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Efficient audio rendering using angular region-wise
source enhancement for 360◦ video
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Abstract—In virtual reality (VR), 360◦ video services provided
through head-mounted displays (HMDs) or smartphones are
widely available. Among these, some state-of-the-art devices are
able to render varying auditory location of an object perceived
by the user when the visual location of the object in the video
moves along with the change of the user’s looking direction.
Nevertheless, an acoustic immersion technology that generates
binaural sound to maintain a good match between the auditory
and visual localization of an object in 360◦ video has not
been studied sufficiently. This study focuses on an approach
that synthesizes semi-binaural sound being composed of virtual
sources located in each angular region and the representative
head related transfer functions (HRTFs) of each angular region.
To minimize the calculation cost on audio rendering and to reduce
latency in downloading data from servers, the number of angular
regions should be reduced while maintaining a good match
between the auditory and visual localization of an object. In this
paper, we investigate the minimum number of angular regions
at which it is possible to maintain a good match by conducting
subjective tests using a 360◦ video viewing system composed of
virtual images and sound sources. From the subjective tests, it
was confirmed that the acoustic field should be divided into more
than six equi-spaced angular regions so as to achieve natural
auditory localization that matches an object’s location in 360◦
video.

Index Terms—virtual reality (VR), head-mounted display
(HMD), binaural synthesizing, auditory localization, angular
region-wise source separation, microphone array

I. INTRODUCTION

V IRTUAL reality (VR), which simulates presence to make
one feel as if one is in remote or virtual places, has

been actively studied. Advanced VR technologies may uti-
lize different modalities to let users feel being immersed
in a virtual environment [3] through combinations of e.g.
visual [4], haptic [5], [6], gustatory/olfactory [7], and auditory
[8], [9] perceptions, using multimedia contents. Of those
modalities, VR technologies using visual media have been
extensively studied. Many types of 360◦ cameras and head-
mounted displays (HMDs), which include cardboard HMDs
for smartphones, have been already commercialized. Showing
360◦ video is possible through web video streaming services
and smartphone applications [10], [11] using these devices.
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Compared to technologies using visual media, audio media to
realize better virtual reality has recently been commercialized
[11], i.e. the audio is seamlessly changed with user’s view in
order to match the direction the user is looking.

Much research on auditory localization has been reported.
Since it is known that the minimum resolution of auditory
localization is approximately 1 degree in the front area of
the listener provided the head of the listener is fixed [12],
[13], head related transfer functions (HRTFs) with high spatial
resolution (i.e. measured at many angles) have been utilized
in binaural virtual source rendering. When the listener is
allowed to move his/her head arbitrarily, roughly accurate
localization could be achieved even if HRTFs measured at
the angles deviated from the ground truth about 15 to 30
degrees [14] were utilized. Furthermore, if visual information
about the sound source was provided, the listener might obtain
auditory localization that matches the looking view with even
more deviated HRTFs. The ventriloquist effect reported in [15]
would imply this, however, to the best of our knowledge,
auditory localization with an effect of visual information has
not been investigated sufficiently. In particular, there have been
few previous studies that investigated the minimum spatial
resolution of human auditory localization when visual infor-
mation is provided. Therefore, the goal of this study is (i) to
investigate how much spatial resolution is needed to maintain
a good match between the auditory and visual localization of
an object, and (ii) to construct a 360◦ video viewing system
that reflects the findings from these investigations.

If source signals and head related transfer functions
(HRTFs) measured from a source’s positions were given, it
would be possible to generate binaural sounds corresponding
to the direction the user is looking in. However, this would be
an unrealistic assumption since HRTFs could not be measured
at all possible source positions. Thus, some approximations
may be needed to realize semi-binaural signal representation,
i.e. a sound received by two ears propagating from a finite
number of virtual sound sources located at regularly spaced
discrete positions (angles). Ambisonics is a method for gener-
ating semi-binaural sound and has been studied actively [16]–
[21]. Recently, first-order ambisonics has been used for 360◦

video audio rendering in some web streaming services [11].
The basic idea of ambisonics is to pick up sound sources
by forming 3-dimensional spatially orthogonal directivities,
which are described by spherical harmonics [22]. Users hear
sounds synthesized from the recorded sound projected onto
virtual loudspeakers and the HRTFs from each virtual loud-
speaker through a headphone. This allows the users to feel
as if they were present at the place where the HRTFs are
measured [23]. However, the structure of microphone arrays
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Fig. 1. Binaural signal representation using K(= 4) sound sources

is generally restricted, e.g. four cardioid microphones placed
at the apex of a regular tetrahedron facing outwards are
needed for first order ambisonics or many omni-directional
microphones being equally spaced and embedded in a rigid
sphere are needed for higher order ambisonics [24]. It may
be difficult to implement such an array of microphones in
360◦ camera devices because the devices are often designed
by prioritizing their compactness/portability. Apart from the
physical restriction, it has not been thoroughly investigated
how much spatial resolution is needed for the audio of 360◦

viewing.
Another approach for 360◦ video audio rendering is mul-

tiplying HRTFs pre-measured for each angular region with
respect to the user with source signals [1], [2], [25]. Suppose
each virtual source is located in one of the angular regions
whose representative HRTF is available; semi-binaural signals
that maintain a good match between the auditory and visual
localization of an object can be generated. With this approach
the number of the HRTFs pre-measured will be limited by
the number of angular regions. Although, this is not an exact
binaural signal representation, this approach would allow for
using a microphone array with an arbitrary structure. Since
the source signals arriving from each angular region need
to be separated, sound source separation, which also works
well independently of the location and statistical properties of
sound sources, needs to be applied to generate audio content.

To achieve this, the power spectral density (PSD)-
estimation-in-beamspace method [26], which has proven itself
as an effective sound source separation method in practical
environments [27], [28], has been utilized in previous studies
on 360◦ video audio rendering [1], [2]. Although the studies
revealed that sound sources separated by the PSD-estimation-
in-beamspace were able to be used for rendering sound sources
at the correct angles, it is still unknown how many angular
regions the field needs to be divided into in order to maintain
natural auditory localization that matches the object’s locations
in 360◦ video. Although it is natural to anticipate that a higher
angular resolution, i.e. higher number of angular regions, in
audio recording would contribute to achieving a better match
with the user’s view, achieving higher angular resolution will:
require a microphone array composed of many microphones;
increase the calculation cost for applying a HRTF; and increase
latency caused by the data transmission on streaming based
content viewing services. Thus, the number of angular regions
(virtual sources) should be kept at a minimum that is still able
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Fig. 2. Semi-binaural signal representation using angular region-grouped
L(= 6) virtual sources

to maintain a good match between the auditory and visual
localization of an object.

In this study, we investigate the effect of the number of
angular regions in sound source separation and the degree of
match between auditory and visual localization in a 360◦ video
viewing system. Through subjective tests, the relationships
between the number of angular regions and the degree of
match between auditory localization and the direction a user
is facing are investigated. We first ran a subjective listening
test with pre-measured HRTFs and clean source signals in
order to specify the minimum angular resolution required to
achieve a good match with visual images. We also investigated
the minimum angular resolution when virtual source signals
are given by sound source separation using a simulated mi-
crophone array.

The rest of this paper is organized as follows. In Sec. II, a
framework for 360◦ audio rendering using virtual sources is
explained. In Sec. III, we investigate the minimum number
of angular regions to divide a field without significantly
degrading auditory localization through a subjective listening
test. Results of similar investigations obtained when virtual
sources were generated by applying the source separation
algorithm to array observation signals are discussed in Sec.
IV. Finally, we conclude this paper in Sec. V.

II. 360◦ VIDEO AUDIO RENDERING USING VIRTUAL
SOURCES IN ANGULAR REGIONS

Let us assume that K sound sources are placed in a
field as shown in Fig. 1. The 360◦ camera is fixed at a
position p0, whereas each sound source is allowed to move
arbitrarily. The relative position of the k-th source at frame
time τ with respect to the camera’s position p0 is denoted by
pk,τ. The k-th source signal in the time-frequency domain is
described by S k,ω,τ, where ω denotes the angular frequency.
Each user wears an HMD or smartphone to view 360◦ video
so that he/she would feel as if he/she was located at the
360◦ camera’s position, and the direction they are facing is
assumed to be captured using gyro sensors implemented in
the device. The user’s facing direction at τ is represented in
polar coordinates by Ψτ = [Ψ(Azimuth)

τ ,Ψ(Elevation)
τ ]T, where T
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denotes the transposition. When the HRTFs between the k-
th source position and the outer end of the left/right auditory
canals are respectively denoted by H(Left)

pk,τ,Ψτ,ω
,H(Right)

pk,τ,Ψτ,ω
, binaural

signals bω,τ = [B(Left)
ω,τ , B(Right)

ω,τ ]T are given by

B(Left)
ω,τ =

K∑
k=1

H(Left)
pk,τ,Ψτ,ω

S k,ω,τ, (1)

B(Right)
ω,τ =

K∑
k=1

H(Right)
pk,τ,Ψτ,ω

S k,ω,τ. (2)

Although this may represent binaural signals at a point
precisely, it is required to obtain/pre-measure S k,ω,τ and
H(Left/Right)

pk,τ,Ψτ,ω
. Since it is almost impossible to measure the

HRTF for each source position particularly when the source
is continuously in motion, further simplified binaural signal
representation would be needed.

The basic idea of simplifying binaural signal representation
is to quantize an acoustic field into L (≥ 2) fixed angular
regions as shown in Fig. 2. By taking into account that
the transfer functions do not drastically vary with a slight
change of source positions, grouping source angles into L
different angular regions may cause no appreciable effect on
a user’s auditory localization, as long as L is sufficiently
large. Assuming that the acoustic field is divided into L equi-
spaced angular regions and their centre angles are described by
Θl = [Θ(Azimuth)

l ,Θ(Elevation)
l ]T (l = 1, . . . , L), K sound sources

are grouped into L virtual sources, which are denoted by

VΘl,ω,τ =
∑

k=argk pk,τ∈Θl

S k,ω,τ. (3)

When the HRTFs from a virtual source placed in Θl to the
outer end of the left/right auditory canals are denoted by
H(Left)
Θl,Ψτ,ω

,H(Right)
Θl,Ψτ,ω

, semi-binaural signals are calculated by

B(Left)
ω,τ ≈

L∑
l=1

H(Left)
Θl,Ψτ,ω

VΘl,ω,τ, (4)

B(Right)
ω,τ ≈

L∑
l=1

H(Right)
Θl,Ψτ,ω

VΘl,ω,τ. (5)

In this approach, VΘl,ω,τ is estimated instead of extracting each
source signal and the HRTFs at the sources’ positions as in (1)
and (2). To not affect the matching of audio with the direction
a user is looking in, it is important to carefully select L, and
investigating this is the main aim of this paper.

According to the definition of HRTF, H(Left)
Θl,Ψτ,ω

and H(Right)
Θl,Ψτ,ω

will include the characteristics of reflections/diffractions
caused by the physical structure of an individual’s head and
torso. Although some studies [29]–[31] have shown that such
individual differences would affect auditory localization, we
ignore the individual differences in this study; therefore, trans-
fer functions from a discrete angle with a constant distance
from a head and torso simulator (HATS) [32] are used as
an implementation of H(Left)

Θl,Ψτ,ω
,H(Right)
Θl,Ψτ,ω

. Investigating how the
individuality of HRTFs affects 360◦ video audio rendering
remains as a future work.

Rotatable stool

Head-mounted display

Headphone

Fig. 3. Subject wearing head mount display and headphone
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Fig. 4. Top view of audio source arrangement for two kinds of 360◦ video
content

III. RELATIONSHIPS BETWEEN NUMBER OF
ANGULAR REGIONS AND AUDITORY LOCALIZATION

A. Experimental conditions

We constructed a 360◦ video viewing system composed of
virtual images and sound sources, the hardware configurations
of which are explained below. Each subject sat on a rotatable
stool and wore an HMD (HTC VIVE) and headphones (SONY
MDR-CD900ST) as shown in Fig. 3. The head tracking
calibration was conducted at a seated position, while the legs
of the stool were in a fixed position. The HMD’s resolution
was 2160 × 1200 pixels for both eyes. To render binaural audio
in real-time, an audio stream input output (ASIO) driver-based
audio interface (YAMAHA UR12) was utilized. The sampling
frequency of audio signals was 48 kHz. These devices were
connected to a computer (CPU: Intel Core i7-6700, 3.40 GHz,
GPU: NVIDIA GeForce GTX 1080, RAM: 16 GB) that had
sufficient resources for rendering visual/audio smoothly. A
game engine (Epic Games’s Unreal Engine 4) was utilized
as a visual/audio rendering platform.



4 IEEE/ACM TRANSACTIONS ON MULTIMEDIA, VOL. ?, NO. ?, ? 2017

(Content #2 zombies walking)

(Content #1, live music show)

(1-2) (1-3) (1-4)

(2-1) (2-2) (2-3)

(1-1) (1-2) (1-3)

(2-1) (2-3)(2-2)

(1-1)

(1-4)

Fig. 5. Examples of panorama view and user view for two kinds of 360◦ video content
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Fig. 6. Relationships between angular regions and number of angular regions
L (pattern 1)

Two pieces of 360◦ video content were used for the ex-
periments. Live music show (Content #1) was composed of
four digitally generated players (sound sources), i.e. a vocalist,
guitarist, drummer, and bassist, which were placed as shown in
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Fig. 4. A panoramic view of an entire scene as well as a view
of each sound source is shown in Fig. 5. Multi-track sound
sources, which were the components of a song titled “One
minute smile” created by the band “Actions,” were downloaded
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Fig. 8. Averaged subjective evaluation scores for each L when angular regions
were divided into pattern 1 (Fig. 6).

Phase3: 正⾯に境界領域がある

Number of angular regions

(Content #1, live music show) (Content #2, zombies walking)

Number of angular regions

Completely 
match

No match

Completely 
match

No match

Su
bj

ec
tiv

e 
sc

or
e 

on
 d

eg
re

e 
of

 m
at

ch
 

be
tw

ee
n 

vi
su

al
 a

nd
 a

ud
ito

ry
 o

bj
ec

ts

Su
bj

ec
tiv

e 
sc

or
e 

on
 d

eg
re

e 
of

 m
at

ch
 

be
tw

ee
n 

vi
su

al
 a

nd
 a

ud
ito

ry
 o

bj
ec

ts

Fig. 9. Averaged subjective evaluation scores for each L when angular regions
were divided into pattern 2 (Fig. 7).

from [33]. Since S k,ω,τ and pk,τ were known a priori, ideal
virtual sources could be generated for each L. To make sure
subjects would see movement, we made these digital factors
move. Although the added motion was not particularly tuned
to the sound because the motion sequence was repeated, most
of the subjects responded that they did not feel any discomfort.
The other piece of content was Zombies walking in a ruined
building (Content #2), where three zombies (sound sources)
are moving slowly while groaning, as shown in Fig. 4. To
make it possible to discriminate between the voices of the
three zombies, groaning signals were selected so that their
pitches were different from each other, and this information
was provided to each subject before testing. In both pieces of
content, dry sound sources were used, i.e. room reverberation
was not included in the virtual sources and the length of the
content was 30 seconds.

There were two patterns used to divide a field into hori-
zontal equi-spaced angular regions as shown in Figs. 6 and
7. A different number of regions was selected from L =

{2, 3, 4, 5, 6, 8, 12, 24} for each pattern. The difference between
the patterns was whether there is an angular region boundary
at 90 degrees or not. This difference may play an important
role for auditory localization because the actual location of a

sound source and the virtual location after quantizing the field
into L angular regions might be drastically varied, especially
when L is small.

For synthesizing semi-binaural signals, H(Left)
Θl,Ψτ,ω

and H(Right)
Θl,Ψτ,ω

were needed. To generate these transfer functions for arbitrary
directions for each processing time-frame, linear interpolation
in the frequency domain on the polar coordinates [34] was
applied to the database [32]. The data measurement of this
database was conducted by placing a HATS (B&K 4128C)
in a reverberant chamber with little reverberation (T60: 310
ms). The angular interval of the transfer function measurement
was 5 degrees. Thus, the interpolated HRTF was smoothly
changed with subject’s head motion. When each sound source
crosses boundary of the angular regions in Content #2, the
index of virtual sources grouped together is changed. However,
since the motion speed of each sound source is slow and the
characteristics of the HRTFs are smoothly varied along with
head motion, artifact noise did not occur in some preliminary
tests conducted by the authors. Since individualized HRTFs
were not used in the experiments, a preliminary study of
auditory localization accuracy without video, i.e. presenting
only sound stimuli generated by convolving H(Left)

Θl,Ψτ,ω
, H(Right)
Θl,Ψτ,ω

and source signals, was conducted. The result, presented in
Appendix, shows that auditory localization roughly matched
with intended angles for many subjects, although errors caused
by front-back confusion were observed, especially when the
sound was propagating from front directions.

B. Subjective evaluation

Subjective tests were conducted in a semi-reverberant cham-
ber at the NTT Musashino R&D Center, Tokyo, Japan. The
background noise level and T60 of the chamber were 15.2 dB
(A) and 180 ms, respectively. The length of the content was set
to 30 seconds, which was sufficient enough for each subject to
move his/her head while viewing the video. Since the sound
sources are distributed horizontally, it was observed that most
of the time users rotated their head horizontally rather than
vertically. Each number for L was tested three times randomly
for each piece of multimedia content, i.e. Live music show
and Zombies walking. Seventeen subjects (5 males and 12
females, 20’s - 50’s) participated in evaluation tests; thus, 51
(=17 × 3) responses were obtained for each piece of content
and each L. The five-point Likert scale ranging from 1 to 5
was used to evaluate the degree to which a subject’s auditory
localization matched the location of an object in the video
(5: completely matched ↔ 1: no match). After viewing the
content, each subject orally gave the subjective score to the
examiner. Although each subject was instructed to face 0◦

every time the test started, they were allowed to arbitrarily
move their head or rotate the stool in order to vary their view,
i.e. they were not forced to face each object. Prior to the
testing, all stimuli were presented to the subjects. During that
phase, there were some subjects who searched for an object
which would be effective cues to distinguish between audio
signals with different L.

Figures 8 and 9 show the averaged subjective scores given
when angular regions were divided into pattern 1 and 2 (Figs.
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TABLE I
P-VALUE OF HYPOTHESIS TESTING SUBJECTIVE SCORES

p-values (%) of Student’s paired t-test for subjective scores for each L.
“*” denotes pairs of L’s, the null hypothesis of which are rejected by 5%
significance level after applying Bonferroni correction, i.e. individual null
hypothesis, the p-value of which was smaller than α = 0.05/8C2 = 0.00179,
was rejected. Whereas, “n.s.” denotes pairs of L’s, which are not significantly
difference each other.

Content #1, Live music show, when angular regions were divided
into pattern 1 (Fig. 6)

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 * n.s. n.s. n.s. *
5 n.s. n.s. * n.s.
6 n.s. n.s. n.s.
8 n.s. n.s.
12 n.s.

Content #2, Zombies walking, when angular regions were divided into
pattern 1 (Fig. 6)

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 n.s. * * * *
5 * * * *
6 n.s. n.s. n.s.
8 n.s. n.s.
12 n.s.

Content #1, Live music show, when angular regions were divided into pattern
2 (Fig. 7)

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 * * * * *
5 * * * *
6 * * *
8 n.s. *
12 n.s.

Content #2, Zombies walking, when angular regions were divided into
pattern 2 (Fig. 7)

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 * * * * *
5 n.s. n.s. n.s. *
6 n.s. n.s. *
8 n.s. n.s.
12 n.s.

6 and 7), respectively. The red lines denote the averaged
subjective scores for each L, and the blue error bars show
their standard deviation range assuming that the scores follow
a Gaussian distribution. To find the minimum number of
angular regions to maintain a good match between auditory
and visual localizations, statistical hypothesis tests were also
conducted. Table I shows the results of a Student’s paired t-test
conducted for all pairs of L with a 95% confidence interval
(α = 0.05) after applying Bonferroni correction, which is a
common correction method for a statistical hypothesis test that
involves multiple comparisons. Thus, null hypothesis under

significant level α = 0.05/8C2 = 0.00179 was rejected.
From the test results in Figures 8 and 9, overall, it was

confirmed that the subjective scores increased along with the
increase of L; however, a slightly different trend can be seen
between the pieces of content and the pattern of the angular
regions. For Content #1, when the field was divided into
pattern 1 (Fig. 6), the subjective score curve was saturated
around L = 5, and its averaged score when L = 5 was
4.4. Through the statistical hypothesis tests in Table I, a
significant difference in subjective score distributions could
not be observed when L was greater than 5. A few exceptions
where p-values were smaller than α, such as combinations
of L = {4, 24} and L = {5, 12}, can be seen, which might
have occurred because L in each pair were quite different.
However, when the field was divided into pattern 2 (Fig. 7), the
subjective score continuously increased along with the increase
of L. The causes may be that i) four sound sources were placed
at fixed positions as shown in Fig. 4 and ii) the differences
in the arrival direction of each sound source were drastically
varied by quantizing the field into pattern 2 (Fig. 7), especially
when L was small. Therefore, it may be necessary to carefully
decide how to divide the angular regions when the positions
of sound sources are fixed.

In comparison, with Content #2, similar subjective score
curves were obtained independently of the two patterns of
angular region division. Since some of the zombies moved
across several angular regions, quantization errors caused by
the source arrival direction may not have significantly affected
the auditory localization, compared with the cases in which
sound sources are placed at fixed positions. Through the statis-
tical hypothesis tests the results of which are shown in Table I,
no significant difference in subjective score distributions could
be observed when L is greater than 5 given that the field is
divided as pattern 1 (Fig. 6), and when L is greater than 6 given
that the filed is divided as pattern 2 (Fig. 7), respectively.

Although the number of pieces of content was limited
by only two, we conclude from these experimental results
that i) the field should be divided into around L ≥ 6 equi-
spaced angular regions to maintain a good match between the
auditory and visual localization of an object in 360◦ video and
that ii) the way of defining the angular regions is important,
especially when the positions of sound sources are stationary.
These results may be consistent with the existing study [15]
associated with the ventriloquist effect, which reported that
roughly accurate localization could be obtained even when
auditory stimulus is deviated within 30 degrees to the left and
right from the ground truth. Although it would support our
experimental results in some aspects, the testing environment
does not perfectly match because we only used the system that
can control binaural rendering corresponding to head motion.

IV. AUDIO RENDERING USING ANGULAR
REGION-WISE SOURCE SEPARATION

As a method for generating virtual sources, applying angular
region-wise source enhancement to array observation signals
may be useful. In Sec. IV-A, a framework for generating
virtual sources by applying beamforming and Wiener post-
filter is explained. An implementation of Wiener post-filter
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Wiener filter calculation based on 
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Fig. 10. Angular region-wise source separation based on beamforming with
Wiener post-filtering

calculation is introduced in Sec. IV-B. In Sec. IV-C, we
investigate the source separation performance and the degree
of matching between auditory and visual localization, provided
that some errors caused by the array signal processing are
included in the virtual sources, in a subjective test similar to
that presented in Sec. III.

A. Virtual sources generation using microphone array

Let us assume that an M (≥ 2)-sensor microphone array is
placed near a 360◦ camera. When the room transfer function
between the k-th sound source position and the m-th micro-
phone is denoted by Apk,τ,m,ω, the observed signal of the m-th
microphone Xm,ω,τ is modeled by

Xm,ω,τ =

K∑
k=1

Apk,τ,m,ωS k,ω,τ, (6)

where the power of ambient background noises and/or internal
sensor noise observed by the array is assumed to be negligibly
small compared with that of the sound sources.

The source separation algorithm considered here is based on
the framework of beamforming with Wiener post-filtering [35]
as shown in Fig. 10, and the Wiener post-filter is calculated by
the PSD-estimation-in-beamspace method [26]. Given that L
beamformers are applied to the microphone-observed signals
Xm,ω,τ, the output signal of the l-th (l = 1, . . . , L) beamformer
is given by

YΘl,ω,τ =

M∑
m=1

W∗Θl,m,ωXm,ω,τ =

K∑
k=1

M∑
m=1

W∗Θl,m,ωApk,τ,m,ωS k,ω,τ,

(7)

where ∗ and WΘl,m,ω denote the complex conjugate and the
filter coefficient of the l-th beamformer applied to the m-th
microphone, respectively. It is known that applying the Wiener
post-filter to the minimum variance distortion-less response
(MVDR) beamforming output [36] is the optimal way to
reduce the residual noise power [37]. Therefore, the filter
coefficients wΘl,ω = [WΘl,1,ω, . . . ,WΘl,M,ω]T are calculated by
using the MVDR method, i.e. the coefficients are designed so
as to minimize the beamforming output signal power while
constraining the directivity gain to the angle Θl, given by

wΘl,ω =
R−1
ω hΘl,ω

hH
Θl,ω

R−1
ω hΘl,ω

, (8)

where hΘl,ω = [HΘl,1,ω, . . . ,HΘl,M,ω]T denotes an array mani-
fold vector [38], and its model under plane wave propagation
is given by

HΘl,m,ω = exp( jωνΘl,m). (9)

νΘl,m denotes the relative time delay between the m-th micro-
phone and the array center when a plane wave is arriving from
Θl. Although the spatial correlation matrix Rω is generally
defined as the variance-covariance matrix of xω,τ, it is modeled
by (10) assuming that uncorrelated sound sources are arriving
isotropically:

Rω =

N∑
n=1

hΘn,ωhH
Θn,ω

, (10)

where N is assumed to be a large number to model isotropical
wave propagation.

The output of source separation ZΘl,ω,τ is then obtained
by multiplying the Wiener post-filter UΘl,ω,τ with the MVDR
beamforming outputs as

ZΘl,ω,τ = UΘl,ω,τYΘl,ω,τ. (11)

ZΘl,ω,τ (l = 1, . . . , L) will be used as the l-th virtual source
defined in Sec. II, i.e. VΘl,ω,τ = ZΘl,ω,τ. The following Sec.
IV-B summarizes the estimation of the Wiener filter.

B. Wiener filter design using PSD-estimation-in-beamspace

Assuming that source signals are uncorrelated with each
other, the PSD of the l-th beamforming output is modeled by

φYΘl ,ω
=
〈
|YΘl,ω,τ|

2
〉

≈

K∑
k=1

M∑
m=1

|W∗Θl,m,ωApk,τ,m,ω|
2
〈
|S k,ω,τ|

2
〉

≈

L∑
i=1

M∑
m=1

|W∗Θl,m,ωHΘi,m,ω|
2
〈
|VΘi,ω,τ|

2
〉

≈

L∑
i=1

|DΘl,Θi,ω|
2φVΘi ,ω

, (12)

where 〈·〉 and φVΘi ,ω
denote the expectation operation and the

PSD of the i-th virtual source, respectively, and DΘl,Θi,ω :=∑M
m=1 W∗

Θl,m,ω
HΘi,m,ω is the directivity gain of the l-th beam-

former to the angle Θi. The relationship in (12) can be
extended to the L beamformers as

φYΘ1 ,ω

...
φYΘL ,ω

︸   ︷︷   ︸
ΦYω

=


|DΘ1,Θ1,ω|

2 · · · |DΘ1,ΘL,ω|
2

...
. . .

...
|DΘL,Θ1,ω|

2 · · · |DΘL,ΘL,ω|
2

︸                               ︷︷                               ︸
Dω


φVΘ1 ,ω

...
φVΘL ,ω

︸   ︷︷   ︸
ΦVω

. (13)

Since the beamforming filters are given, the directivity of the
beamformers to the L directions, i.e. Dω, is known a priori.

To estimate the PSD of each virtual source, the inverse
problem of (13) needs to be solved. In the PSD-estimation-in-
beamspace method [26], ΦVω is estimated by

Φ̂Vω = D−1
ω ΦYω . (14)
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TABLE II
PARAMETERS IN ARRAY SIGNAL PROCESSING

Sampling frequency 48.0 kHz
Number of microphones, M 6
Radius of array 0.04 m
FFT window length 21.3 ms
Wiener filter flooring value, β 0.17 (=10−15/20)

Phase4: マイクアレイ処理を使⽤
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Fig. 11. Averaged subjective evaluation scores for each L when angular
regions were divided into pattern 1 (Fig. 6)

For practical implementation, the source PSDs are estimated in
each time-frame, assuming that source signals are temporally
sparse [39]

Φ̂Vω,τ = D−1
ω ΦYω,τ . (15)

The Wiener post-filter used to emphasize the virtual source
arriving from Θl is calculated by

UΘl,ω,τ =
φ̂VΘl ,ω,τ∑L

i=1 φ̂VΘi ,ω,τ

. (16)

For 360◦ video audio rendering, flooring was applied to UΘl,ω,τ

in order to avoid generating musical noises, namely

UΘl,ω,τ = β (if UΘl,ω,τ < β), (17)

where β was empirically set to 0.17 to keep the minimum level
of signal suppression to −15 dB.

C. Relationships between number of angular regions and au-
ditory localization when array processing errors are included

The microphone array observation was numerically calcu-
lated using the content presented in Sec. III. As a simulated
microphone array structure, a six-sensor regular circular array
was used since three to six microphones are often utilized
in practical microphone array implementations and it would
be better to use a large number of microphones. To stably
generate separated signals when the acoustic field is divided
into five or six equi-angular regions according to the experi-
mental results in Sec. III-B, six sensor-array was utilized. The
radius of the simulated microphone array was 0.04 m. The
simulated microphone array was assumed to be placed at the
same position as that of the 360◦ camera in the VR content in
Sec. III, and observation signals were calculated under the
free field. Since we could not afford accurate information

regarding the acoustic properties of the environment within
the 3D contents, it was not possible to incorporate acoustics
properties of the environment into the signal generation model.
By applying angular region-wise source separation processing
to those signals, virtual sources were generated for each of
the L angular regions and pieces of content. The array signal
processing parameters were adjusted to divide the field into
pattern 1 (Fig. 6). Other parameters used in the array signal
processing are listed in Table II.

1) Source separation performance: The source separation
performance when generating virtual sources was measured
by using the signal-to-interference noise ratio (SIR), which is
listed in Table III. The power of a target source in an angular
region may have become nil (there was no sound source in the
angular region) when L was large, which would have made it
impossible to calculate the SIR for the angular region. Thus,
the power ratio of the averaged target sources in all angular
regions and that of other sources was calculated for each L.
The averaged SIR improvement scores (= averaged output
SIR - averaged input SIR) were calculated for the overall
source separation, MVDR beamforming, and Wiener post-
filter, separately. In the results, the averaged SIR improvement
peaked at L = 4 for Content #1 and L = 5 for Content
#2, respectively. In general, the performance of the source
separation algorithm would be maximized when the number of
sound sources and L were equal, i.e. the separation problem is
determined. The averaged SIR improvement was maximized
around L = 4 since the two pieces of content included four
sound sources. Nevertheless, even if the problem were over-
determined (L > 4), the averaged SIR improvement of which
would be degraded, the auditory localization would not be
significantly affected because every generated virtual source
would have been used to synthesize the semi-binaural signals
in any case. This point will be further discussed later by
looking at the results of a subjective listening test.

2) Subjective evaluation results: Subjective tests similar
to that conducted in Sec. III were conducted in order to
investigate the degree of matching between the auditory and
visual localization of an object when array processing errors
were included in the virtual sources. Experimental conditions
were the same as in Sec. III-B, except the semi-binaural
signals presented to the subjects were generated by using
the method explained in this section. Figure 11 shows the
averaged subjective scores for the localization matches for
each L. Similar to the experimental results presented in Sec.
III-B, the subjective scores increased along with the increase
of L up to a point and then saturated. For both pieces of
content, the subjective score seems to saturate around L = 5.
From the statistical hypothesis test results shown in Table IV,
a significant difference in subjective score distribution could
not be observed when L is 5 or greater for content # 1 and 4
or greater for Content #2.

V. CONCLUSION
This study investigated the minimum number of angular

regions a field can be divided into without significantly de-
grading the matching between the auditory and visual lo-
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TABLE III
EVALUATION OF SOURCE SEPARATION PERFORMANCE

Content #1, Live music show, when angular regions were divided into pattern 1 (Fig. 6)
Number of angular regions, L 2 3 4 5 6 8 12 24
Averaged input SIR [dB] 0.00 -3.01 -4.76 -6.01 -6.98 -8.44 -10.40 -13.61
Averaged SIR improvement (only beamforming) [dB] 2.10 3.22 3.35 3.11 2.65 2.69 2.49 2.31
Averaged SIR improvement (Wiener filtering after beamforming) [dB] 4.87 11.06 13.28 12.17 6.26 7.70 4.48 2.35

Content #2, Zombies walking, when angular regions were divided into pattern 1 (Fig. 6)
Number of angular regions, L 2 3 4 5 6 8 12 24
Averaged input SIR [dB] 0.00 -3.01 -4.78 -6.03 -7.00 -8.46 -10.43 -13.65
Averaged SIR improvement (only beamforming) [dB] 4.37 4.49 4.07 4.17 4.16 4.34 4.08 3.95
Averaged SIR improvement (Wiener filtering after beamforming) [dB] 8.00 9.52 9.19 9.83 8.88 8.93 5.02 3.95

TABLE IV
P-VALUE OF HYPOTHESIS TESTING SUBJECTIVE SCORES

p-values (%) of Student’s paired t-test for subjective scores for each L.
“*” denotes pairs of L’s, the null hypothesis of which are rejected by 5%
significance level after applying Bonferroni correction, i.e. individual null
hypothesis, the p-value of which was smaller than α = 0.05/8C2 = 0.00179,
was rejected. Whereas, “n.s.” denotes pairs of L’s, which are not significantly
difference each other.

Content #1, Live music show, when angular regions were divided
into pattern 1 (Fig. 6)

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 * n.s. * * *
5 n.s. n.s. n.s. n.s.
6 n.s. n.s. *
8 n.s. n.s.
12 n.s.

Content #2, Zombies walking, when angular regions were divided into
pattern 1 (Fig. 6).

L
3 4 5 6 8 12 24

L

2 * * * * * * *
3 * * * * * *
4 n.s. n.s. n.s. n.s. n.s.
5 n.s. n.s. n.s. n.s.
6 n.s. n.s. n.s.
8 n.s. n.s.
12 n.s.

calization of an object when viewing 360◦ video. Through
subjective tests, it was confirmed that auditory localization
that matched an object’s locations in 360◦ video was achieved
by i) dividing the field into at least around six equi-spaced
angular regions and ii) carefully selecting the way of defining
the angular regions, especially when the sound sources are
stationary. A similar investigation was also conducted when
array processing errors were included in the generation of
virtual sources. When applying an angular region-wise source
separation algorithm to the observation signals captured by a
simulated six-sensors circular microphone array, appropriate
auditory localization was obtained by dividing the field into
five or more equi-spaced angular regions.

Future work may be needed to investigate the effect of indi-
vidualizing HRTFs as well as including room reverberation in
the HRTFs. The performance when other kinds of localization
effects such as panning are utilized also has to be investigated.

Further tests by increasing the numbers of pieces of content
would help in finding more generic rules for specifying the
optimum value for L and for determining how the division of
the angular regions for the elevation angle has to be made.
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Appendix
PRELIMINARY STUDY ON LOCALIZATION ACCURACY

WHEN DISPLAYING ONLY SOUND STIMULUS
To verify the adequacy of using the HRTFs measured by the

HATS, which generated the stimuli for the subjective listening
tests, a pre-investigation of auditory localization accuracy
was conducted when only sound stimuli were displayed.
The stimuli were generated by multiplying the HRTFs in
the database [32], and five different sound sources [1: pink
noise, 2: vocalist, 3: guitarist, 4: groaning zombie (high tone),
5: groaning zombie (low tone)], the length of which was
2 seconds. In total, 17 subjects (5 males and 12 females)
determined the direction of arrival (DOA) by using 12 angles
from which they were told that sound was propagating from
(30 degrees interval in the horizontal plane). Since 5 trials were
conducted for each condition, 300 (=12×5×5) sound stimuli
were displayed for each subject.

Table V shows the results of the experiment on auditory
localization accuracy. The numbers in the grey-shaded areas
denote the percentages of responses that matched the ground-
truth. Although it seems that accurate auditory localization
could be achieved only with auditory information, errors
caused by front-back confusion occurred, especially when
the sound was propagating from front directions (0, 30, 330
degrees). This might have happened because spatial cues for
effectively identifying the DOA were not obtained when the
sound sources were positioned near the median plane [40].
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