equation is 

obtained: 
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If the M-input N-output filters are defined as 
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the 3D sound field is reproduced in V; this is indicated by the 

following equation derived from Eq. (9): 
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Thus, if the recorded signals are processed by the filters de-

fined as in Eq. (10), the 3D sound field can be reproduced in 

the listening area (space V) even if the loudspeakers are 

placed at the position (r'l), which is not the same as the re-

corded position (ri). Since ri and r'l are points on the bound-

ary surfaces S and S', respectively, it is necessary for the 

loudspeakers to be placed on the boundary surface (S') which 

is enveloped by the boundary surface used for recording (S). 

Let the matrix form of Eq. (10) be denoted as follows: 

IHG =)()( ωω , (12) 
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where DsliGli denotes Ds(r'l|ri)G(r'l|ri,ω)∆S'l. Thus, the filters 

H(ω) are calculated according to the following equation: 

)()( ωω +=GH , (16) 

where G+(ω) is the Moore-Penrose pseudo inverse matrix of 

G(ω). Since G(ω) is the matrix consisting of the acoustic 

transfer functions from r'l to ri, the calculated filters H(ω) are 

inverse filters of the acoustic transfer functions. 
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The diagram of the proposed 3D radiated sound field repro-

duction system based on directional loudspeakers and bound-

ary surface control is shown in Figure 5. First, in the original 

sound field, M microphones are placed at the points ri on the 

boundary surface S of the control area and the sound P(ri,ω) 

is recorded. Second, in the reproduced sound field, M micro-

phones are placed at the points ri, and N directional loud-

speakers are placed at the points r'l on a boundary surface S' 

inside the control area. The position of the M microphones is 

the same as those of the microphones during recording. The 

directional loudspeakers are then directed toward the outside 

of the boundary surface S'. Third, the acoustic transfer func-

tions from the N directional loudspeakers to the M micro-

phones Ds(r'l|ri)G(r'l|ri,ω)∆S'l are measured, and the inverse 

filters Hli(ω) are calculated from the measured acoustic trans-

fer functions. Finally, the recorded signals are filtered by the 

inverse filters, and the filtered signals P'(r'l,ω) are played by 

the N directional loudspeakers. As a result, since the 3D radi-

ated sound field is reproduced in the listening area, listeners 

feel as if they are listening to the sound around sound sources 

of the original sound field. Since the sound pressure at ri is 

the same as the recorded sound P(ri,ω) in the reproduced 

sound field, the sound sources can be placed at arbitrary posi-

tions inside the control area. Thus, if the sound sources are 

placed inside the control area and outside the loudspeaker 

array, listeners can be made to feel as if there are sound im-

ages outside the loudspeaker array. 

1. Sounds are recorded
    by M microphones

4. Sound fields are reproduced
    by playing N channels

2. Filters are synthesized
    from acoustic transfer
    functions

3. Channels are convolved
    from sounds and filters

P(ri,ω)

Hli(ω)

Ds(r'l|ri)G(r'l|ri,ω)∆S'l

The violinist

  is playing

  near me !

The pianist

 is playing

 near me !

 

Figure 5. Diagram of the proposed system 

When the 3D radiated sound field reproduction system is 

constructed in a real environment, since the acoustic transfer 

functions include an initial delay, filters that do not satisfy 

the causality are obtained if the inverse filters are calculated 

using Eq. (16). In order to obtain filters satisfying the causal-

ity, the inverse filters are calculated using the following equa-

tions: 
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where T is the delay time required for the calculation of the 

inverse filters satisfying the causality. The total delay of the 

system is T and the reproduced 3D radiated sound field can 

be expressed as follows: 
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CONCLUSION 

In this study, we proposed a 3D radiated sound field repro-

duction system using directional loudspeakers and boundary 

surface control. The system was constructed by using the 

inverse filters in the conventional system. The proposed sys-

tem can reproduce a 3D radiated sound field in a listening 

area even if the loudspeaker array is not the same size as the 

microphone array. 

In a future study, a computer simulation needs to be per-

formed to numerically analyze the reproduced 3D radiated 

sound field. 
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