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Abstract We present a mathematical model to combine and edit spatial sound information defined on the sphere. Such

model aim to enable the development of binaural systems capable of recording far sounds in all directions. Recorded far

sounds can subsequently be discriminated along directions, and independently brought closer to the listener. During binaural

reproduction, sounds can be heard as if they were closer than their original distance. Illustrative examples based on spherical

arrays are provided by means of simulations.
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1. Introduction

Spatial sound systems are a key component in the development

of realistic multimedia telecommunication technologies that aim to

convey the perceptual experience of being immersed in a distinct

environment. The spatial features of sound are indeed essential

to enhance the levels of perceived presence and naturalness in the

technology-mediated experience [1,2].

Binaural systems [3, 4] are a class of spatial sound systems that

aim to evoke the experience of being immersed in an acoustic

environment by synthesizing the sound pressure at the eardrums of

listeners, namely binaural signals. The synthesized binaural signals

can subsequently be presented through binaural devices such as

headphones [5] and personal sound zone systems [6].

A type of recent binaural systems [7–13] aims to synthesize the

binaural signals by combining the spatial information available in

microphone array recordings and individual head-related transfer

function (HRTF) datasets. An individual HRTF dataset is composed

of linear filters describing the transmission of sound from a set of

positions in space to the eardrums of an individual listener [14].

Combination of array recordings and HRTF datasets is performed

relying on the principle of acoustic wave superposition [15]. The

use of microphone arrays allows to consider the dynamic auditory

cues that correspond to the head movements [16]. The use of HRTF

datasets allows to consider the individual auditory cues that arises

from the interactions of sound waves with the external anatomical

shapes of the listeners [14].

Spherical distributions of microphones and HRTF positions are of

particular interest because they can sense individual auditory spaces

in all directions. Uniform spherical distributions further enable

the array signal processing in a transform domain provided by the

spherical Fourier transform (SFT) [17]. The orthonormal basis

functions involved in the SFT are in turn solutions to the acoustic

wave equation at scalable spatial resolutions [18]. The SFT provides

a flexible and scalable framework for the processing of spatial sound

information. This processing framework is hereafter referred to as

transform-domain acoustics.

Conventional transform-domain acoustics methods for binaural

systems have hitherto been focused on the reconstruction of acoustic

environments by solely considering the recording of spatial sound

for its direct binaural synthesis [7–13]. However, little attention

has been given to the provision of spatial edition capabilities in

between the recording and binaural synthesis stages. Although

two studies have addressed separately the variation of sound

source distances [19, 20] and the discrimination of sounds along

directions [21, 22], to the extent of the authors’ knowledge no

comprehensive treatment of spatial recording, spatial edition, and

binaural synthesis has been formulated so far.

A unified formulation of spatial recording, spatial edition, and

binaural synthesis would be useful, for example, to enable the

development of the binaural system outlined in Fig. 1. Such binaural

system would be capable of recording far sounds in all directions.

The recorded far sounds can subsequently be discriminated along

directions, and independently brought closer to the listener. The

signals obtained during binaural synthesis would correspond to

sounds that would be heard as if they were closer to the listener

than their original far distances.

To formulated such a unified model, a clear understanding of

spatial editing operations (i.e., angle discrimination and distance

variation), in both the spatial domain and its transform domain,
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Fig. 1 Concept proposal for a binaural system capable of performing spatial edition operations such

as the discrimination of sound sources along directions and the manipulation of sound source

distances. Angular windowsWℓ are used to discriminate far sounds along angular regions.

Discriminated far sounds can be approached to desired distancesrℓ.

is crucial for the orderly inclusion of these operations in existing

binaural synthesis methods that rely on combining array recordings

and HRTF datasets. A body of transform-domain acoustics methods

systematically reviewed in [23] sheds lights in this regard to clarify

that the spatial operations need to be applied in the following order.

First, distance variations are applied independently to the array

recordings and HRTF datasets. Second, angular discriminations

are applied when combining the distance-edited array recordings

and HRTF datasets relying on the principle of acoustic wave

superposition.

Bearing the above considerations in mind, the remainder of this

paper presents a unified model for binaural systems in spherical

geometries to enable the development of the concept outlined in

Fig. 1. The model is represented in both the spatial and transform

domains. The main difference between these two representations is

the method used to apply the angular windows during acoustic wave

superposition. It will be shown that the transform-domain method

is more exact than the spatial-domain method because additional

schemes for numerical integration are required when performing

acoustic superposition in the spatial-domain.

2. Formulation overview

Figure 2 shows an overview of the model formulation. The

left panel shows the spherical cordinate system used throughout

this paper. In the next panels, the spatial sound recordingsP are

obtained over a rigid spherical surface composed of recording points

a⃗. The HRTF datasetsH are obtained for a continuous spherical

distribution composed of radiating pointsb⃗. The binaural signals

B are synthesized in two steps respectively described in the middle

and right panels. Operations will involve the spatial and transform

domains.

Let F be a general function in space that is square-integrable on

the unit sphereS2 (i.e., F can represent the recordingsP or the

HRTFs datasetsH). The spherical Fourier transform ofF is defined

by [17]:

Fnm(r) = S {F} =

∫
Ω∈S2

F(r,Ω)Ynm(Ω)dΩ, (1)

whereYnm are the orthonormal basis functions on the sphere known

as the spherical harmonic functions of ordern and degreem,

and the overbar denotes complex conjugate. The inverse spherical

Fourier transform of the expansion coefficientsFnm is defined

by [17]:

F(r,Ω) = S−1 {Fnm} =
∞∑

n=0

n∑
m=−n

Fnm(r)Ynm(Ω). (2)

In the middle panel of Fig. 2, distance edition operations are

independently applied to the array recordingsP (⃗a) and HRTF

datasetsH(⃗b) in the transform domain. The distance-editing filters

DP
n(a, rℓ) are applied toP (⃗a) in the transform domain so as to

calculate a free-field distribution of pressureP ff (r⃗ℓ). These filters

are defined as follows [18]:

DP
n(a, rℓ) =

−ka2h′
n(ka)

hn(krℓ)
, (3)

wherehn are the spherical Hankel Functions of ordern and the

symbol ′ indicates derivative with respect to the argument. The

filters in (3) removes the effects of the rigid sphere and further

extrapolates the pressure signals froma to rℓ. The distance-editing
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Fig. 2 Formulation overview. DEF stands for distance-editing filter.

filters DH
n(b, rℓ), on the other hand, are applied toH(⃗b) in the

transform domain so as to calculate the near-distance datasetH(r⃗ℓ).

These filters are defined as follows [18]:

DH
n(b, rℓ) =

hn(krℓ)

hn(kb)
. (4)

In the right panel of Fig. 2, angle discrimination operations are

applied during binaural synthesis. The distance-edited free-field

recordingsP ff (r⃗ℓ) are combined with the distance-edited HRTF

datasetsH(r⃗ℓ) based on acoustic wave superposition in the spatial

domain. This combination yields the binaural signalsBℓ due to

sounds confined to an angular region restricted by the angular

windowWℓ and approached to a distancerℓ.

Finally, the binaural signalsBℓ due to a set of angular windows

and approach distances{Wℓ, rℓ}ℓ=1,...,L can be combined into a

single pair of binaural signalsB by a simple addition owing again

to acoustic superposition.

3. Model for binaural systems

This section presents the model in the spatial and transform

domains. The main difference between these two representations

is the method used to apply the angular windows during acoustic

wave superposition.

The model based on spatial-domain acoustic wave superposition

stems from the direct implementation of the formulation described

in section 2., which leads to the processing structure in the spatial

domain shown in the top panel of Fig. 3. Combining distance-edited

array recordings and HRTF datasets based on acoustic superposition

in the spatial domain, however, necessarily involves the use of

additional spherical sampling schemes{Ωℓ}ℓ=1,...,L for numerical

integration on the sphere.

The necessity of additional sampling schemes might be overcome

by noting that the free-field distribution of pressureP ff (r⃗ℓ) and the

HRTF datasetH(r⃗ℓ) are already available in the transform domain

asP ff
nm(rℓ) andHn′m′(rℓ), respectively. This can be observed

in the top panel of Fig. 3. It would be useful, then, if a similar

procedure for performing the superposition was available for direct

calculation in the transform domain.

A transform-domain procedure for acoustic wave superposition

can indeed be obtained by expressing each factor in the integral in

terms of their Fourier coefficients using (2). It can be shown that

the integral used in the principle of acoustic wave superposition can

equivalently be calculated in the transform domain as follows:

Bℓ(r⃗ears) =

∫
P ff (Ωℓ)H(Ωℓ)W(Ωℓ)dΩℓ

=

∞∑
nm

∞∑
n′m′

∞∑
n′′m′′

P ff
nmHn′m′Wℓ,n′′m′′γmm′m′′

nn′n′′ ,

(5)

where

γmm′m′′

nn′n′′ =

∫
Y m
n (Ω)Y m′

n′ (Ω)Y m′′

n′′ (Ω)dΩ. (6)

Because analytical expressions exist for the calculation of (6) (see

e.g. [24]), no additional sampling schemes are required to calculate

the sum in (5). The direct implementation of the model based on

the sum in (5) results in the spatial processing structure shown in

the bottom panel of Fig.3

4. Examples of binaural synthesis

Binaural signals synthesized with the proposed transform-domain

model are exemplified in Fig. 4. Synthesis was performed by

assuming a rigid spherical array composed of 252 microphones

and a HRTF dataset for 252 positions. The positioning of both
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Fig. 3 Models with acoustic wave superposition in the spatial (top) and transform (bottom) domains.

In continuous geometries, the models are equivalent. In discrete geometries, however,

spatial-domain superposition requires to decide a sampling scheme{Ωℓ}ℓ=1,...,L for numerical

integration on the sphere. Errors due to numerical integration are overcome in transform-domain

superposition because there exist exact formulas to calculate the coefficientsγmm′m′′
nn′n′′ .

microphones and HRTFs was decided according to spherical grids

that are based on the geometry of the icosahedron.

The top-right panel in Fig. 4 shows the binaural signals

synthesized with two angular regions discriminated by using a

spherical cap window (spherical version of a box window). The

approach distances were also different along each angular window.

It can be observed that angular regions can be discriminated and

the distance patterns in the binaural signals are also properly

synthesized. However, some distortions are also observed in these

patterns.

The bottom-right panel of Fig. 4 shows the binaural signals

synthesized by using a spherical Gaussian window. Synthesis

results were smother than the case of a box window. However, in

both cases, acceptable synthesis was only possible up to a maximum

frequency determined by the number of microphones in the array.

5. Conclusion

A general binaural synthesis model for far and near distances has

been introduced. The model can combine and edit distinct types of

spatial sound information on the sphere, such as microphone array

recordings, acoustic transfer functions, and angular windows. The

model constitutes a theoretical basis for the future development of

binaural systems capable of recording far sounds in all directions,

discriminating sounds in distinct directions, and bringing the

selected sounds closer to the listener.
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