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ABSTRACT

Recently, realistic visual services such as 3DTV, UHDTV, 3D cinema, 3D gaming, augmented reality
(AR), virtual reality (VR) and so on are introduced, and realistic audio services are getting more
important to make the realistic visual services more realistic. Generally, the realistic audio services have
a limitation that users should have multi-channel speaker layout for generating the realistic audio sound,
so the binaural sound generation method that provides the users the realistic sound through a stereo
headphone has been introduced. But, since the binaural sound has a constant sound scene, it can not
reflect the users’ movement in the AR or the VR service. In this paper, we proposed a sound scene
control scheme of binaural sound in the multi-channel audio coding for generating a more realistic audio
sound in the VR or AR service. In the proposed method, multi-channel gain factors and a stereo
down-mix signal are modified based on the new multi-channel layout to be arranged according to a
user’s head movement. The experimental results show that the proposed sound scene control scheme of
the binaural sound in the multi-channel audio coding can successfully generate the binaural sound with
the controlled sound scene while maintaining the good sound quality.
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1. Introduction

Nowadays, there are many realistic visual
services such as 3DTV, UHDTV, 3D cinema, 3D
gaming, augmented reality (AR), virtual reality
(VR) and so on [1, 2]. To make these services
more realistic, realistic audio services should be
adopted and are getting more important in the
realistic visual services. Generally, the realistic
audio services provide users with the realistic
audio sound to be generated by more than 5.1
multi-channel audio signals. So, the users must
use the multi-channel speaker layout for enjoying
the realistic audio sound. However, since most of
users do not have the multi-channel speak layout
and they can experience the realistic audio sound
only in the special places such as a music hall
and a theater, the realistic audio service cannot
be widely supplied. As one of solutions to the
limited realistic audio service, a binaural sound
can be utilized. The binaural sound is a stereo
signal that is generated by convolving the
multi-channel audio signal with HRTF (head
related transfer function) coefficients [3, 4]. Since
the HRTF is a response that characterizes how a
sound in free space reaches an ear, the binaural
sound has a multi-channel audio effect and the
users can enjoy the realistic audio sound using a
stereo headphone.

Meanwhile, although more than 5.1 channel
audio signals can generate the realistic audio
sound, they cannot be directly delivered to the
users through the wired and wireless network
system due to the high data rate. So, the

multi-channel audio coding methods such as

binaural cue coding, MPEG Surround, and sound
source location coefficient coding (SSLCC) are
used to solve the bit-rate problem of the realistic
audio service [5-11]. Generally, the multi-channel
audio coding compresses the multi-channel audio
signals as a stereco down-mix signal and
additional side information. If the users have the
multi-channel audio layout, they enjoy the realistic
audio sound using the multi-channel audio signals
recovered by the multi-channel audio coding.
Otherwise, the users only listen to the stereo
down-mix signal without any multi-channel audio
effect. To overcome the drawback of the stereo
down-mix signal without the realistic audio effect,
the binaural decoding is adopted and the users
enjoy the realistic audio sound from the binaural
signal generated by the binaural decoding instead
of the sterco down-mix signal. However, since
the binaural sound is generated based on the
fixed multi-channel layout and the HRTF
coefficients, the audio sound in the VR service
cannot follow the wusers’ movement if the
multi-channel audio coding with the binaural
decoding is applied to the VR service. In other
words, the binaural sound has a constant sound
scene, so the audio sound in the VR service is
not accompanied with the visual scene in the VR
if the users move to anywhere in the VR. From
should be

modified for reflecting the users’ position change.

this reason, the Dbinaural sound
In this paper, we proposed the sound scene
control scheme of the binaural sound in the
multi-channel audio coding to allow that users’
free movement in the VR service. In the

proposed method, multi-channel gain factors and a
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stereo down-mix signal are modified based on the
new multi-channel layout to be arranged
according to users’ head movement and then the
binaural sound is generated using the modified
multi-channel  gain  factors and the stereo

down-mix signal.

2. Binaural Decoding in SSLCC

Stereo down-mix signal

—] o —

Input — Y —> Reocovered
multi—channel:: SSLC_C HE SSLC_C > multi-channel
signals _,| Encoding + Decoding > Signals
— by —

Spatial parameters
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Figure 1. Overall structure of the SSLCC

The SSLCC is a technology that efficiently
handles the multi-channel audio signals with a
good performance in the aspects of bit-rate and
sound quality. Especially, the SSLCC compresses
the multi-channel audio signals with respect to a
sound image in the free space. <Figure 1> shows
an overall structure of the SSLCC. In the SSLCC
encoder, the multi-channel audio signals are
down-mixed into a stereo signal and spatial
parameters are extracted for reconstructing the
multi-channel audio signals. Here, a virtual source
location information (VSLI) is used as the spatial
parameters and it indicates the power information
of each single channel of the multi-channel
signals. Moreover, the VSLI is an angle of the
spatial image in free space to be formed by the
multi-channel audio signals. In the decoder side,
the multi-channel audio signals are recovered by

using the received stereo down-mix signal and the

spatial parameters. To generate the multi-channel
audio signals, gain factors of the multi-channel
signals are calculated from the VSLI and they are
multiplied by the stereo down-mix signal in the
frequency domain. The detailed explanation of the

SSLCC encoding and decoding can be found in
[6] and [7].
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Figure 2. Binaural decoding process in SSLCC

<Figure 2> shows a process of binaural
decoding in the SSLCC. For the reduction of the
computational loads of binaural decoding caused
by the linear convolution, the binaural decoding is
performed in the frequency domain. At first, the
HRTF coefficients are pre-transformed in the
frequency domain by the DFT and stored in the
memory. Then, the gain factors of the
multi-channel signals are calculated from the
spatial parameters in the frequency domain. The
estimated gain factors of the multi-channel signals
are multiplied by the HRTF coefficients, and
these results are multiplied by the down-mix
signal for obtaining the binaural sound in the
frequency domain. Finally, the binaural sound in
the frequency domain is transformed into the time
domain by the IDFT. The detailed information on
the binaural decoding process in the SSLCC can
be found in [3] and [4].
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For more explanation, let’s assume that there

are the calculated gain factors of the

multi-channel signals, &ic(k). & (k), g, (k) g, (k)

iy (k). gp, (K) | the HRTF coefficients,

HE(k), HE k), H k), H g (k), H (k) H (k) Hy (),

H (), Hy, (k), Hy (k) | and the down-mix signal,
X, (k), Xx(k) | Using these signals and coefficients,

the binaural decoding is performed as

Hy, (k)= g (k) -He (k) +g,, (k) H (k) + g, (k) - Hy, (k)
H, (k)=g,.(k)-H (k) +g, (k)-Hy (k)+g, (k)-H (k)
H, (k)=g (k) -Hi(k)+g,, (k)-H} (k) + g, (k) - H[ (k)
Hy (k)= g,0(k) - HE (k) + g, (k) H, (k) +8,,,(k) - Hy (k)

where H. (k) and H.x(k) are HRTF elements for
left and right binaural output by center (C), left
front (Lf), and left surround (Ls) channels,

respectively, while 7x(k) and Hwm(*) are HRTF
elements for left and right binaural outpub by C,
right front (Rf), and right surround (Rs) channels,
respectively. Here, k is a frequency index.
Finally, the binaural

output signals in the

frequency domain is obtained as
{Q(k)}{”u(k) H,eL(k)HXL(k)}
0,(0) | LH, () Hyyk) || X, (k) )

where O.(k) and Ox(k) are the left and right
binaural output signals in the frequency domain,

respectively.

3. Proposed Sound Scene Control of

Binaural Sound

J213. ALSAte| 2fX|(e] 2 M3t of

Figure 3. Example of user’s head movement
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Figure 4. Example of new multi-channel signals generated by channel

mapping

The sound scene control is a scheme that
provide a user with a more realistic audio sound
in the VR service. The audio sound in the VR
service should be changed according to the user’s
head position, when they want to move anywhere
in the VR. But, the binaural sound to be played
with the sterco headphone only provide a constant
sound scene, so it cannot be directly applied to
the VR service that allows the user’s head
movement. Therefore, the binaural sound should
be controlled for reflecting the wuser’s head
movement in the VR. <Figure 3> shows an
example of the user’s head movement in 5.1
channel layout. When the user’s head moves to
the opposite side — 180 degrees, Ls and Rs
channels are perceived as the front channels while

C, Lf, and Rf are noticed as the back channels.
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Figure 5. Proposed binaural decoding process with sound scene control

Therefore, to generate the binaural sound, all
multi-channel signals should be mapped on a new
multi-channel layout as show in <Figure 4>.

Then, the binaural sound can be generated by

convolving the newly generated multi-channel
signals with the HRTF coefficients.
<Figure 5> shows a proposed binaural

decoding process with the sound scene control.
In the previous binaural decoding process, the
sound scene control module is inserted before the
HRTF the

module, calculated gain factors

scene control
of the

multi-channel signals and the stereo down-mix

rendering. In sound

the

signal are modified according to the sound scene
Then, the

binaural sound with the controlled sound scene is

information to be users’ position.
generated with the modified down-mix signal and
the the HRTF

rendering module.

multi-channel gain factors in

Angle information of the multi-channel layout
is used for the sound scene control. <Figure 6>
shows the angle information of the multi-channel
is the angle of the user’s head

the head

layout and

movement. According to user’s

movement, the angle of the multi-channel layout
is changed as shown in <Figure 6>. Then, the
original multi-channel audio signals are mapped
onto the new multi-channel layout for generating
the new multi-channel audio signals. The constant
power panning (CPP) law is applied to generate

the new multi-channel audio signals [12, 13].

330° + Oy

0"+ 6y

O 6. AMSAL %] H3tof w2 i d 2 olotR of
Figure 6. Example of new multi-channel layout according to user’s head

movement

12 7. Constant powe panning 7| &0l 7| 2Fst x{'d o & o
Figure 7. Example of channel mapping based on constant power panning

law
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<Figure 7> show an example of the channel
mapping based on the CPP law. When a channel
C3 lays in between channels C1 and C3 as the

result of the user’s head movement (9.), C3 is

mapped onto both Cl and C2. Given the channel
gain of CI(&(*)), C2(&.(K), and C3(8&K)), the
G*(k) is projected to C1 and C2 as follows:

©0-6) =

m =

(aperture—6,) 2’

g1 (k) = g,(Kk) +cos(6, ) g, (k)
21 (k) = g, (k) +sin(0),)- g, (k) &)

where @, is the normalized angle less than 90
degrees and aperture g the angle between Cl
and C2. In the same way, the new multi-channel
gains can be calculated using the new
multi-channel layout and the

When the angle of the

original
multi-channel gains.
user’s head movement is 90 degree, the new

multi-channel gains are calculated as follows:

120-90 2

110-90 7
2 (k) =0.707
& (k) xcos(m % 2) &5, (k)

g1 (k) =0.707 xcos(l 10-90 xzj»gm k)

gz;’“‘(m:sin[zg 228; ’z’j gR,<k>+sln[zg = 2]<(g.f<k>+gzc<k>)

e =sin {2000 |, )

g;’:“‘(k>:cos[zg Eigz ’2’] gﬂ,<k>+cos[zg = ’;j (81 (0)+ 22c ()
ST B

T e AN

)

Meanwhile, the stereo down-mix signal should be
also modified to reflect the user’s head movement

because the binaural sound is generated using the

multi-channel gain factors, the HRTF coefficients,
and the stereo down-mix signal. When the
multi-channel audio signal is mapped onto the
new multi-channel layout, the stereo down-mix
signal is newly generated using the mapped
multi-channel gain factors. The new stereo

down-mix signal is calculated as follows:
Fﬂm}ﬁw)&mﬂﬂm}
Xy L& k) g, (k)] [ Xp(k) )

where &:(K) and €.(k) are the elements for the
new left down-mix signal that come from the
signals,

original left and right down-mix

respectively, while £.(k) and &-(K) are the
elements for the new right down-mix signal that
come from the original right and left down-mix
signal. When the angle of the wuser’s head
movement is 90 degrees, four eclements for the
new stereo down-mix signal is calculated using

the elements in (5) as follows:

. (30-0 z ¥ 30-0 :
i (SI [60 0 J g‘c(k)J {Cos(so 0 J g,c(k)j
. (340-330 7 340-250 7 ¥
+(Sm[340 zoosz g”(A)J +(“"(340 200X2] 8 (k)j
‘ 0-90 7 - (30-(=20) =
[0.707><u)s(120 20 2] s (k)] +[sm[760 (20) 2] gR,(k)]
g,(k)= )
. (30-0 7 ;
+[sm[m 2) gzr(k)] +[cos(60 0 2] g((k)j
110-90 7 110-90 7 ’
g,,(k)f\/[0.707xcos[120 % 2) i (A)j [sm(lzo % 2] g,,e(k)]

340-330 7« 340-250 7«
k)= k
&® \/[COS[MO 200X2j 8y )] +(C°s(340 200X2] 8k )J

(6)

Finally, (1) and (2) for generating the new

binaural sound can be re-written as follows:
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Hp (k) = gie" (k- HE (k) + g (k) - H i (k) + g (k) H L, (k)
Hy" (k) = g3 (k) HE (k) + g (k) Hoy (k) + g (k) - H g, (K)
iy (k) = gic" (k) He (k) + g5 (k) H jy (k) + g1 (k) - H (k)
Hig (k) = g5 (k) He (k) + gy () H (k) + g (k) H . (k)

™

{OZ"”(k)HHZZ“(k) H;?'(k)HXZ“"'(k)}
o] LHRw Hyml[X5ewm] @)

4. Experimental Results

To check the performance of the proposed
binaural decoding with sound scene control, the
subjective listening test was performed. For the
test, three multi-channel audio contents were used
and listed in Table 1 [14]. All test items have
44.1 kHz sampling rate and 16-bit resolution. A
MUSHRA test was used as a test methodology
and six experienced subjects were participated in
the test [15]. Three systems were used and listed
in Table 2. To simplify the test, the angle of the
user’s head movement is only set to 90 degree.

<Figure 8> shows the subjective listening test
results. For all test items, ‘DECODED’ shows a
slightly better sound quality than ‘PROPOSED’
and has a slightly higher absolute score than
‘PROPOSED’. Nevertheless, since the confidence
interval of ‘DECODED’ and ‘PROPOSED’ is
overlapped, they have the statistically same sound
quality. From the experimental results, it is
confirmed that the proposed binaural decoding
process with the sound scene control can
successfully generate the binaural sound with the
controlled sound scene while maintaining the

good sound quality.

#1. A8 ololg

Table 1. Test materials

Material Description
ARL applause Ambience
Chostakovitch Music (back: direct)
Fountain music Pathological

B2 AE A

Table 2. System under test

Classification Description
REF Binaural sound generated with directly
panned original multi-channel signals
Binaural sound generated with directly
DECODED | panned decoded multi-channel signals
in the SSLCC
Binaural sound generated with the
PROPOSED | sound scene controlled multi-channel
signals using SSC module
100 - - - -
a0
. I1
o1 :
70
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0
a8 0B o 8 B @ 9 B 9 D i
[a} n 3 [a} u o« fa) v o fal u o
Q o o o o o o o
PE §: §: 8

ARL_applause Chostakovitch Fountain_music Total average

Figure 8. Subjective listening test results

5. Conclusion

In this paper, we proposed the sound scene
control scheme of the binaural sound in the
multi-channel audio coding for generating more
realistic audio sound in the VR or AR service. In
the proposed method, the multi-channel gain

factors and the stereo down-mix signal are

- 183 -



Journal of Knowledge Information Technology and Systems(JKITS), Vol. 12, No. 1, pp. 177-185, February 2017

modified based on the new multi-channel layout
to be re-arranged according to the user’s head
movement. The experimental results show that the
proposed sound scene control scheme of the
binaural sound in the multi-channel audio coding
can successfully generate the binaural sound with
the controlled sound scene while maintaining the
good sound quality. Since the proposed sound
scene control scheme considers the user’s head
movement, the azimuth control of the sound
scene is only possible. As a future work, the
more reliable sound scene control considering the
user’s free movement in the VR or AR will be
studied.
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