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Abstract—This paper proposes a new virtual sound source
rendering method based on distance control to penetrate listen-
ers using surround parametric-array loudspeakers (PALs) and
electrodynamic loudspeakers (EDLs). Our method utilizes direct-
to-reverberation ratio (DRR) control of room impulse responses
and in-head localization based on interaural level difference
(ILD) control with a virtual headphone. For distance control
between the listener and the remote loudspeakers, we employ the
DRR based on the amplitude panning for surround PALs and
EDLs. For distance control centered on the listener, we use ILD
control based on amplitude panning for the virtual headphones
using surround PALs. Additionally, the type of control used is
switched at a certain boundary distance, and gain coefficients
are calculated for the positions and times of the moving sound
images to achieve effective virtual sound source rendering. We
also report on the results of evaluation experiments conducted
to confirm the effectiveness of the proposed method.

I. INTRODUCTION

Three-dimensional sound field reproductions [1], [2], [3],
[4] have been proposed as ways to achieve sound fields with
high presence levels in theaters, on virtual live stages, and for
telecommunications purposes. Such methods include binaural
systems [5] based on microphones and headphones mounted
in dummy heads, in which the head-related transfer function
(HRTF) provides the handover function between the sound
source and the listener’s ears. In this method, HRTFs are
measured under various conditions in advance, and binaural
sounds are created by convolving a dry source and the HRTFs.
The binaural sounds are then presented to the listeners via
headphones. Although these systems are effective, they re-
quire the measurement of multiple personal HRTFs, which
is very difficult. In contrast, transaural systems [6], which
use numerous remote loudspeakers, reproduce sound fields by
setting up appropriate multi-channel inverse filters between the
remote loudspeakers and the listener’s ears. However, these
systems require expensive computations as well as numerous
loudspeakers. Therefore, at present, surround-sound audio
systems [7], which include channel-, object-, and scene-based
systems, provide the most practical way to achieve sound
fields with high presence levels. To date, proposed channel-
based stereo systems include 5.1 ch and 22.2 ch surround
systems [8][9]. However, those systems still present sound
sources at the loudspeaker positions and thus require numerous
loudspeakers to achieve effective sound fields. Separately,
object-based systems, such as that proposed by Dolby Atmos

[10], use numerous loudspeakers to present multiple sound
objects that are positioned as virtual sound sources (VSSs)
based on amplitude panning [11], [12], while scene-based
systems, such as high-order ambisonic (HOA) [13] and wave
field synthesis (WFS) systems [1], [14] present VSSs using nu-
merous loudspeakers. However, in cases involving small-scale
loudspeaker setups, these surround systems have distance-
related problems when presenting VSSs. To address this
problem, we previously focused on the direct-to-reverberant
ratio (DRR) [15], which is a distance localization cue, and
proposed a distance control method for VSSs that uses small
numbers of parametric-array loudspeakers (PALs) and electro-
dynamic loudspeakers (EDLs) [16]. PAL systems[17], which
can achieve superior directivity using rectilinear ultrasonic
waves, emit sounds with high-amplitude direct waves and low-
amplitude reverberations (i.e., high DRRs), which cause their
VSSs to be perceived as being closer to the listener. In contrast,
the emitted sounds for EDL systems have low DRRs, which
cause their VSSs to be perceived as being farther away from
the listeners. In our previously proposed method, we utilized
the DRR differences between PAL and EDL loudspeakers to
present VSS movement. However, that method had difficulty
presenting a VSS capable of penetrating the listeners because
the moving VSS was stopped at an out-of-head position. In
this paper, penetrating the listeners is defined as the VSS
movements connecting an out-of-head position to another out-
of-head position through an in-head position. This can provide
experience of augmented reality (AR) beyond reality in sound
AR contents including the tele-existence systems, AR movies
and AR attractions.

With that issue in mind, this paper proposes a new VSS
rendering technique based on distance control for surround
PALs and EDLs that is capable of penetrating listeners. To
accomplish this, we utilize DRR control of room impulse
responses and in-head localization based on the interaural level
difference (ILD), which is a near field distance localization
cue, to control virtual headphones. To facilitate distance con-
trol between the listeners and the surround loudspeakers, the
proposed method employs DRR control based on amplitude
panning for surround PALs and EDLs. For distance control
that penetrates the listener, the proposed method employs ILD
control using surround PALs based on amplitude panning for
the virtual headphone. To achieve VSS rendering, the type of
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Fig. 1. Overview of the proposed method.

control used is switched at a certain boundary distance, and
gain coefficients are calculated for the positions and times of
the VSS movements. The effectiveness of the proposed method
was confirmed through evaluation experiments.

II. VSS RENDERING BASED ON DISTANCE CONTROL TO
PENETRATE LISTENERS USING PALS AND EDLS

A. Overview of the proposed method

As stated above, this study proposes a new VSS rendering
method based on distance control to penetrate listeners using
surround PALs and EDLs. Figure 1 shows an overview of the
proposed method, in which we use four PALs and four EDLs.
In this figure, the F section covers the 0◦ directions, the L
section covers the 270◦ directions, the R section covers the
90◦ directions, and the B section covers the 180◦ directions.
The F section is split between FL (−45◦) and FR (45◦),
while the B section is split between BL (225◦) and BR
(135◦). Additionally, FA is the front area (−45◦ ∼ 45◦),
RA is the right area (45◦ ∼ 135◦), BA is the back area
(135◦ ∼ 225◦), and LA is the left area (225◦ ∼ 315◦).
Furthermore, t is time, r(t) is the VSS distance, and θ(t) is the
VSS direction. Finally, r(t) and θ(t) are the input parameters.
In this method, the VSS can be positioned in a location where
it is surrounded by the FL, FR, BR, and BL, as shown in
Fig. 1. The proposed method switches two processes for the
out-of-head and in-head positions at a boundary distance of ξ.
For the out-of-head positions, four PALs and four EDLs are
utilized to control the DRR. For the in-head positions, the ILD

is controlled by four PALs. The output signals are projected
from the VSS coordinates of each area to the FA, which is their
intended destination. Next, to reinforce projection to the VSS
coordinates of each area, the output channels of the designed
signals are selected. The proposed method designs output
signals by calculating the gain coefficients for the positions
and times of the VSS movements. Thus, in a moving VSS,
the gain coefficients for the output signals become a weighting
function in the time domain. Section II-B describes the output
signal design and the output channel selection process for
the out-of-head position, while Sec. II-C describes the output
signal design and the output channel selection process for the
in-head position.

B. Output signal design and output channel selection for the
out-of-head position.

First, the projection of the VSS direction from each area to
the FA is calculated as follows:

θF (t) =


θ(t) if FA : (−45◦ ≤ θ(t) < 45◦),

θ(t)− 90◦, if RA : (45◦ ≤ θ(t) < 135◦),

θ(t)− 180◦, if BA : (135◦ ≤ θ(t) < 225◦),

θ(t)− 270◦, if LA : (225◦ ≤ θ(t) < 315◦),

(1)

where θF (t) is the projected VSS direction and θ(t) is the
original VSS direction shown in Fig. 2. The out-of-head
condition is as follows:

ξ cos 45◦

cos(θF (t))
≤ r(t) ≤ d cos 45◦

cos(θF (t))
, (2)

where ξ is the boundary distance, d is the distance between
the listener and the remote loudspeaker, and r(t) is the VSS
distance.

Figure 2 shows an overview of the output signal design for
the out-of-head condition. As can be seen, the output signals
for the out-of-head position are designed so that the VSS is
located in the FA and two PALs and two EDLs are utilized
for the FA. The weighting functions for the VSS direction are
calculated as follows:

gL(t) =

√
45◦ − θF (t)

90◦
, (3)

gR(t) =

√
45◦ + θF (t)

90◦
(4)

where gL(t) and gR(t) are the weighting functions for the
directions of the left- and right-side loudspeakers, respectively.
The weighting functions for the VSS distance are calculated
as follows:

αF (t) =

√
r(t) cos(θF (t))− ξ cos(45◦)

(d− ξ) cos(45◦)
, (5)

βF (t) =

√
d cos(45◦)− r(t) cos(θF (t))

(d− ξ) cos(45◦)
, (6)

where αF (t) and βF (t) are the weighting functions for the
distance of the EDLs and PALs, respectively.
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Fig. 2. Overview of front area output signal design.

The output signals for the FA are calculated as follows:

ŷD1
(t) = βF (t)gL(t)(1 + s(t))c(t), (7)

ŷD2
(t) = βF (t)gR(t)(1 + s(t))c(t), (8)

x̂D1
(t) = αF (t)gL(t)s(t), (9)

x̂D2
(t) = αF (t)gR(t)s(t), (10)

where c(t) is the ultrasonic carrier wave, s(t) is the input
signal of the audible sound, ŷD1

(t) is the output signal for the
PAL in the FL direction, ŷD2(t) is the output signals for the
PALs in the FR direction, x̂D1(t) is the output signal for the
EDL in the FL direction, and x̂D2(t) is the output signal for the
EDL in the FR direction. These outputs achieve DRR control
for both the distance and the amplitude direction panning. To
achieve back projection to the VSS coordinates of each area,
the following output channels are selected for the designed
signals:

• xFL(t): EDL in the FL direction.
• xFR(t): EDL in the FR direction.
• xBL(t): EDL in the BL direction.
• xBR(t): EDL in the BR direction.
• yFL(t): PAL in the FL direction.
• yFR(t): PAL in the FR direction.
• yBL(t): PAL in the BL direction.
• yBR(t): PAL in the BR direction.
For the FA of the out-of-head position, the output channels

are selected as follows:

xFL(t) = x̂D1
(t), (11)

xFR(t) = x̂D2
(t), (12)

yFL(t) = ŷD1
(t), (13)

yFR(t) = ŷD2(t), (14)
xBL(t) = xBR(t) = yBL(t) = yBR(t) = 0. (15)

For the RA of the out-of-head position, the output channels
are selected as follows:

xFR(t) = x̂D2
(t), (16)

xBR(t) = x̂D1
(t), (17)

yFR(t) = ŷD2
(t), (18)

yBR(t) = ŷD1
(t), (19)

xFL(t) = xBL(t) = yFL(t) = yBL(t) = 0. (20)

For the BA of the out-of-head position, the output channels
are selected as follows:

xBL(t) = x̂D1
(t), (21)

xBR(t) = x̂D2
(t), (22)

yBL(t) = ŷD1
(t), (23)

yBR(t) = ŷD2
(t), (24)

xFL(t) = xFR(t) = yFL(t) = yFR(t) = 0. (25)

For the LA of the out-of-head position, the output channels
are selected as follows:

xFL(t) = x̂D1(t), (26)
xBL(t) = x̂D2

(t), (27)
yFL(t) = ŷD1

(t), (28)
yBL(t) = ŷD2

(t), (29)
xFR(t) = xBR(t) = yFR(t) = yBR(t) = 0. (30)

C. Output signal design and output channel selection for the
in-head position

The projection of the VSS direction from each area to the
FA is the same as in the case of out-of-head position shown
in Eq. (1). The out-of-head condition is as follows:

0 ≤ r(t) <
ξ cos 45◦

cos(θF (t))
. (31)

Figure 3 shows an overview of the output signal design for the
in-head position. As shown in Fig. 3, the output signals for
the in-head position are designed under the assumption that
the VSS is located in the front area. For the in-head position,
four PALs are utilized but no EDLs are used. The weighting
functions for the VSS direction are calculated using Eqs. (3)
and (4) in the same way as for the out-of-head position. For the
in-head position, the weighting functions for the VSS distance
are calculated as follows:

γF (t) =

√
ξ cos(45◦) + r(t) cos(θF (t))

2ξ cos(45◦)
, (32)

γB(t) =

√
ξ cos(45◦)− r(t) cos(θF (t))

2ξ cos(45◦)
, (33)

where γF (t) and γB(t) are the weighting functions for the
PALs in the front and back directions, respectively. The output
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Fig. 3. Overview of the output signal design of the proposed method for the
FA of the in-head position.

signals for the in-head position in the FA are calculated as
follows:

ŷC1
(t) = γF (t)gL(t)(1 + s(t))c(t), (34)

ŷC2
(t) = γF (t)gR(t)(1 + s(t))c(t), (35)

ŷC3
(t) = γB(t)gL(t)(1 + s(t))c(t), (36)

ŷC4
(t) = γB(t)gR(t)(1 + s(t))c(t), (37)

where ŷC1(t) is the output signal for the PAL in the FL
direction, ŷC2

(t) is the output signal for the PAL in the
FR direction, ŷC3

(t) is the output signal for the PAL in
the BL direction, and ŷC4

(t) is the output signal for the
PAL in the FR direction. These output signals achieve both
ILD distance control and direction amplitude panning. To
facilitate back projection to the VSS coordinates of each area,
output channels are selected for the designed signals. Those
output channels are as same as those used for the out-of-head
position, but no EDLs are used.

xFL(t) = xFR(t) = xBL(t) = xBR(t) = 0. (38)

For the FA of the in-head position, the output channels are
selected as follows:

yFL(t) = ŷC1(t), (39)
yFR(t) = ŷC2(t), (40)
yBL(t) = ŷC4(t), (41)
yBR(t) = ŷC3

(t). (42)

For the RA of the in-head position, the output channels are

TABLE I
EXPERIMENTAL EQUIPMENT.

PAL MITSUBISHI, MSP-50E
EDL ELAC, BS302
Power amplifier YAMAHA, XM4180
Dummy head microphone NEUMANN, KU100
Microphone SENNHEISER, MKH8020
Audio interface RME, Fireface UFX II

TABLE II
EXPERIMENTAL CONDITIONS.

Boundary distance ξ = 0.25 m
Reverberation time T60 = 750 ms
Sampling frequency 96 kHz
Quantization 16 bits

selected as follows:

yFL(t) = ŷC4(t), (43)
yFR(t) = ŷC1(t), (44)
yBL(t) = ŷC3(t), (45)
yBR(t) = ŷC2(t). (46)

For the BA of the in-head position, the output channels are
selected as follows:

yFL(t) = ŷC3(t), (47)
yFR(t) = ŷC4(t), (48)
yBL(t) = ŷC2(t), (49)
yBR(t) = ŷC1(t). (50)

For the LA of the in-head position, the output channels are
selected as follows:

yFL(t) = ŷC2(t), (51)
yFR(t) = ŷC3(t), (52)
yBL(t) = ŷC1(t), (53)
yBR(t) = ŷC4(t). (54)

III. OBJECTIVE EVALUATION EXPERIMENTS

To confirm the effectiveness of the proposed method, we
used the EDL to evaluate the ILD and DRR using room
impulse responses measured via the TSP method [18] at real
sound source (RSS) positions. The proposed method measures
room impulse responses at the positions described above and
recomposites the room impulse responses corresponding to
the VSS positions. The ILD is evaluated under both in-head
and out-of-head conditions, while the DRR is evaluated solely
under the out-of-head condition.

A. Experimental conditions for objective evaluation with ILD

Tables I, II, and III show the experimental equipment, exper-
imental conditions, and experimental conditions for the PAL,
respectively. We conducted evaluations using the following
two methods:

• RSS: RSS using EDL.
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TABLE III
PAL EXPERIMENTAL CONDITIONS.

Carrier frequency 40 kHz
Modulation method AM-DSB

(a) RSS using EDL

(b) VSS with the proposed method
Fig. 4. Experimental arrangement for evaluating ILD under the out-of-head
condition.

• VSS: VSS using the proposed method.
For ILD evaluations under the out-of-head condition, Figure

4(a) shows the experimental arrangement of the dummy head
microphone at the listener position and the RSS positions
using the EDL, while Figure 4(b) shows the experimental
arrangement of the dummy head microphone at the listener
position and the VSS positions using the proposed method.

For ILD evaluations under the in-head condition, Figure
5(a) shows the experimental arrangement of the dummy head
microphone at the listener position and the RSS positions
using the EDL, while Figure 5(b) shows the experimental
arrangement of the dummy head microphone at the listener
position and the VSS positions using the proposed method.
The ILD is calculated as follows:

ILD = 10 log10

∑TD−1
t=0 p2L(t)∑T ′−1
t=0 p2R(t)

, (55)

where pL(t) and pR(t) are room impulse responses measured
at the left and right ear positions of the dummy head micro-
phone, T ′ is the length of the room impulse response. In the
out-of-head condition, as the ILD of the RSS (Real) and VSS

(a) RSS using EDL

(b) VSS with the proposed method
Fig. 5. Experimental arrangements for evaluating the ILD under the in-head
condition.

(Proposed) become closer, the reproduction performance im-
proves. Additionally, the average absolute value ILD (|ILD|)
is calculated as follows:

|ILD| = 1

M

M∑
m=1

|ILDm | . (56)

where M(M = 10) is the total number of RSS or VSS
positions and ILDm is the ILD calculated from the room
impulse response measured at the m-th position of the RSS
or VSS. In the in-head condition, as the |ILD| becomes closer
to 0 dB, the in-head localization becomes higher.

B. Experimental results for objective evaluation with ILD

Table IV shows the ILDs calculated from measured or
recomposited room impulse responses at each RSS and VSS
position. From Table IV, it can be seen that in the directions
of 0, 45, and 180 degs., good performance was confirmed
because the errors between RSS and VSS were about 2 dB.
In contrast, compared with the other directions, performance
was degraded in the directions of 90 and 135 degs. because the
errors between the RSS and VSS exceeded 4 dB. A particularly
large error is shown for the condition that includes the PAL
in the BA. This suggests that the direct PAL wave is affected
by the pinna of the listener’s ears. Nevertheless, we confirmed
that the proposed method achieves an overall good level of
performance.
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TABLE IV
ILDS CALCULATED FROM MEASURED OR RECOMPOSITED ROOM IMPULSE

RESPONSES.

Distance, Direction RSS VSS
0.3 m, 0 degs. 0.5 dB 0.1 dB
0.3 m, 45 degs. -17.3 dB -15.9 dB
0.3 m, 90 degs. -19.9 dB -12.7 dB
0.3 m, 135 degs. -18.1 dB -11.2 dB
0.3 m, 180 degs. 2.0 dB 0.1 dB
0.4 m, 0 degs. 0.5 dB 0.1 dB
0.4 m, 45 degs. -14.9 dB -14.5 dB
0.4 m, 90 degs. -17.7 dB -11.9 dB
0.4 m, 135 degs. -15.4 dB -10.1 dB
0.4 m, 180 degs. -0.3 dB -0.1 dB
0.5 m, 0 degs. 0.7 dB 0.2 dB
0.5 m, 45 degs. -15.1 dB -13.6 dB
0.5 m, 90 degs. -16.3 dB -11.3 dB
0.5 m, 135 degs. -13.5 dB -9.5 dB
0.5 m, 180 degs. 0.6 dB -0.2 dB

Fig. 6. Results for |ILD| for in-head localization in an objective evaluation
experiment.

Figure 6 shows the experimental results for |ILD| for the in-
head condition. From Fig. 6, we confirmed that the proposed
method achieves a higher level of in-head localization than the
real sound source because the |ILD| of the VSS is closer to 0
dB than that of the RSS.

C. Experimental conditions for objective evaluation with DRR

Tables I, II, and III show the experimental equipment,
experimental conditions, and experimental conditions for the
PAL, respectively. These conditions are the same as those used
in the objective evaluation of the ILD. We also evaluated the
DRR under the RSS and VSS conditions.

For DDR evaluations performed under the out-of-head con-
dition, Figure 7(a) shows the experimental arrangement of
the dummy head microphone at the listener position and the
RSS positions used for the EDL, while Figure 7(b) shows
the experimental arrangement of the dummy head microphone
at the listener position and the VSS positions used with the
proposed method. The DRR is calculated as follows:

(a) RSS using EDL

(b) VSS with the proposed method
Fig. 7. Experimental arrangement for evaluating the DRR under the out-of-
head condition.

TABLE V
DIRECT-TO-REVERBERANT RATIOS CALCULATED FROM IMPULSE

RESPONSES.

Distance, Direction RSS VSS
0.3 m, -45 degs. 14.6 dB 16.1 dB
0.3 m, 0 degs. 13.2 dB 11.1 dB
0.3 m, 45 degs. 14.9 dB 17.0 dB
1.0 m, -45 degs. 4.6 dB 3.6 dB
1.0 m, 0 degs. 4.7 dB 5.4 dB
1.0 m, 45 degs. 5.4 dB 3.6 dB
2.0 m, -45 degs. 1.9 dB 1.9 dB
1.4 m, 0 degs. 2.8 dB 4.2 dB
2.0 m, 45 degs. 1.8 dB 1.8 dB

DRR = 10 log10

Td−1∑
n=0

p2e(n)

T ′−1∑
n=Td

p2e(n)

, (57)

where pe(n) is the measured or recomposited impulse re-
sponse, Td(= 7 ms) is the length of the direct sound, and T ′

is the length of pe(n). A higher DRR value indicates that the
VSS is perceived as being close to the listener.

D. Experimental results obtained by objective evaluation on
DRR

Table V shows the DRRs calculated from measured or
recomposited room impulse responses at each RSS and VSS
position. From Table V, we confirmed that the proposed
method could approximate the real sound source DRR because
the DRR error is approximately 3 dB.
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TABLE VI
MOVING SENSATION EVALUATION INDEX WITHOUT LISTENER

PENETRATION.

Score Impairment
5 Smooth movement
4 Movement with some discomfort
3 Uncomfortable movement
2 Slight movement
1 No movement

TABLE VII
MOVEMENT SENSATION EVALUATION INDEX WITH LISTENER

PENETRATION.

Score Impairment
5 Clear in-head penetration
4 A slight feeling that something is wrong,

but with in-head penetration
3 A clear feeing that something is wrong,

but with in-head penetration
2 Slight in-head penetration
1 No in-head penetration

IV. SUBJECTIVE EVALUATION EXPERIMENT

Next, using the mean opinion score (MOS) [19], we con-
firmed the effectiveness of the proposed method by evaluating
the movement sensations for the VSS with and without head
penetration. This evaluation was performed using both the
proposed method and by moving the EDL (RSS).

A. Experimental conditions for subjective evaluation

Tables I, II, and III show the experimental equipment,
experimental conditions, and experimental conditions for the
PAL, which were the same as those used in the objective eval-
uation with the ILD. We also conducted movement sensation
evaluations under RSS and VSS conditions for five subjects.
The movement sensation was evaluated using five-level MOS
values under two different conditions: one in which the moving
sound source did not penetrate the listener and the other with
listener penetration. Table VI, shows the moving sensation
evaluation index without listener penetration. Table VII, shows
the evaluation index of the moving sensation with listener
penetration. Table VIII, shows the experimental conditions
used for the subjective evaluations. Two methods and two dry
sound sources were evaluated as follows:

• RSS (White): EDL (RSS) is moved manually (white
noise).

• RSS (Canon): EDL (RSS) is moved manually (Pachel-
bel’s Canon).

• VSS(White): VSS is reproduced with the proposed
method (white noise).

TABLE VIII
EXPERIMENTAL CONDITIONS FOR SUBJECTIVE EVALUATIONS.

Dry sound sources White noise (0 to 8 kHz, 8 s),
Pachelbel’s Canon (8 s) with electro bass

Movement speed 0.5 m/s (FR to BL),
(Path and direction) 0.35 m/s (F to B)

Fig. 8. Path and direction from F to B for manual EDL movement (side view).

(a) Front and back directions (b) Diagonal directions
Fig. 9. Path and direction of RSS or VSS movement and the front direction
of the head.

• VSS (Canon): VSS is reproduced with the proposed
method (Pachelbel’s Canon).

Figure 8 shows the side view of the path and the direction
of real sound source movement with the EDL for F to B. As
shown in Fig. 8, the EDL is moved in a manner that avoids a
collision with the head. Figure 9 shows the paths and directions
of RSS or VSS movement and the front direction of the head
Figure 10 shows the weighting function with the proposed
method when the path and direction are from FR to BL.

B. Experimental results with subjective evaluation

Figure 11 shows the MOS values for the movement sensa-
tion without listener penetration. As shown in Fig. 11, we
confirmed that the RSS and VSS provide good movement
sensations for the path without listener penetration because
both MOS values are above 4.0. This result is particularly
noteworthy because it shows that the proposed method can
smoothly move the VSS even at the boundary distance.

Fig. 10. Weighting function with the proposed method (FR to BL).
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Fig. 11. MOS values for movement sensation without listener penetration.

Fig. 12. MOS values for the movement sensation with listener penetration.

Figure 12 shows the MOS values for the movement sensa-
tion condition with listener penetration. As shown in Fig. 12,
the MOS value for the RSS is about 2.0, and that for the VSS
is about 4.0. These results confirm that the VSS is superior to
the RSS for the movement sensation condition with listener
penetration. We can also see that the MOS value for the RSS
is reduced because the RSS moves so that the EDL avoids a
collision with the head, as shown in Fig. 8. On the other hand,
the VSS MOS value is good because the proposed method can
smoothly move the VSS from an out-of-head to an in-head
position and from an in-head to an out-of-head position.

V. CONCLUSIONS

In this paper, we proposed a new virtual sound source
rendering system based on distance control that can be used
to penetrate listeners using surround PALs and EDLs. We
also reported on objective and subjective evaluations that were
performed and their results, which confirmed the effectiveness
of the proposed method. It was particularly noteworthy that,
in terms of listener penetration, the movement sensation pro-
duced by the proposed method was superior to that achieved
when actually moving the sound source. In the future, we
intend to extend the proposed method to a three-dimensional
surround sound system by including vertical direction ele-
ments.
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