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Abstract—This paper proposes a directional filtering method
for sound fields that enhances components arriving from a spec-
ified direction while preserving spatial acoustic information. The
proposed directional filtering is formulated as a linear operator
that applies directional weighting to a sound field based on the
direction of arrival. Under a von Mises-Fisher-type weighting
function, we derive a closed-form expression of the proposed
directional filtering for sound fields represented as a superposition
of spherical wave functions, which is one of the fundamental
representations of sound fields. As an application, we also present
a framework in which the proposed directional filtering is applied
to sound fields estimated using microphone array measurements.
Numerical experiments demonstrate that the proposed directional
filtering can effectively enhance a specified directional component,
even when the original sound field is not represented in an object-
based manner, including source position information.

I. INTRODUCTION

In recent years, the quality of spatial acoustic experiences
has become increasingly important in applications such as
augmented reality (AR), virtual reality (VR), and immersive
media that utilize spatial audio technologies [1]-[5]. Represen-
tative capture and reproduction methods for highly immersive
spatial audio systems include sound field measurement using
microphone arrays [6], [7], sound field reproduction using
loudspeaker arrays [6]-[8], and binaural reproduction using
earphones or headphones [9]-[11]. When applying these cap-
ture and reproduction technologies in AR/VR environments,
it is often desirable not only to acquire and reproduce sound
fields but also to selectively emphasize or suppress specific
audio components according to user preferences. In particular,
spatial filtering based on the direction of arrival is useful in
many scenarios, as illustrated in Fig. 1.

Beamforming is one of the commonly used signal process-
ing methods for emphasizing or suppressing sound components
based on their direction of arrival [12], [13]. It enhances sounds
arriving from a specific direction while suppressing those from
other directions by controlling the directional sensitivity of
a microphone array. However, most beamforming methods
are formulated as a multiple-input single-output process, and
the resulting output signal does not retain spatial acoustic
information, such as the distance and directionality of the
sound source. Although research on binaural beamforming has
progressed [13], it remains challenging to adapt to dynamic
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Fig. 1: Application example of the proposed directional fil-
tering. In a system that reproduces sound fields captured by
microphones using a loudspeaker array, the proposed direc-
tional filtering can be employed as an intermediate processing
step to enable enhancement of components from a specified
direction.

changes in the user’s position and orientation.

To address this limitation from a new perspective, we
propose a method for directional filtering of sound fields.
Specifically, we formulate the directional filtering process as
an operator that maps a sound field to a modified sound field
in which components arriving from a specified direction are
emphasized. Although the proposed directional filtering is for-
mulated in terms of a directional integral, we derive its closed-
form expression, under a von Mises—Fisher-type weighting
function, for sound fields represented as a superposition of
spherical wave functions, which is one of the fundamental
representations of sound fields. Since the proposed directional
filtering processes sound fields as both input and output, it
can be combined with the aforementioned sound field capture
and reproduction techniques. This integration is expected to
enable technologies that have been challenging until now, such
as reproducing captured sound fields through earphones or
speakers with enhanced components from specific directions,
even for a moving listener. As an application example, we
present a framework where the proposed directional filtering
is applied to sound fields estimated from microphone array
measurements, along with a derivation of a closed-form ex-
pression for the resulting filtered field. The effectiveness of
the proposed directional filtering is quantitatively evaluated



through numerical experiments, where the proposed direc-
tional filtering was applied to sound fields estimated using
a microphone array. In this scenario, although the estimated
sound field is no longer represented in an object-based manner
that includes source position information, we demonstrate
that the proposed directional filtering can effectively enhance
components arriving from a specified direction.

II. PROPOSED METHOD

As a preliminary to the proposed method, we consider a
sound field u defined in a simply connected open set  C R?
under a given angular frequency w. When no sound sources
exist within €, the sound field at any point r € () satisfies the
following Helmholtz equation in the frequency domain [14]—
[16]:

(A + k?)u(r) =0, (1)

where A denotes the Laplace operator, k = w/c is the
wavenumber, and c is the speed of sound. A typical repre-
sentation of the solution to (1) is the superposition of plane
waves given by

u(r) :/ u(x) exp(—ikax - r)dS, 2)
T €Sy

where S, is the unit sphere in R?, and @(zx) € C denotes the
complex amplitude of a plane wave arriving from direction
x € Sy. We define the function space H consisting of all
sound fields representable by (2) as

H = {/mGS2 u(x) exp(—ikz - r)dS

where Lo(S2) denotes the set of square-integrable functions
on So.

In this study, we propose a sound field directional filtering
method that emphasizes components arriving from a desired
direction by applying directional filtering to sound fields
represented by (2). We define an operator L,, that applies such
directional filtering as follows:

(Lo = [

€Sy

u € L2(82)} N E))

w(z)u(x) exp(—ikx - r)dS, (4)

where w(x) is a weighting function applied to plane waves
arriving from direction x. Although various forms of w(x) are
theoretically possible, in this study we consider the following
function, defined by a weighting parameter 3 € [0,00) and a
target direction vector n € Sy:

w(z) = w. (5)

exp(f)

This function w is also known, up to a normalization constant,
as the probability density function of the von Mises—Fisher
distribution used in directional statistics. In particular, w(x)
attains its maximum value of 1 when & = ), indicating
that the greatest weight is assigned to plane waves arriving
from direction . This property ensures that the operator L,,
enhances components from the specified direction.

In general, evaluating the integral in (4) in closed form for
an arbitrary © € H is challenging. Therefore, we consider
applying the directional filtering to sound fields expressed via
a finite-order expansion using the spherical wave functions [7],
[17], given by

N v
T) = Z Z Uy, (10)&0,u (k(T — 70)), (6)

v=0p=—v

where 4, ,(ro) € C and &, ,(-) denote the expansion coeffi-
cients and the spherical wave functions of order v and degree
1, respectively [18]. The spherical wave function is defined as

S D ()

where z € R3, || - || denotes the Euclidean norm, j,(-) is
the spherical Bessel function of the first kind of order v [19],
and )A/V,M(~) is the unnormalized spherical harmonic function
of order v and degree v [15], defined using the normalized
spherical harmonic function Y, () [19] as

Y, u(x) == VarY, ,(z). 8)

Ev(2) =

For a sound field u represented as in (6), L,,u can be derived
in closed form as follows. First, using the relationship [18]

1

Eopu(z) = o / B exp(—iz - )Y, . (x)dS, 9)

the expansion in (6) can be rewritten as a superposition of

plane waves:
/mGSz

From (4), (5), and (10), we obtain

(qu)(r) = /ES 47rexp Z Z U’Vﬂ TO ( )

=0 p=—v
. exp(—zkac (r —ro) +ifn - x)dS.
(11)
Here, it is shown in [18] that (9) remains valid even when

the definition of the spherical wave function is extended to the
complex domain as follows:

Evu(2)
L. ( 2., .2, .2 l) - ?

= —7 (2] +25 +25)2 Yu, ’ (12)
ZVJ ( 1 2 3) Yo, (Z%-FZ%—FZ%)%

where z = [21, 22, 23]" € C3, and §,,,(-) is the homogeneous
harmonic polynomial satlsfymg 9o, u(x) =Y, . (x) forxz € S,.
The expression (22 + 23 + z3) denotes the complex square
root with its branch cut along the negative real axis; note that

ZZ“I«M’“OY ()

v=0 p=—v

-exp(—ikx - (r — ro))dS. (10)
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it differs from the standard norm (|z; |2 + |22/? + |23/2)2 for
complex values. Substituting z = kr + i1 into (9) yields

fl,’u(]ﬂ‘ + 7/677)

! exp(—i(kr +ipn) -

= . x)Y, . (x)dS. (13)

Therefore, from (11) and (13), we finally obtain the following
closed-form expression:

(qu) Z Z uz/;t To fl/ﬂ (T‘—’l‘o)—f—lﬁ’rl)

eXp r Sl

(14)

Since many spatial-audio techniques, including higher order
Ambisonics, are based on the modeling of sound fields as
superpositions of the spherical wave functions [7], this result
demonstrates that the proposed directional filtering is widely
applicable to such sound field representations.

III. APPLICATION OF THE PROPOSED METHOD

As an application example, we present a framework in which
the proposed directional filtering is applied to a sound field
estimated using a microphone array, on the basis of the sound
field estimation method proposed in [18], [20], [21]. We begin
by briefly summarizing the sound field estimation method [18],
[20], [21]. Suppose that M omnidirectional microphones are
placed at positions rq,--- , 7y € €, and that the sound field
u is estimated from their observed signals si,---,sp € C.
In this case, the estimated sound field @ can be obtained by
solving the following optimization problem:

Z [u(rm) = sm|? + Aull?,.  (15)

minimize Q(u
u€H
m=1

Here, A € (0, 00) is the regularization parameter, and || -||7; de-

2 _ (2
notes th.e norm on "H.deﬁned as |lullz, = 471 [wes2 |t (x)|*dS.
By solving the optimization problem (15), @ is represented as
a superposition of the spherical wave functions as

M
i(r) =Y Gt (r), (16)
m=1
where v, () is defined as
U (1) = &o,0(k(T — T1)). (17)
The coefficient vector & := [G1,--- ,épr]T € CM is given by

&= (K+ M) s (18)

Here, I € CM*M denotes the M x M identity matrix, and
s € CM and K € CM*M yre defined as follows:

s:=[s1,sm] (19)
Kiq Ki v

K = : : (20)
K Kym

Amplitude (real part)
y (m)
——
Amplitude (real part)

Fig. 2: Real part of the sound fields on the xy-plane (z = 0):
(a) mixed sound field; (b) target sound field.

Each element K, ,,, is defined by
gO,U(k(rml - Irmz))' (21)

The proposed directional filtering can also be applied to
sound fields obtained in the above manner. By the linearity of
L,,, applying L,, to each term on the right-hand side of (16),
using (14), yields the following expression:

M
T) = Z é‘7rL(L'wU7rL)(r)
M

Z dn{OO

exp
m

Kinym, =

'I° - 'rm) + Zﬁn) (22)

IV. NUMERICAL EXPERIMENTS

To evaluate the effectiveness of the proposed method, we
conducted numerical experiments. In the following experi-
ments, a sound field generated by two point sources was
observed using a microphone array, and we evaluated how
effectively the proposed directional filtering could enhance the
component originating from the target source in the estimated
field. The speed of sound was set to 340.65m/s. First, we
defined the mixed sound field uyixeq generated by two point
sources s; (target) and so (interference) as follows:

exp(iklr —ri]) |, exp(ik]r = ra])

Unuxed(r) 1 471_”7. -y H 47‘(’”7‘ — 7'2”

Here, 1 = [3.0,0.0,0.0]"m and 7, = [0.0,3.0,0.0]" m de-
note the positions of the point sources s; and so, respectively,
and A; and A, are the complex amplitudes of each point
source. In this experiment, both sources were set to have the
same complex amplitude, i.e., A; = As. Hereafter, we refer
to the sound field generated by the target source s; as the
target sound field, denoted by w¢arget. Fig. 2 shows the mixed
and target sound field at 400 Hz. A hundred omnidirectional
microphones were randomly placed inside a ball of radius 1 m
centered at the origin, and the sound field was estimated using
(16). The observation noise was generated as independent
and identically distributed complex Gaussian noise such that
the signal-to-noise ratio (SNR) was 20 dB. The regularization
parameter was set to A = 0.01. Then, the proposed directional
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Fig. 5: NMSE versus frequency for different values of .

filtering was applied to the estimated sound field using (22).
The desired enhancement direction was set to be the direction
from the origin to the target source sy, i.e., 7 = [1.0,0.0,0.0]T.
As an evaluation metric, the normalized mean squared error
(NMSE) was used, defined as

NMSE
Sier, [ttarget () — (Lutiese) (ri0) 2

= 10log,, -
Sien, [ttarget ()2

(dB).

(24)
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Here, uegt is the estimated sound field. The set {T((;?al}ieleval
represents the evaluation points, which are uniformly dis-
tributed on and inside a sphere of radius 1 m centered at the
origin, at intervals of 0.05m. The black line in Figs. 2, 3,
and 4 indicates the boundary of this evaluation region.

Fig. 3 shows the results for 5 = 0, 2, 5, and 25 at
400 Hz. Note that 8 = 0 corresponds to the case where no
directional filtering is applied, i.e., the estimated mixed sound
field wegt itself. In addition, Fig. 4 presents the pointwise
normalized error distributions between L test and Ugarget at
400 Hz. These results confirm that the proposed directional
filtering successfully enhances the sound field components in
the desired direction 7.

Next, Fig. 5 shows the NMSE for different values of /3 at
various frequencies. It can be observed that the NMSE is lower
in the low-frequency range, indicating that the resulting sound
field is closer to the target sound field. In addition, excessively
increasing ( tends to degrade performance, leading to higher
NMSE values. This is likely due to the fact that wuiarget 1S
a spherical wave, whereas L., uqst increasingly approximates
a plane wave as 8 becomes large, resulting in a mismatch
between the two.

Furthermore, we investigate the NMSE between L., uqst and
Utarget With respect to variations in 3 and 7). Here, we define
n [cosf,sin6,0]T with 0 € [—m/2,7/2], and plotted
the NMSE for varying 5 and 6 at 400 Hz and 800Hz in
Fig. 6. Even when n differs from the true direction of the
target source, it is confirmed that, within an appropriate range
of 3, the proposed directional filtering improves the NMSE
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Fig. 6: NMSE of the estimated sound field after applying the
proposed directional filtering with varying 8 and n: (a) 400 Hz;
(b) 800 Hz.

compared to the case without any processing, i.e., 5 = 0.

V. CONCLUSION

We proposed a sound field directional filtering method
that enhances components arriving from a specified direction.
Through numerical experiments, we quantitatively evaluated
the effectiveness of the proposed directional filtering and
confirmed its utility. In future work, we plan to explore the
application of the proposed directional filtering to binaural
rendering techniques.
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