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ABSTRACT

A method for high definition virtual acoustic display (VAD) based
on a model called the “Virtual Sphere (VS) model” is introduced
[S. Takane et al., Proc. ICAD2002(2002)]. This is named ADVISE
(Acoustic Display based on the VIrtual SpherE model). In this pa-
per, sound reproduction accuracy of ADVISE is first discussed via
a computer simulation. Based on the simulation results, a prac-
tical way to determine necessary parameters for ADVISE is dis-
cussed, and these parameters are approximately given for the im-
plementation under reasonable assumptions. Then, a real-time im-
plementation of ADVISE is introduced. This system is realized as
a binaural VAD with five floating-point DSPs (Texas Instruments
TMS320C6701) hosted by a PC. Consideration of hardware per-
formance and the programming in each DSP and the host computer
is also mentioned. Results of a preliminary hearing experiment
with this system showed a satisfactory performance.

1. INTRODUCTION

A method for high definition virtual acoustic display (VAD) based
on a model called the “Virtual Sphere (VS) model” has been in-
troduced [1]. This method is named ADVISE (Acoustic Display
based on the VIrtual SpherE model)[2]. The Kirchhoff-Helmholtz
boundary integral equation is applied as the theoretical basis of
ADVISE. This equation asserts that a sound field generated by
sound sources outside a certain closed boundary can be synthe-
sized by phantom monopole and dipole sources distributed on the
VS boundary. To implement this idea, a virtual boundary of spher-
ical shape (named the VS boundary) is set around a listener, and
sound transmission from the sound sources to the listener is di-
vided by the VS boundary into two parts. One is the transmission
system involving the transfer functions from the sound sources
to the points on the VS boundary. These transfer functions re-
flects the acoustic properties of the sound field to be reproduced.
They are called Room Transfer Functions (RTFs). The other part
is the transmission system involving the Head-Related Transfer
Functions (HRTFs) corresponding to the location of the phantom
sources on the VS boundary. Sound pressure at the entrance of
the listener’s ears is reproduced by convolving the corresponding

RTFs and HRTFs for each direction and then by summing the re-
sults for all directions around the listener. By this dividing, the
change of the sound pressure at the listener’s ears caused by the
movement of the listener within VS, can be traced by changing
only the HRTFs for the phantom sources distributed on the VS
boundary. Moreover, the sound pressure in a certain sound field
can be simultaneously presented to different listeners with differ-
ent movement if the set of HRTFs for each listener may be pro-
vided. In this paper, practical implementation of ADVISE are dis-
cussed in three points. Firstly, sound reproduction accuracy is ex-
amined via a computer simulation. A real-time system based on
ADVISE is then developed by using multiple DSPs hosted by a
PC. Some approximations required in the development are addi-
tionally mentioned, and the results of a simple hearing experiment
are also stated.

2. SOUND REPRODUCTION ACCURACY IN ADVISE

To examine the sound reproduction accuracy in ADVISE, a simple
computer simulation was carried out with assuming the listener’s
head as an acoustically rigid sphere.

2.1. Conditions of the computer simulaton

The system to be simulated is illustrated in Figure 1, and the condi-
tions of the computer simulation is depicted in Table 1. The sound
field with a sound source located 2 m distant from the listener in
free field was reproduced by using the method of ADVISE. Radius
of the rigid sphere a was set to 8.5 cm refering to the size of the
human head. The angle of incidence was 0, 45 and 90 deg., where
0 deg. indicates the sound source located in front of the listener,
and 90 deg. means the sound source at the right of the listener. Ra-
dius of the virtual sphere boundary r was set to 0.25, 0.5 and 1.0
m, and the distance between adjacent nodal points D was 5 and
10 cm. The smaller the radius of the virtual sphere boundary is,
the smaller the number of nodal points on the boundary becomes.
These conditions are summarized in Table 1. The interval between
r
+
i and r�i is indicated as Æ. This interval was constant over every

nodal point i and was set to 2, 4 and 8 cm. This parameter af-
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fects the accuracy in observing the normal derivative of the sound
pressure at ri.
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Figure 1: Setup of the computer simulation

Table 1: Conditions of the computer simulation
Condition Value

Radius of sphere a 8.5 [cm]
Sound source distance s 2 [m]
Angle of incidence 0, 45, 90 [deg.]
Radius of VS boundary r 0.25, 0.5, 1.0 [m]
Distance between adjacent
nodal points D

5, 10 [cm]

Æ 2, 4, 8 [cm]

Under these conditions, an error level of the reproduced sound
field at the points corresponding to the listener’s ears were com-
puted. This error levels at the listener’s both ears are defined as
follows:

EL(!) = 20 log10

�
�
�
�

PL(!)� P 0

L(!)

PL(!)

�
�
�
�

[dB] (1)

ER(!) = 20 log10

�
�
�
�

PR(!)� P 0

R(!)

PR(!)

�
�
�
�

[dB] (2)

where PL(!) and P 0

L(!) respectively indicate the sound pressure
at the point corresponding to the listener’s left ear in the origi-
nal sound field and the reproduced sound field. The same relation
stands for the suffix R as well.

2.2. Results and discussion

Figures 2 and 3 respectively show the frequency characteristics of
EL(!) and ER(!) for various directions of the sound source when
the radius of the VS is 25 cm. Solid line indicates the character-
istics when the source direction is 0 deg., and the dash interval of
the dashed lines becomes small as the direction angle of the source
increases. These figures show that the error level of the reproduced
sound pressure by ADVISE are less than about �20 dB for almost

entire frequency range calculated. As the simulated sound source
locates at the right side of the listener, the left ear locates contralat-
eral, i.e. shadow side, to the sound source and the right ear locates
ipsilateral. Hence only the sound diffracted by the rigid sphere ar-
rives at the left ear, and the power of the observed response at this
point is smaller than that at the right ear. These figures indicate
that this affects the characteristics of error levels at each ear, that
is, EL(!) is higher than ER(!) when the source direction is not
0 deg. Moreover, the abrupt increase of the error level at around
1950 Hz is observed in both panels when the angle of incidence is
90 deg. The reason for this phenomenon is that the element size
of the divided VS boundary is no more small comparing with the
wavelength corresponding to this frequency, and the error due to
this is emphasized by the convolution of HRTFs.

Figures 4 and 5 show the frequency characteristics of EL(!)
and ER(!) for various directions of the sound source when the
radius of the VS is 50 cm. Overall tendency is the same as shown
in Figures 2 and 3, except that the abrupt increase of the error level
can no longer be observed even when the angle of incidence is 90
deg. Error level decreases, that is, the sound reproduction accuracy
in ADVISE becomes higher than that when the radius of the VS is
25 cm. However, the enlargement of the VS leads to the increase
in the number of the phantom sources and thus the increase in the
processing power to convolve RTFs and HRTFs. There exists a
tradeoff between the system size determined by the radius of the
VS and the sound reproduction accuracy obtained.
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Figure 2: Frequency characteristics of the error level of the repro-
duced sound pressure at the point corresponding to the listener’s
left ear, for three angles of incidence; D = 10 cm, Æ = 2 cm,
r = 25 cm.

3. DEVELOPMENT OF ADVISE WITH MULTIPLE DSPS

The results of the computer simulation in 2 indicate that the sound
pressure at the listener’s ears can be accurately synthesized by us-
ing the VS model in ADVISE. In the following subsections, devel-
opment of a real-time system based on ADVISE is introduced.
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Figure 3: Frequency characteristics of the error level of the repro-
duced sound pressure at the point corresponding to the listener’s
right ear, for three angles of incidence; D = 10 cm, Æ = 2 cm,
r = 25 cm.
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Figure 4: Frequency characteristics of the error level of the repro-
duced sound pressure at the point corresponding to the listener’s
left ear, for three angles of incidence; D = 10 cm, Æ = 2 cm,
r = 50 cm.

3.1. Parameters required in ADVISE and their setting

Considering the practical implementation, the following parame-
ters are required to develop the acoustic displays based on AD-
VISE:

1. Sound pressure and its normal derivative at the points on
the VS

2. HRTFs for the points on the VS

Parameters of the first item can be synthesized from RTFs and the
source signals, and the normal derivative of sound pressure can be
approximated by the difference of sound pressure at two closely
located points. Hence, RTFs and HRTFs for the points on the VS
boundary as well as the source signals are required.
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Figure 5: Frequency characteristics of the error level of the repro-
duced sound pressure at the point corresponding to the listener’s
right ear, for three angles of incidence; D = 10 cm, Æ = 2 cm,
r = 50 cm.

As for HRTFs, some databases exist measured for a dummy-
head or human subjects[3, 4]. HRTFs for the points on the VS
boundary must be provided for the monopole sources. Since ideal
point sources are hardly available in practice, possible differences
between HRTFs measured by using a loudspeaker and those by us-
ing a point source is discussed via a simple computation. Figure 6

point source

r=1.5mr=1.5m

a=0.1m

Figure 6: A point source and planar source on baffle

is an illustration of a point source and a planar source of which
radius is 0.1 m on an infinite baffle. Sound pressures at the point
of the same distance (1.5 m) from the point source and the planar
source are computed, and the error level is plotted in Figure 7. The
result shows that the error level is small in low frequency region,
while it increases in high frequency region. In this condition, the
error level is less than �20 dB when the frequency is less than 2
kHz. This error level increases as the distance from these sources
are small. This implies that HRTFs measured by using ordinary
loudspeakers may contain larger errors as the radius of the VS be-
comes smaller.

HRTFs for two closely located points at the VS boundary are
also needed in ADVISE. When HRTFs can be approximated by re-
garding listener’s head as acoustically rigid sphere, and the radius
of the the VS boundary is sufficiently large, the following approx-
imation is possible[5] for HL(ri; !) (using the same notation as
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Figure 7: Error level between the sound pressure radiated by a
point source and that by a planar source in infinite baffle.

that in the accompanying paper by the authors[2]):

HL(ri +�ri; !) � HL(ri; !) �
1

1 + Æi=ri
e�jkÆi ; (3)

where ri = jrij, Æi = j�rij, k = !=c and c is the speed of
sound. The same approximation is also possible for HR(ri; !).
Validity of this approximation is examined by computing the fol-
lowing equation with HRTFs measured in an anechoic room:

E�(!) = 20 log10

�
�
�
�

�HM(!)��HA(!)

�HM(!)

�
�
�
�
; (4)

where�HM(!) is the calculated difference from measured HRTFs
and �HA(!) is that computed from the above approximation of a
head as being a rigid sphere. Frequency characteristics of E�(!)
at the distance ri = 1:5 m for various Æi are shown in Figure 8. It
is notable that the error levels are relatively large at very low fre-
quency region for any Æi. Moreover, several peaks due to the ap-
proximation of the derivative to the difference are observed when
Æi is as large as 10 cm and 20 cm. E�(!) smaller than about �20
dB may be obtained from a few hundred Hz to 5 kHz if Æi is set to
5 cm.

If listeners are allowed to translate inside the VS boundary, it
may be difficult to obtain appropriate HRTFs by measurements.
Furthermore, RTFs for the practical room may also be hard to be
obtained with taking their change with the movement of sound
source into account. In these cases, numerical methods such as
Boundary Element Method (BEM) and Finite Element Method
(FEM), etc. would be effective tools to provide even such HRTFs[6,
7, 8, 9].

3.2. Development of a real-time system based on ADVISE

Based on the theory of ADVISE[2], a real-time system has been
developed by using five fast DSPs hosted by a PC. The parame-
ters for ADVISE are determined by referring to the results of the
previous section. Outline of the system is illustrated in Figure 9.
Here, binaural presentation is chosen as the reproduction system.
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Figure 8: Error level of approximation of the left-ear HRTF differ-
ence for various Æi (Azimuth: 45 degrees, distance: 1.5 m)

Transaural system needs real-time processing for the compensa-
tion of the change of the sound transmission systems in the repro-
duction sound field[10, 11], but such a processing is not needed
in a binaural system. Two-dimensional sound field is assumed
as a preliminary investigation. This system consists of a D/A
board, three DSP boards and a magnetic sensor. Position and
head rotation of the listener are sensed by a magnetic sensor (Pol-
hemus FASTRAK), and the obtained data are transmitted in ev-
ery 1/120 s to the DSP boards in serial line with the transmission
rate of 38.4 kbps. Two of the three DSP boards (System Design
Service PCI-DSP26701) are with two DSPs (Texas Instruments
TMS320C6701) each, and the other one DSP board (System De-
sign Service PCI-DSP6701F) is with one DSP and an interface
to the D/A board (System Design Service PC-SAD2080D). Five
DSPs in total are therefore used to execute the signal processing
of ADVISE in real-time. Processings for the phantom sources dis-
tributed on the VS boundary are assigned to each DSP, accord-
ing to their directions. They are indicated as the circles filled
with different patterns in Figure 9. In each DSP, sound pressure
and its derivative, HRTFs and their derivatives are stored in mem-
ory. HRTFs and their derivatives are interpolated from their stored
data, and the sound pressure and its derivative at the points on
the VS boundary is convolved to them in real-time. Results of
the convolution are transmitted from two PCI-DSP26701 boards to
PCI-DSP6701F. Interface between them is McBSP (Multi-channel
Bufferd Serial Port) of which maximum transmission rate is 50
Mbps[12].

In the current development, the sampling frequency is 32 kHz
and the length of FIR filters for HRTFs is set to 128. Moreover,
only the head rotation of the listener is assumed, and all the sound
sources are located outside the VS boundary without any move-
ment. In this case, the source signals and the RTFs can be con-
volved beforehand, and the real-time change is needed only for
the temporal change of the HRTFs caused by the listener’s head
rotation. TMS320C6701 is a floating-point processor with a maxi-
mum processing speed of 1 GFLOPS[13], thus the convolution for
6 phantom sources on the VS boundary is possible in a single DSP
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Figure 9: Outline of the developed real-time system based on AD-
VISE

with taking into account the overhead in each DSP. This means
that 30 phantom sources may be distributed on the VS boundary
by using five DSPs. If the radius of the VS is set to 1.2 m, distance
between the phantom sources is around 0.6 m, which corresponds
to about the twice of the wavelength of 1 kHz sound. Hence the
frequency range is limited to 1 kHz at this stage.

4. HEARING EXPERIMENT

4.1. Conditions of the experiment

A simple hearing experiment investigating the fundamental perfor-
mance of the developed system described in 3.2 is executed. The
experimental setup is depicted in Figure 10.

Virtual sound sources in a free field located on the circle with
1.5 m radius with the interval angle of 30 deg. were simulated.
Sound from either of the virtual sound sources was synthesized by
using the developed system based on ADVISE with the radius of
the VS set to 1.2 m. For comparison, conventional direct synthesis
of the transfer functions from the virtual sound sources to the lis-
tener was also implemented. The sound synthesized by each sys-
tem was presented to the listener through an open-ear type head-
phone with a magnetic sensor fixed on its top. Subject’s head rota-
tion was sensed only for yaw, and the horizontal change in HRTFs
by his rotation was compensated.

HRTFs measured by the authors for a certain male subject and
open in public via WWW[4] were applied to the system. Subjects
are four males with normal hearing, but the used set of HRTFs in
this experiment is corresponding to none of them, i.e., the stimuli
were presented to all subjects processed with the other’s HRTFs.
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Figure 10: Illustration of the hearing experiment

Low-passed white noise with cut-off frequency of 800 Hz was used
as a source signal to each virtual source. Duration of the source
signal was 2 s, and interval between stimlui was 30 s. Each sub-
ject was asked to answer the perceived direction of the presented
sound. Curtain was hung to avoid any visual information around
the listener. Stimulus for one direction was presented 5 times for
each synthesis method, hence a subject listens to 120 stimuli in the
entire experiment, which consists of five sessions.

4.2. Results and discussion

The presented directions and the perceived directions were com-
pared for each method. Results for subjects #1 and #2 are respec-
tively shown in Figures 11 and 12. It is found in Figure 11 that
Sub. #1 can perceive the sound image in the same direction as that
presented. In contrast, Sub. #2 has some front-back confusions
when the presented source direction is near 180 deg., as seen from
Figure 12. These phenomena might reflect how the HRTFs were
close to the subject’s ones. Since non-individual HRTFs were used
for all subjects in this experiment, the front-back confusions may
be attributable to some discrepancies between the subject’s own
HRTFs and those applied to the present system[16, 17].

Comparing two panels in each figure, overall tendency is al-
most the same, i.e., both subjects perceived the sound image syn-
thesized by using both methods in the same manner. This means
that the developed system based on ADVISE has a good basic per-
formance as an auditory display.

5. CONCLUDING REMARKS AND FUTURE WORKS

A preliminary development of a high definition virtual acoustic
display based on ADVISE is introduced in this paper. In the current
stage, two-dimensional sound field with a listener allowed to rotate
the head but staying at the center of the VS can be synthesized by
using a PC with five currently available fast DSPs.

Application of ADVISE to the more practical environments is
possible if the processing power would be further improved. More-
over, the synthesis algorithm used in the implementation can also
be improved. For example, the real-time convolution algorithm
using FFT exists[14] while the conventional time-domain convo-
lution is adopted in the current system. HRTFs can be coded more
effectively than those using the FIR coefficients. One of such
methods is proposed by Watanabe et al.[15].
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Figure 11: Relation of presented direction to perceived direction with each method for Sub. #1
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Figure 12: Relation of presented direction to perceived direction with each method for Sub. #2
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