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ABSTRACT

We propose a unified and simple approach for capturing and
recreating 3D sound fields by exploring the reciprocity prin-
ciple that is satisfied between the two processes. Our ap-
proach makes the system easy to build, and practical. Us-
ing this approach, we can capture the 3D sound field by a
spherical microphone array and recreate it using a spheri-
cal loudspeaker array, and ensure that the recreated sound
field matches the recorded field up to a high order of spheri-
cal harmonics. A design example and simulation results are
presented. For some regular or semi-regular microphone
layouts, we design an efficient parallel implementation of
the multi-directional spherical beamformer by using the ro-
tational symmetries of the beampattern and of the spherical
microphone array. This can be implemented in either soft-
ware or hardware. A simple design example is presented
to demonstrate the idea. It can be easily adapted for other
regular or semi-regular layouts of microphones.

1. INTRODUCTION

Technologies for capturing and recreating 3D sound fields
have numerous applications in film, music, computer
games, virtual reality and telepresence. Recently, re-
searchers also have begun to use these technologies to de-
sign 3D auditory user interfaces for the visually impaired
[17[2][3][4]. The goal of these systems is the accurate re-
production of the captured sound so that when a listener
listens to the recreated sound field she perceives herself to
be in the original sound field.

In this paper we propose a new approach for achiev-
ing this that ensures that the reconstructed field closely ap-
proximates the recorded field to a high order. We first in-
troduce the microphone and loudspeaker array we suggest
separately. We then present an overview of the integrated
microphone-loudspeaker systems for capturing and recreat-
ing the 3D sound field.
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1.1. Previous Work

There are various designs for microphone arrays to capture
and analyze sound fields. Geometrically, most such arrays
fall into one of three designs: linear, circular and spheri-
cal. Perhaps the most straightforward design is the linear
microphone array. In [5], general linear sensor arrays for
beamforming are elaborated. A more symmetric and com-
pact configuration is the circular microphone array such as
the one for speech acquisition described in [6]. To capture
the 3D sound field, we prefer a 3D symmetric configura-
tion: the spherical microphone array. In [14], the sound
field was captured using a spherical microphone array in
free space. Microphones can also be positioned on the sur-
face of a rigid sphere to make use of the scattering effect. In
[13], the beamformer using such configuration has the same
shape of beampattern in all directions. In sections 2 and 3,
we will explore the nice property of this configuration for
capturing and recreating sound fields.

Loudspeaker arrays have similar configurations to recre-
ate the sound field. In [9][10], a linear loudspeaker array
is designed recreate the sound field on a 2D plane. In [19],
a theoretical analysis for using a spherical loudspeaker ar-
ray to recreate 3D sound field was provided. In section
3, we will apply this approach to analyze and design our
microphone-loudspeaker integrated system.

People have proposed several schemes to build the
microphone-loudspeaker array system. In [10], based on the
Kirchhoff-Helmholtz integral on a plane, the sound field is
captured by a directive microphone array, and recreated by
a loudspeaker array. That is called the Wave Field Synthesis
(WFS) method. While this system works well in an audito-
rium environment where the listening area can be separated
from the primary source area by a plane, it is hard to ren-
der an immersive perception in a 3D sound field. In[11], a
general framework was proposed, which uses a microphone
array beamformer with a localization and tracking system
to identify the sound sources, then uses the loudspeaker ar-
ray to recreate them with the correct spatial cues. To work
properly, however, it requires a robust and accurate localiza-
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Figure 1. Left: the microphone array captures a 3D sound
field remotely. Right: the loudspeaker array recreates the
captured sound field to achieve the same sound field.

tion and tracking system and a highly directive beamformer
which are usually expensive, if available.

1.2. Present Work

In this paper, we design an integrated system that can record
and reproduce the sound scene. We use a microphone array
mounted on a rigid sphere for the capture and a spherical
loudspeaker array in free space for playback. A scenario is
shown in Figure 1.

The main advantages of our system are: (a) reciprocity
between capturing and recreating processes makes the sys-
tem easy to build; (b) the performance is robust and optimal
with the given number of microphones and loudspeakers;
(c) the capturing part is compact and portable, which is con-
venient for recording the immersive 3D sound field; (d) the
system is highly scalable.

In addition, for some regular or semi-regular microphone
layouts, there exist efficient parallel implementations of the
multi-directional spherical beamformer. We will illustrate
this in Section 6.

Our system can be seen as an extension to higher orders
of the Ambisonics system, which only captures and recre-
ates the 3D sound field to the first order of spherical har-
monics [7][8].

2. CAPTURING THE 3D SOUND FIELD

We first introduce acoustical scattering off a sphere, and
spherical beamforming. We then present a concept of view-
ing the beamforming as a form of projection which leads to
the design of the proposed system.

2.1. Scattering off a sphere

For a unit magnitude plane wave k, incident from direc-
tion (g, ¢y, ), the incident field at a point (7, 05, ¢,) can be
written as
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where j,, is nth-order spherical Bessel function, Y,” is the
spherical harmonics of order n and degree m, and * denotes
the complex conjugation. At the same point, the field scat-
tered by the rigid sphere of radius a is [12]:
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The total field on the surface (rs = a) of the rigid sphere is:
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and h,, is the spherical Hankel function of the first kind.

2.2. Soundfield Decomposition and Beamforming

The basic principle of spherical microphone array beam-
forming is to make use of the orthonormality of the spher-
ical harmonics to decompose the soundfield arriving at a
spherical array. Then the orthogonal components of the
soundfield are linearly combined to approximate a desired
beampattern.

If we assume that the pressure recorded at each point
(05, ) on the surface of the sphere Q;, is weighted by
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making use of orthonormality of the spherical harmonics:
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