10

15

20

25

9903 64v7 - 7 26 JUL 1899

METHOD AND APPARATUS FOR SIMULATING A SOUND IN VIRTUAL SPACE TO

HAVE A LISTENER ENJOY ARTIFICIAL EXPERIENCE OF THE SOUND
#

BACKGROUND OF THE INVENTION
Field of the I tion:

The présent invention relates to a method and-apparatus
for determining the acoustic characteristics of a sound in an
arbitrary space to have a listener enjoy his adoustic experience
of the sound of the arbitrary space in a real space.

Mbre.particularly, the present invention relates to a
méthgd and apparatus.for reproducing the sound of the arbitrary
space in the real space on the basis of the acoustic
characteristics of the sound.

b e - .

Some types of methods for calculating the acoustic
characteristics of a sound in an existing rgal space and also in a
virtual spaée have been previously researched. For example, there
aré many conventional wide-use calculuses such as the sound-ray
method, virtual-image method and the like based on the orthodox
geometrical acoustics. However, these calculuses are
disadvantageous in that they ignére wave characteristics of a
sound and phase information in the calculation results to cause a
considerably large calculation error. On the other hand, there are
some calculuses such as the finite element method, boundary

element method and like calculuses, which consider wave
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characteristics of a sound and therefore are excellent in
precision in determining the actual acoustic characteristics of
the sound. However, these calculuses such as the finite element
method and the boundary element method are also disadvantageous in
that a very large volume of calculation is required to obtain the
calcﬁlation result as to a so-called audiofrequency band with a
high frequency such as 16 KHz and the like. These facts make it
very difficult even for a super computer now under development to
obtain the calculation result;

Thus, it is appérent that the need exiéts for a method and
apparatus for determining with high accuracy the acoustic
char#cteristics of a sound in.a relatively short time, the
acoustic characteristics having little error in comparison with
real acoustic éha;acteristics the sound.

The acoustic characteristics to be determined are defined
as a set of sounds reaching a predetermined cbservation point, for
example such as the audience seats, which sounds are derived from
a basic sound based on a single-pulse transient signal with a
sha;p leading edge as is shown in the delta approximate function,
the transient signal serving as the basic sound being produced at
a predetermined position, for example, on a stage and performing
three-dimansional propagation in a space and being reflected by
walls dsfinindlthe space to feach the predetermined cbservation -
point.such'as the audience seats. In general, the sounds in this

set are called the transient respohse signals. Consequently, the
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transient response signals represent a result of overlapping of
the sounds which are derived from the transient signal and reach
the same observation peoint with various time delays from various
directions in the space. By the use of this transient response
signals, it is possible to reproduce voices and sounds such as
music’ and like general sounds. Consequently, it is possible for a
listener to enjoy music discoursed on the stcgé as if he were in
the audience seat in the space.

The acoustic characteristics of a sound, which are
determined according to a first basic method of the present
invention and will be described later in detail, are transient
response signals capable of realizing great reality. Consequently,
such transient responsé.signals form a set of numberless pulses

representing with high accuracy the modification of frequencies

- and delays in phases and the like. Therefore, as shown in the

description below, when a sound is actually reproduced by the use
of the trancient response signals, ; sound reproducing apparatus
capable of high-speed processing is required.

In other words, in_order to store such accurate transient
response signals in a digital mode, it is necessary to digitally
represent, in size, the response pulses of the transient response
signals in each of so-called sampling time intervals, which pulses
vary with respect to time and have been civided by a very short
time interval (i.e., the sampling time interval, the reciprocal of

which is the sampling frequency) in a period of from issuance of
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the transient signal to disappearance of the transient response
signals. Then, by the use of such transient response signals,
sounds appearing in an actual musical performance and the like are
reproduced. In this reproduction of the sounds, as shown in Fig.
9, a central processing unit 76 (hereinafter referred to as the
CPU 76) for generating a discrete digital signal B6 is used. The
CPU 76 is provided with: a memory portion for ;etting and storing
the transient response signals 83 in which a §lgrality of the
response pulses are digitally allocated on the time axis; and, a
sum~of -products calculator 84, in which the sounds appearing in
the actual musical performance and being digitally represented by
a discrete'signal 80 afe subjected in real time to a convolution
transformation together with its transient response sigﬂals 83
thus set to generate the discrete digital signal 86.

Based on the thus stored transient response signals,
sounds appearing in the musical performance are reproduced. For
this purpose, it is necessary for the CPU 76 to.continuously sum
up all the data of the transient response signals in real time in
each of the sampling time intervals. for example, in order to
reproduce a frequency of'20 KHz, it is necessary to perform a
digital sampling of 48 KHz. In case that the reverberation time,
i.e., the time taken for the trénsient response signals to die
away to tﬁe point of being substantially neglected, is 1.3
seconds, the number of required samplings is 65,536. Consequently,

in order to reproduce the sounds, it is necessary to sum up 65,536
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pieces of pulse data per 20.8 microseconds (which is the
reciprocal of 48 K) and output its summed-up result. Such
high-speed convolution transformation function is provided only in
a very expensive CPU 76. Due to this high cost, it is not
practical to use such expensive CPU 76.

Thus, it is apparent that the need exists for a simple
method and apparatus for reproducing a sound without impairing its
reality.

On the other hand, in these days of wide-use of video
instruments enabling us to enjoy various movies and like pictures
through video cassette players at our homes or in our own private
rooms, in order to enhance. our enjoyment, it is important to
reproduce with reality the sounds accompanied with such pictures.
For this purpose, television sets are provided with conventional
loud speaker output terminals fdr the surround phonic sound
system. Of these television sets, some ones are further provided
with simulated sound reprodqction systems such as the Dolby
surround system and the like. However, in an actual movie theater,
in ordgr to have the audience enjoy a two- or three-dimensional
sound field, a large number of ldud speakers, for example, 10 or
more speakers are disposed on the side walls of the theater or on
appropriate positions in the vicinity of a movie screen of thé
theater. Consequently, when such sounds of the pictures are
reproduced through the loud speaker terminals for the surround

Phonic sound system in the television set at our home, it is not
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possible to enjoy a feeling of three-dimensional sound field that
we can experience at the movie theater.

On the other hand, recently, the need for a so-called
virtual reality such as virtual images and the like is increased.
Since the virtual reality enables us to experience a feeling of a
virtual environment ;s if we were in an actual environment, it is
expected th;t the virtual feality is applied i; various fields.
However, up to this time, the virtual reality is considered
essentially as to picture images, and, therefore considered little
as to reproduction of sounds accompanied with such picture images.
Thus, in deQelopment of the virtual reality, it is apparent that
the need exists for a method of reproduction of soundé enabling us
to feel as if we were actuaily in a virtual environment which
varies with respect to timé.

As for picture scenes, they vary.with'respect to time,
and, therefore often require their sounds to vary also with
respect to time. For example; there is a scene of a room, followed
by a subsequent scene of a prairie. Or, there are a series of
scenes in which the situation becomes gradually more seriocus. In
thése cases, up to this time, according to the situation in each
of the scenes, reverberations are added or removed by a human
feeling of an operator. Consequently, the sounds ;ctually
reproduced are not necessarily adequate to the scenes, and,
therefore often give the audience a feeling of physical disorder,

or often impair the effect of the virtual reality. In these days,
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reality is more required than ever. Consequently, the need exists
for reproduction of sounds which are adequate to a space of each
of the movie scenes, and, therefore give reality to the space to a
maximum. As described above, according to such space used in each
of the movie scenes, the sounds are automatically processed and
accurately reproduced so as to be adequate ones appearing in the
space. This may improve the sounds in amusemeng, and, therefore
enable us to enjoy a sound field improved in feality, which is
different from that obtained in the movie theater using the Dolby
surround phonié sound_éystem.

As described above, it is apparent that the need exists:
for a sound simulation method and apparatus for determining actual
and effective acoustic characteristics of a sound; and, further
for a method and apparatus for actually utilizing the results of
the above simulation to generate a more real sound.

SUMMARY OF THE INVENTION

It is an object of the present invention to provide a
sound simulation method and apparatus for generating the acoustic
characteristics of a sound with high accuracy in an arbitrarily
set three-dimensional space (hereinafﬁer referred to as the
virtual space) in a relatively short time by the use of a
relatively loﬁ-speed processing unit.

It is another object of fhe pfesent invention tb provide'a
method and apparatus for generating a sound by using the above

acoustic characteristics of the sound appearing in the virtual
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space to enable a listener to have an actual feeling as if he were

.in the wvirtual space.

it is further another object gf the present inventién to
provide a metﬁod and apparatus for simply generating a sound by
usin§ transient response signals (which are the above precise
acouétic characteristics of the sound appearing in the virtual
space) , whilelessential acoﬁstic characteristic; of the sound in
the space are kept.

It is a still further another object of the present
invention to provide a me£hod and apparatus for generating a sound
for enabling a user enjoying a movie and like pictures at his home
or in his own private room to ﬁave an actual feeling as if he were
the audience in a hall such as movie theatefs and like halls.

It is another object of the present invention to provide a
method and apparatus for génerating a sound for enabling the user
to have an actual feeling as if he were in a space of each of the
scenes of the movie and like pictures as the scenes vary with
respect to time.

It is further another object of the present invention to
provide a method and apparatus for generating a sound adequate to
a picture scene transmitted to the user's home or his private room
through electric cables, optical fibers, or wireless
communication. i

According to a.first aspect of the present invention, the

above objects of the present invention are accomplished by
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In a sound simulation method for determining transient
response signals which affect a predeterﬁiﬁed observation point
when a transient signal, which is issued from a sound source
disposed in an arbitrary position in an arbitrarily set virtual
space, performs a wave motion prop#gation through the virtual
space, the improvement wherein:

the transient signal is represented by a plurality of
sound ray vectors radiating from the sound source in the virtual
space; and

the sound simulation method further comprises at leaSt a
step for determining a botential reaching thé observation point
from each of pqrtions of a boundary defining the virtual space, in
each of which portions each of the plurality of sound ray vectors
is reflected. |

By the use of this sound simulation method of the present
invention, it is possible to determine in a simple manner the
acoustic charactefistic; of the sound in a relatively short time
without performing a large volume of calculations increasing in a
manner of infinite series as is in a conventional method in which:
sound waves are issued from a sound source aﬁd reflected by a
boundary'so that the acoustic chéracteristics thereof perf§rm wave
motions to radiate in all directions in a space; all of these
acoustic characteristics are then determined, each of tﬁe thus

determined all of the acoustic characteristics being followed by
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subsequent acoustic characteristics further reflected by a
subsequent boundary; the subsequent acoustic characteristiés are
then defermined; and so on.

.The above method pf the present invention is improved in
efficiency of its processing as follows. .

In the above method of the presént invention:

as for each of.the plurality of the sound ray vectors,
each time the sound ray vector is incident on and reflected by a
portion of the boundary defining the virtual space, a propagation
history data comprising data of the sound ray vector having been
incident on and.reflected by the portion of the boundary and the
position data of such portion of the boundary is stored; and

based on the propagation history data and an area data of
the boundary occupied by the incident/reflected sound ray vector
in the position of the portion of the boundary in which the sound
ray vector is incident on and ref;ected by the boundary, a
ﬁotential reaching the observation point from the pdrfion of the
boundary defining the virtual space is determined.

Further, in the above method of the present invention:

a plurality of memory portions are arranged in a
time-series array;

of the memory portions, one, which corresponds to a time
delay produced until the potential reaches the observation point,
adds and stores the'value of the potential to determine a

time-series transient response signal, which makes it possible to
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digitally represent the transient response signal (which comprises
response signals varying with respect to time) each time a
sampling operation is conducted.

In érder to have a loud speaker in an existing real space
reproduce a sound with so reality as to have a listener feel as if
he were in the virtual space, it is necessary to perform the
following steps when the transient response siéﬁal are generated

in the method of the present invention.

Namely, the steps are:

{a) a step for setting an arbitrary space which is a virtual
space;
{b) a step for setting a predetermined real space in which a

plurality of loud speakers are disposed;

{c) a step for superimposing a listening point disposed in a
real space over an observation péint disposed in the virtual
space;

(d) a step for determining the potential affecting the
observation point after the elapse of the time delay of the
transient signal which is issued from the sound source in the
virtugl space and propagates in the virtual space to produce the
time delay thereof;

(e) a step for dividing the potential into.a plurality of
pieces allocated to the plurality of the loud speakers arranged in
the superimposed real space; and

(£) a step for determining a transient response signal of each
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of the loud speakers by adding each of the pieces of the potential

_ thus allocated to each of the loud speakers according to its time

delay.

As described above, in the above method of the present
invention, it is possible to reproduce the sound excellent in
directivity and in deéth b§ dividing the potential (which is
reflected from the boundarf defining a wall surface of the virtual
space to reach the observation point) inﬁo the plurality of pieces
each of which is allocated to each of the loud speakers arranged
in the real space. |

In most cases; the sound source used in the above method
of the present invention is generally constructed of a plurality
of sound sources. Consequently, in case that the plurality of
sound sources are used in tﬁe method of the present invention, it
is necessary to perform the.#bove step for generating the
transient response signal as to each of the plurality of sound
sources. For example, in case that a plurality of loud speakers
installed in a hall are useé as these sound sources and the hall
is constructed of the virtual space, it is possible, by
determining the transient response signal as to each of the sound
sources, to realize an excellent sound simulation which enables a
listener to enjoy the soundH;s if he were in a real hall. This is
particﬁlarly effective in case that the listener wants to enjoy
the sound as if he were in a movie theater provided with a

plurality of loud speakers.
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In the above method of the present invention, in order to

have the listener enjoy his experience as if he were in the scenes

" of a movie and iike pictures, the virtual space is varied

according to the scenes. Further, the positions of the sound
sources, which correspond the positions of the peqple and animals
serving as sound sources, are alsb varied according to the scenes.
Since the above-mentioned transient reébonse signal is
excellent in accuracy.and determined by performing a large number
of digital sampling operations, generally it is necessary to use a
high-speed sum-of-products calculator in order to actually
reproduce tﬁe sound based on such transient response signal.
Consequently, in order to reduce the number of data processing
operations while the reproduced sound ié kept high in reality, it
is necessary to determine a new transient response signal by
extracting only a predetermined characteristic signal pulée £rom
the transient response signals representing the acoustic
characteristics of the space. In this extraction, particularly, of
the pulses of the transient response signals varying on the delay |
time base, ones are selected in ascending order of the absolute
value of their amplitude peak. Further, of the pulses of the
transient response signals varying on the'delay time base,
positive ones are selected in ascending order of the positive
value of ﬁheir amplitude peak, while the cther negative ocnes
following the above-mentioned positive ones are also selected in

the same manner. By extracting such negative pulses with which the
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positive pulses are accompanied, it is possible to reproduce the
sound with a considerable depth. Further, it is also possible: to
extract the transient response signals by the use of a
predetermined thresh value; or, to divide the transient response
signals into a plurality of groups, in each of which groups the
signals are packed on the time base and extractgd therefrom.

On the other hand, the present invention realizes an

actual sound reproduction by the use of the thus determined

‘transient response signals. More particularly, as for the thus

extracted transient response signals, each of the pulses thereof
are set in its delay time and its relative amplitude value. Then,
each of the sound signals sequentially inputted is outputted on
each of the delay time accbrding to each of the above-mentioned
relative amplitude values, so that these signals thus outputted at
thg same time are summed up to produce a new sound signal being
outputted. Further, of frequencies of the thus outputted sound
signal, it is possible to remove predeter;ined ones so as to
remove.high-frequency coméongnts in the pulse of the sound signal.
It i# also possible to apply reverberation to the gap between the
thus extracted pulses so és to reproduce the sound in a continuous
manner.

The method of the present invention comprises the steps

generating a-plurality of transient response signals which

are different from each other according to a sound being
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reproduced; and

~ setting the transient response signals in a
sum-of-products calculato:-when the sound ié reproduced, the
transient response signals having been stored according to the
sound;

whereby a new sound is reproduced, the new sound having
acoustic components properly varying according to a space in which
an original sound to be reproduced is generatgd.

The plurality of the transient response signals may be
previously stored,'and synchronized with a synchronizing signal
accompanied with the sound signal. The thus obtained corresponding
transient response signals may be set in the sum-of-products
calculator, or, it is also possible to receive the transient
response signals before the sound signal thus transmitﬁed is
received, whereby the sound is reproduced based on such transient
response signals.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a flowchart illustrating a processing procedure
for determining the transient response signals;

Fig. 2 is a flowchart illustrating a processing procedure
for determining and storing the propagation history;

Fig. 3 is a flowchart illustrating a processing procedure
for calculating the transient response based on the prppagation
history of each of the sound ray vectors by the use of a so-called

approximate boundary integral;
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Fig. 4 is a flowchart of a processing procedure for
calculating, adding and storing the transient response by the use
of the approximate boundary integral;

© Fig. 5(a) is a perspective view of the boundary,
illustrating é micro-area element and its area size defined by the
sound ray vector; .

Fig. 5(b) is a plan view of the boundary, illustrating the
micro-area element and its area size defined by the sound ray
vector;

Fig. 6 is a graph of a éeries of the séund raf vectors and
the transient responses of the direct and the reflected sound both
to be determined, illustrating their total potentials at the
cbservation point versus time;

Fig. 7(a) is a graph of the response obtained by the use
of a conventional orthodox calculation called the virtual-image
method;

Fig. 7(b) is a graph of the impulse response obtained in
the virtu#l space by the use of the calculating procedure of the
present invention;

Fig. 8 is a block diagram of the apparatus for reproducing
the sound by the use of the transient response signals;

Fig. 9 is a schematic diagram of the concept for
reproducing the sound by the use of the transient response
signals; |

Fig. 10(a) is a graph of the transient response signal
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obtained in the same method for generating the transient response
signal as that shown in Fig. 7(b), illustrating the amplitude of
the transient response signal varying with respect to time in
logarithmic scale;

Fig. 10(b) is a graph of the transient response signal
cbtained in the same method for generating the transient response
signal as that shown in Fig. 7(b), illustrating' the energy of the
transient response signal varying with respect to time in
logarithmic scale;

Fig. 11(a) is an enlarged view of a wave shape of the
transient response signal shown in Fig. 10(a), the wave shape
being enlarged on the time base and taken from tﬁe samplings
ranging from Nos. O (zero) to 4,096;

Fig. 11(b) is an enlgrged view of a wave shape of another
new or characteristic transient response signal sampled from that
shown in Fig. 10(a), the wave'shape being enlarged on the time
base;

Fig. 12(a) is a graph of signal groups of the transient
response signals, particularly illustrating the signal group 90
differént from the other transient response signals;

Fig. 12(b) is an enlarged portion of the graph shown in
Fig. 12(a), illustrating the siggal group 90 enlargéd on the time
base;

Fig. 12(c) is an enlarged portion of the graph shown in

Fig. 12{(a), illustrating only the sampled pulses of the signal
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group 90 enlarged on the time base;

Fig. 13 a bloék diagram of the concept of a simple
apparatus for reproducing the sound by the use of the sampled ones
of the transient response signals;

Fig. 14 is a schematid diagram illustrating the potential
affecting the observation point“in the space;

Fig. 15 is a plan ;iew of a movie'theat;r, illustrating
one of the sound ray vectors and its potential relative to the
audience; |

Fig. 16(a) is a plan view of a space in which'the virtual
space shown in Fig.'lS is superimp#sed over the real space,
illustrating the potential of the sound ray vector which is
diﬁided into four pieces each allocated to each of loud speakers;

Fig. 16(b) is a schématic diagram illustrating a method
for dividiﬁg the potential of the sound ray vector in the space
shown in Fig. 16{a);

Fig. 17 is a block diagram of an apparatus for reproducing
the sound in the movie theater shown in Fig. 15;

Fig. 18(a) is a plah view of the real space superimposed
over the virtual space provided with the loud speakers serving as
the sound sources, illustrating these loud speakers for sound
repréduction and the listener;

Fig. 18(b) is a plan view of the real space superimposed
over the virtual space provided with the 1oﬁd speakers serving as

the sound sources, illustrating these loud speakers for sound
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reproduction and the listener, the virtual space containing a few

movable soﬁnd sources such as persons and animals;

Fig. 19 is a schematic diagram illustrating the concept of
superimposition of the real space 6ver the virtual space varying
with respect to time;

Fig. 20 is a block diagram of a first apparatus for
reproducing the sound in the feal space in a-cagdition in which
the virtual space varies with respect to time;

Fig. 21 is a block diagram of a second apparatus for
reproducing the sound in the real space in a conditien in which
the virtual space varies-with fespect to time; and

Fig. 22 is a schematic diagram illustrating the concept of
picturg/sound signal transmission conforming to the MPEG
standards.

Hereinbelow, the present invention will be described in
detail with reference to the accompanyingdrawings.

First of all, in order fo facilitate the description of
the present invention, Kirchhoff integral and a so-called
approximate-boundary integral for determining wave motion
characteristics of a sound, which are essential parts of the
present invention, will be described with reference to Fig. 14.
Then, the present invention will be clarified.

' Kirchhoff integr;I equation (i.e., equation 2) is derived

from Kirchhoff's three-dimensional wave equation (i.e., equation
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1). A modification of the equation 2 is called the
approximate-boundary integral equation (i.e., equation 3).
The Kirchhoff's three—diménsional wave equation (i.é.,

equation 1) is represented as follows: -

1 8%¢
C? at?

v? =--F(x,y,2,t) .

where: "¢ " is the velocity potential; C is the sound velocity; t

" is the time; F is a wave source; and, X, v and z are

three-dimensional coordinates. Further, in Fig. 14: S2 is the
surface defining an arbitrary space; Q is an arbitrary point on
the S2; P is the observation point for determining the transient
response; V is an area except an area V1 in the vicinity of the
observation point P; and, dS2 is a micro-area vector on the §2.

The equation 2 is the integral of the Kirchhoff's
three-dimensiocnal wave equation (i.e., equation 1) to represent
the velocity potential aﬁ the observation point P, and is

represented as follows:

¢ ! |
1’?"4_,‘ '[v T[EllddV+-4:t. J's’ {%[Vqtb]m-[(b]qu [-:7}"' L[ﬂ'] Vr}-dE,

cridt j,

where: @p is the velocity potential at the observation point P;

()td is the delay time t-r/c; V is an arbitrary space surrounding
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the cbservation point P; S2 is the surface of the V; Q is an
arbitrary point on the S2; and, ro is the distance between the Q
and the observation point P.
The modification of the integral of the Kirchhoff's
equation (i.e., the approximate-boundary integral equation 3) is

represented as follows:

o2

- s’[-éz-a—‘f[ ::){cos(?.ﬁ)-cos(i;..ﬁ) )-t--;%f[t--%—){-:-cos(r.n)-—cos( W) }]ds,
where: ¢p is the velocity potential at the observation po;nt P;
{(Ytd is the delay time t-r/c; V is an arbitrary space surrounding
the observation point P; 82 is the surface of the V; Q is an
arbitrary poiht on the 82; r is the distance between the Q and the
observation point P; and, ro¢ is a total distance between the wave
source and the Q. |

Further, £(t) represents a transient signal of a sound
produced at.the wave source.

Now, a means for generating the transient response signal
on the basis of the above-mentioned approximate-boundary integral
equation 3 will be described. Although the means mentiqned above
is described by the use of the approximate-boundary integral
equation 3, it is also possible to describe the above means by the

use of any other suitable equation, provided that such other

equation may determine the wave characteristics of a sound as is
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in the Kirchhoff integral equation and the like.

Figs. 1 to 4 show flowcharts of processing procedures of
the present invention for determining the transient response
signal, i.e., impulse response signal.

Fig. 1 shows the entire of the processing procedure
ranging from the start to the stop of the prccgdure, and is
divided into two essential parts:

“érccessing procedure A" and “"processing procedure B".

A step 7, i.e., "processing procedure C" shown in Fig. 1
corresponds to a proqessing proéedure shown in Fig. 2. On the
other hand, a step 10, i.e., "processing procedure D" shown in
Fig. 1 corresponds to a processing procedure shown in Fig. 3.
Further, "processing procedure E" shown in Fig. 3 corresponds to a
processing procedure shown in Fig. 4.

As shown in Fig. 1, in a first stép 1 "initialize",
performed as prerequisite for eéxecuting the processing procedure
are "setting of calculation conditions", "setting of wave-source
conditions™, "setting of a boundary", and "setting of wave-source
radiating sound ray vectors”. |

Set in the "setting of c¢alculation conditions” are:
three-dimensional coordinates of the wave.source; the number of
observation points; three-dimensional coordinates of each of the
observation points; the temperature and moisture of the air in the
space; an'analytic frequency (i.e., the highest frequency-in the

transient response to be calculated); the duration time, T of the
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transient response to be calculated; and, the like. Such setting
is performed by means of an input unit through which a user inputs
necessary data, or by means of an external memory unit from which
the necessary data is retrieved.

In the "setting of wave-source conditions", an initial
value of the sound issued from the sound source is répresented te
be a transient signal by the use qf a delta app;oximate function
and its derivative, which resembles an impulse in shape. Such
initial value.may be modified if necessary in application.

Further, propagation velocity of the sound is calculated
based on the temperature and moisture of the air set in step 1.

Based on the analytic frequency, a discrete-time interval, which

corresponds to a frequency of equal to or over twice as high as

. the analytic frequency, is set according to Shanon's sampling

theorem. A size of memory area for storing therein the transient
response to be calculated, which is used in the "processing
procedure B", is’détermined on the basis of both the duration time
of the transient response and the discrete-time interval.

In the "setting of a boundary", information as to the
boundary definin§ a sound field is set. This represents a
numerical space for simulating wave-motion propagation of the
sound therein, and constructed of a plurality of polygons in
plane. In this "setting of a boundary", each of the polygons is
called the boundary. Set in the "setting of a boundary" are: the

number of the boundaries; a normal, i.e., perpendicular line of
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each of the boundaries; coordinates of each vertex in each of the
boundaries; reflection and absorption at the boundaries; and, the
like. Incidentally, in the following description of the embodiment
of the present invention, in order to facilitate the description,
it is assumed that each of the boundaries only performs total
reflection and total.absorpticn.of the sound over the entire
frequency band. |

In thc *setting of wave-source radiating sound ray
vectors"”, the number of sound ray vectors, N, radiating from the
wave source afe calculated. In this setting, the wave motion of
fhe sound propagated from the wave source is simulated to
calculate bcth a position and a time at which the wave motion is
reflected at the boundary, so that acoustic characteristics {(i.e.,
velocity potential * d)p_" of' the sound at the cbservation point are
calculated. Such simulation of the wave motion propagation of the
sound is perfcrmed by the use of numerous véctors, ecch of which
has the same solid angle and radiates from the wave source in the
space. Such vectors are defined as sound ray vectors in the
present invention. The number N of the radiating sound ray vectors
is set so as to let the distance between adjacent sound ray
vectors be equal to or smaller than 1/2, preferably 1/4 of a wave
length " A" of the analytic frequency. The length between adjacent
sound ray vectors depends on the capacity of processing units and
the degree of approximation in the reproduction of the sound, and,

therefore may be more than 1/2 of the "A" in some cases.
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Incidentally, vectors représenting the wave surface of the sound
propagated in the space, are generally called the sound ray
vectors. Of these sound ray vectors, ones radiating from the wave
source are especially called the radiating sound ray vectors.

In step 3, the wave motion propagated from the wave source
is simulated with the use of the sound ray vectors. Namely, first
of all, a direction wvector Dn of the n'th radiating sound ray
vector is calculated so as fo have directions of N pieces of the
radiating sound ray vectors form the same solid angles
therebetween with respect to the wave source.

Selected in step 4 fqllowing step 3 is the boundary B
having an intersection at which it intersects the sound ray
vectors propagated from the sound source. In step 5 following
step.4, when there is no boundary intersecting with the sound.ray
vectors, calculation is performed as to a subsequent one of the
radiating sound ray vectors.

On the other hand, when there is some boundary Having the
intersection, the sound ray vector is reflected at the boundary B.
;n this case, it is necessary to judge whether the boundary showed
its front or its back to the sound ray vector.

Such judgment may be accomplished by determining whether
an angle formed between a normal, i.e., perpendicular line of the
boundary and the sound ray vector i# within an angle range of from
0 to 180 degrees. In other words, in case that the normal vector

of the boundary is so defined as to extend outward in a virtual
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space, when the angle formed between the normal boundary and the
radiating soﬁnd ray vector is within the angle range of from 0 to
180 degrees (i.e., when an inner p:oduct thereof is positive), the
boundary is defined to be the front. Otherwise (i.e., when the
angle_is within an angle range of from 180 to 360 degrees), the
boundary is defined to be the back. The reason why the angle is
defined in a manner described above is that it ;s necessary for
the computer to judge in operation: whether the sound ray vector
is 1issued from the inside of the boundary toward the front side
thereof (i.e., whether or not the sound ray vector is reflected at
the boundary) ; or, whether the sound ray vector is issued from the
outside of the boundary toward the back side thereof (i.e.,
whether or not the sound ray vector merely passes through thé
boundary without being reflected thereby).

According to the above definitions, in step 6 following
step 5, when the boundary B is to the back of the sound ray
vector, it is necessary to select any other boundary having the
above-described intersection. On the other hand, when the boundary
B is, in front of to the sound ray vector, step 6 is followed by
step 7, i.e., processing procedure "C".

In step 7, i.e;, processing procedure "C", when the
boundary B is sgt so as to completely absorb the Qave motion of
the sound in step 11, the processing procedure goes to "End", as
shown in Fig. 2. Otherwise, step 11 is followed by a subsecquent

step 12 in which the total propagation distance d between the wave
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source and the intersection Q of the boundary B is calculated.
Step 12 is followed by a subsequent step 13. In step 13, when the

thus calculated propagation distance d is one permitting the

.elapsed time of the wave motion for reaching the point Q to exceed

the duration time of transient response, step 13 is followed by
"End", as shown in Fig. 2. Although these steps 11, 12 and 13 may
be interchangeable in processing order, the pro;essing order shown
in Fig. 2 is the best in efficiency to minimize the processing
time. |

Otherwise, i.e., in step 13, when the propagatiod
distance d is not such one, step 13 is~fbllowed by a subsequent
step 14 in which an incident angle "a" of the sound ray vector
incident upon the boundary B is calculated to determine the
incident angle.formed between the incident sound ray vector and
the normal (i.e., perpendicular line) of the boundary plane in the
above-described equation 3. The incident sound ray vector is
defined as one which is the n'th radiating sound ray vector
reaching the boundary B. On the other hand, the incident sound ray
vector incident upon the boundaries "r" times is defined as "En,
r". Consequently, the "En, r" is the radiating sound ray vector
which is issued from the wave soﬁrce_to reach the r’'th boundary B.

Then, step 14 is followed by a subsequent step 15.
Calculated in the step 15 is the direction vector of the reflected
one of this incident sound ray vector, the reflected oné being

reflected at the intersection Q. The reflected sound ray vector is
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defined to be one which is the n'th radiating sound ray vector Dn
having been reflected at the.boundary B and is found there. Of the
reflected sound ray vectors, one having been reflected at the
boundaries "r" times is defined as "Fn, r". Consequently, the "Fn,
1" is the n'th sound ray vector having beén reflected at the
boundary for the first time.

Step 15 is followed by a subsequent steé 16. Stored in the
main memory or an external memory unit in step 16 are: arrangement
No. B of the boundary; total propagation disténce "d" between the
wave source énd the intersection Q; three-dimensional coordinates
of the intersection Q; the direction wvector "En, r" of the
incident sound ray vector; and, the direction vector "Fn, r" of
the reflected sound ray vector. A series of data calculated each
time the radiating sound ray vector Dn is reflected at the
boundary is defined as the propagation history of the radiating
sound ray vector.Dn. The reason why the propagation history is
stored in the memory is because it is necessary to calculate the
velodity potential of the sound.ray vector, which potential
affects the observation point P each time the sound ray vector is
reflected at the arbitrary point of the boundary surface S2 (shown
in the above equation 3). The total propagation distance "d" above
described éorresponds to the "ro" of equation 3.

Step 16 is followed by a subsequent step 17. Selected in
step 17 is ancther or subsequent one of the boundaries B having a

new intersection Q at which such another one intersects with the
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reflected sound ray vector haﬁing the direction “Fn, r". Step 17
is followed by a subsequent step 18. When there is no boundary B
having the intersection Q, the processing procedure goes to QEnd",
as shown in Fig. 2. When there is any other boundary having such
intersection Q, the step 18 is followed by a subsequent step 19.
In step 19, when the incident sound ray vector having the
intersection Q is incident on the back side of'the boundary B, it
is necessary to find another boundary B having the intersection Q.
When the incident sound ray vector having the intersection Q is
incident on the front side of the thus found other boundary B,
step 19 is followed by step 11 to repeat the above-described
processing procedure.

After completion of the processing procedure "C" with
respect to the n'th radiating sound ray wvector, as is clear from
Fig. 1, the same processing procedure is repeated for each of the'
subsequent radiating sound ray vectors. Namely, after compleﬁion
of the processing procedures as to all the radiating sound ray
vectors, the processing procedure "C" is followed by a subsequent
processing procedure TBY,

In summary, the processing procedure "A" comprising of the

.series of steps 1 to 9 is performed to calculate and store the

propagation histories of all the sound ray vectors.
As is clear from the above description, an apparatus for
performing the processing procedure "A" comprises: a means for

storing the initialization data; a means for calculating or
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determining the propagation record data; and, a means for storing

. the propagation record data.

On the other hand, as is clear from Fig. 3, calculation
performed in the subsequent processinglprocednre “D" is based on
the propagation histories of n pieces of the radiating sound ray
vectors, as follows:

Namély, the proceséing procedure "D" sfgrts with step 21.
In step 21, coordinates of the first observation point P for
calculating the transient response are retrieved from memory and
the like. First, data as to the propagation history of the
radiating sound ray véétor of "n = 0" is retrieved in step 22
following step 21. As for a first one of the boundaries B in the
thus retrieved propagation history, when this one has its back
side faced to the observatiéh point P, subsequent propagation
histories retrieved in step 32 to continue the processing
procedure. On the other hand, when such boundary B has its front
side faced to the cbservation point P, the processing procedure
goes to step 25 in which a'direétion vector R extending from the
observation point P toward the intersection Q recorded in the
propagation history is calculated. Step 25 is followed by a
subsequent step 26 iﬁ which the distance RD'between the
observation point P and the intersection Q is célcplated. Step.26
is followed by a subsequent step 27 in which when a straight line
connecting the cbservation point P with the intersection Q .

intersects with the remaining one of the boundaries, it is judged



10

15

20

25

. -31-
that the velocity potential from the intersection Q does not

affect the observation point P. As a result, the processing
procedure goes to step 32. On the other hand, in step 27, when the
straight line connecting the cbservation point P with the
intersection Q does not intersect with any other boundaries, step
27 is followed by a subsequent step 28, and therein it is judged
whether the wave motion reaches the observétion.point P within a
period of time T. When it is judged that the wave motion reaches
the observation point P within the period of time T, then the
velocity potential on the boundary B affects the observation point
P, and therefore step 28 is followed by the processing procedure
"EY. Incidentally, the above judgment is formed depending on
whether the wave motion travels a predetermined distance within
the duration time T of the initialized transient response, the
predeterminedﬂdistance'being the sum of the total propagafion
distance d (i.e., that between the wave source and the
intersection Q) and the distance RD.

As shown in Fig. 4, in the processing procedure "E": the
velocity potential, which is formed by a so-called micro-area
element of the boundary represented by the intersection Q and
affects the observation point P, is calculated by the use of the
equation 3; and, based on a time at which the velocity potential
affects the observation point P, the transient response is stored
in array. When some data has been already stored in the same

location of array, the transient response is added to the data.
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More particularly, the micro—-area element is so.defined as to be
an area formed in the intersection Q by a solid angle used in the.
definition of the sound ray vector. In Fig. 5(A), a plurality éf
the sound ray vectors are issued toward the boundary, and one
(shoﬁn in solid line) of such sound ray vecteors forms the
micro;area element on the boundary. In Fig. 5(B), is a plan view
of the micro-area element formed on the boundar&. As is clear from
these drawings, the micro-area element on the boundary varies in
size and determined by an angle formed between the sound ray
vector and thé boundary élane. More particularly, in data
processing, the area size of the micro-area element on the
boundary may be equal to that of a bottom area of a cone defined
by both the total distance d from the wave source to the
intersection Q and the solid angle described above. In this case,
although approximation slightly becomes poor in accuracy, it is
sufficient in practice. Further, in this case, since the area size
of the micro-area element can be determined on the basis of only
both the distance d and the solid angle, it is possible to
increase the operation speed in data processing. Incidentally,
this érea size of the micro-area element corresponds to the term
"ds2" of the equation 3.

As is clear from Fig. 4; the processing procedure starts
with step 41 in.ﬁhich the first term of the integration term of
equation 3 is calculated. Step 41 is followed by a subsequent step

42 in which the second term of the integration term of equation 3
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is calculated. In calcuiation in the embodiment of the present
invention, since the reflection and the absorption of a sound in
the boundary are defined to be the total reflection and the total
absorption only, the function f(t) used in the calculation may be
defined as to be equal to the initialized transient function of
the wave source. When each of the reflection and the absorption
are é_partial one, the function f£(t) corresponding to the
properties of the boundary may be determined as to the propagation
history "Fn, r" each time the sound ray vector is reflected at the
boundary.

Step 42 is followed by a subsequent step 43 in which the
area size of the micro-area on the boundary is calculated to
determine the integral approximation.

Step.43 is followed by a subsequent step 44 in which: a
product of the calculation result obtained in step 41 and the area
size of the micro-area element on the boundary obtained in step 43
is determined; and, the thus determined product and the initial
value of the wave source are processed by the use of a calculus of
convolution transformation.

Step 44 is followed by a subsequent step 45 in which: a .
product of the calculation result cbtained in step 42 and the aréa
size of the micro-area element on the boundary obtained in step 43
is determined; and, the thus determined product and the derivative
value of the wave source's initial value are processed by the use

of the calculus of convolution transformation.
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In steps 46 to 48 following the step 45, the transient
response base on the integral result of the approximate boundary
is stored in the memory and the like. In order to reproduce the
acoustic characteristics of the sound at the observation point P,
there is provided a numerical array in which theltransient
response to be calculated is stored. Such arréygmay be provided in
the initialization performed in the processing procedure "A". In
the array, a location j in the array in which the transient
response is stored is determined depending on a time Dt at which
the wave motion reaches the observation point P. Consequenﬁly, the
result of the transient response corresponding to the time Dt at
the cbservation pdint P is added and stored in the corresponding
location j in the numerical array. More particularly, in the step
46, the time Dt at which tﬁe wave motion reaches the observation
point P is determined based on the sum of the total distance d
between the wave source and the intersection Q of the sound ray
vector and the distance RD.

Step 46 is followed by a step 47 in which the location j
in the numerical array corresponding to the time Dt is determined.
Step 47 is followed by Step 48-in which the data in time series
obtained in steps 44, 45 is added and stored in the corresponding
location j in the numericai array. In the above addition and

storing, when some other data is already stored in location j. the

data is added to such some other data and the resultant is stored

in the location j, whereby the same effect as that in the
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approximate integration is obtained. Further, by arranging the
array lccatién in a manner of time series, it is possible to
retrieve the sound-field characteristics at the observation-point
P in time series (i.e., in the order of the array location), which
enables the sound t§ be reproduced, whereby the method and
#pparatus for efficiently reproducing the sound'are realized.

After completion of the processing procedure "E", data
processing continues for the propagation history of a subsequent
radiating sound ray vector. When all the data of the propagation
history as to the n'th radiating sound ray vector is calculated,
the same operation is conducted és to the (nt+l)'th radiating sound
ray vector. Then, after completion of calculation as to all the
radiating sound ray vectqrs, data processing for a subsequent
observation point P is conducéed in a manner as shown in Fig. 3.

In summary, in processing procedure "D": the wvelocity
potential of the sound ray vector affecting the observation point
P is calculated based on the propagation history of each of the
sound ray vectors by the use of integration, the sound ray vector
beihg réflected at the boundary; and, the transient response at
the observation point P is determined and stored.

As is clear from the aboye, a means for accomplishing the
processing procedure "D" may be any means, provided that the means
processes the stored propagatiocn history.by the use of approximate
integration. In other words, the means may be: a processing unit

operated by the use of software comprising a series of steps; or a
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computer; or some other unit provided with hardware for executing

an appropriate processing procedure by the use of the
approximate-boundary integration.

After completion df the processing procedure "D", step 49
shown in Fig. 1 folloys it. In step 49, in order to determine the
acoustic characteristics of a difect sound issued from the sound

source and affecting the observation point P, transient

- characteristics are added and stored in the location j of the

array, the location j corresponding to a time at which the direct
sound reaches the observation point P.

Fig. 6 shows # graph éf a series of the sound ray vectors
and the transient'responses:of the difect and the reflected sound
both to be determined, illustrating their total potentials at the
cbservation point P versus time. More particularly, in the
processing procedure D", the potential affecting the observation
point P is calculated each time each of the sound ray vectors is
reflected at the boundary and stored in time series so that the
transient response at the observation point P is determined as ﬁ
whole. The processing procedure "D" and adding of the direct sound
are easily understood with reference to the graph shown in Fig. 6.

Now, a method for generating the transient response signal
will be described with reference to Figs. 7(a) and 7(b). Fig. 7(a)
shows a response signal obtained by using a conventional orthodo#
calculus called the virtual-image method. On the other hand, Fig.

7(b) shows an amplitude wave shape of the transient response
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signal actually obtained through the above processing procedures.
In comparison with a conventional wave shape shown in Fig. 7(a),-
it is clear that the amplitude wave shape shown in Fig. 7(b)
comprises negative wave shapes in addition to the positive wave
shapes. As is clear from'this fact, the present invention realizes
reproduction of the amplitude wave shape of the'transient fesponse
which is hitherto hard to determine or requires a large amount of
operation time in determination thereof.

Now, actual sound reproduction according to the above wave
shapes will be described.

As shown in Fig. 8,_an analog sound signal is reproduced
by a sound reproduction equipment 70 such s CD players, record
players; cassette players and like equipments, and inputted to a
sum-of-products calculator 72 through a line 71. The sound signal
thus processed in the calculator 72 is.then issued to an amplifier
80 in an analog mode through a line 79 and amplified therein. The
thus amplified sound signal is finally supplied to a loud speaker
82 through a line 81, so that the.sound is reproduced. The
sum-of-products calculator 72 comprises: a central processing unit
(hereinafter referred to as the CPU) 76 for actually performing a
convolution calculus; an A/D converter 73 which is connected with
an input terminal of the CPU 76 through ; line 75; and a D/A
converter 78 which is connected with an output terminal of the CPU
76 through a line 77. However, in case that the sound reproduction

equipment 70 issues its output signal in a digital mode, it is
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natural that the A/D converter 73 is removed. As an example bf the
sum-of-products calculator 72, there is "Digital Audioc Convolution
Processor FDP 1 plus", which is a product supplied from a company
called the Lake DSP Pty. Ltd.

Now, with reference to Fig. 9, a concept of signal
processing performed in the sum-of-products calgulator 72 will be-
described, in which a diéital signal issued from the A/D converter
73 is inputted to the CPﬁ 76 and processed therein, the thus
processed signal being issued to the line 77.

As shown in Fig. 9, a discrete signal 85 is a discrete
representation of the analog signal on the time base and appears
on fhe line 71. Data as to timing and amplitude in wave shape of
this discrete signal 85 is inputted as digital signals to the CPU
76; stored in which is the transient reéponse signal determined
through the above processing procedure for generating the
transient response signal or thrgugh any other properlprocessing
procedures. In order to determine an actual discrete digital
signal 86, all the data of fhe discrete signal 85 (which is
inputted in real time to the CPU 76) for its every divided
discrete time are processed in a convolution calculus ortion 84 of
the CPU 76 so that the convolution calculus portion 84 produces a
response signal_;orresponding to the transient response signal 83.
Since all the sound with its delay time caused by the transient
response signal must be reproduced, all the above data of the

discrete signal 85 for its every discrete time interval is summed
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up in the convolution calculus portion 84 by a plurality of times
the number of which corresponds to the number of divided pieces of
time in the transient respohse signal 83. For example, in order to
reproduce the sound in frequency up to 20 KHz, it is necessary to
use 65,536 pieées of taps when the transient response signal
(which is divided into 48,000 pieces per second)” with the duration
time of 1.3 second is used. Consequently, in order to reproduce
the sound, it is necessary ﬁo sum up the data as to 65,536 pieces
of the taps for every 20.8 microséconds (i.e., 1/48,000 second) so
as to produce an analog output.

In the above processing, it is preferable to use the
above-mentioned "Digital Audio Convolution Processor FDP 1 plus",
which is a prdduct supplied from a cdmpgny galled the Lake DSP
Pty. Ltd. |

On the other hand, the need also exists for a simple ﬁnd
inexpensive method and apparatus for.reprcducing the sound, which
will be now described.

Fig. 10(a) is a logarithmic :epresentation of the
amplitude of the transient response signal on the time base, which
signal is generated through the same method as fhat for generating
the transient response signal shown in Fig. 7(b). Fig. 10(b) is a
logarithmic representation of the energy of the transient response
signal on the time base, which signal is generated through the
same method as that for generating the transient response signal

shown in Fig. 7(b). In the following description, a discrete time
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interval of the transient response signal is set at 20.8
microseconds corresponding to 48 KHz sampling times, and the
duration time in reproductién.is set at 1.3 second, so that the
total number of sampling times of the trapsient response signal on
the time base is set at 65,536 times. Here, each of 65,536 '
sampling.times is identified by its sampling number (i.e.,
sampling No.). |

In Fig. 10(a), a time when the trénsient signal is
produced at the sound source is defined as a sampling No. zero
(0), and the wave form of the transient response signal subsequent
to the sampling No. O is illustrated. As is clear from Fig. 10(a),
essentiél pulses are concentrated in a front half portion of the
graph up to approximafely the sampling No. 4,000. On the othef
hand, as is clear from Fig. 10(b), attenuation in the transient
response in the graph on the time base is marked at about 60 dB at
a sampling No. 65,536. Consequently, although suéh attenuation in
the transient response depends on the size of the space, materials
in the wall defining the space and like factors, it is apparent
that the duration time of 1.3 second is sufficient for the purpose
of the present invention..

Fig. 11(a) shows an enlarged view of the wave shape
ranging of from the sampling Nos. zero (0) to 4,096 shown in Fig.
10(a). As is clear from Fig. 11l(a), essential pulses exist in a .
range of the sampling numbers up to aboﬁt No. 4,000. Of these

essential pulses, ocnes with particularly large amplitudes exist in
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a further limited range. Therefore, only characteristic ones of
the pulses shown in Fig. 10(a) ére extracted so that another new
t:ansient response signal is produced as shown in Fig. 11(b).
Then, the thus extracted transient response signal is used as the
transient response signal 83 shown in Fig. 9 in sound
reproduction, which proves the resultant or reproduced sound to be
a three-dimensional sound.

From the above fact, it is apparent that the pulses with
sufficiently large amplitudes capable of reaching a listener's ear
after the elapse of a predetermined time can stimulate the
listener's sense of hearing. In contfast with reverberations such
as echoes which mereiy attenuate in an exponentiai mode and have
been widely used to produce a th;ee—dimensional reverberation
effect, the above pulses enable the listener to enjoy the
three-dimensional characteristics of the space and the spacious
feeling inherent therein. Consequently, by reproducing such
characteristic parts, it is possible to reproduce the
characteristics of the sound detected at a predetermined
observation point (i.e., listening point) in the space being
reproduced, the sound being detected as if it were generated in
the space. On the other hand, the remaining pulses other than the
above characteristic pulses serve as supplementary elements to the
characteristic pulses in the listener's sense of hearing, and,
therefore are not necessarily reproduced with high accuracy in

comparison with the characteristic pulses.
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Further, it is possible to recognize an actual image of
the space by using the'transient.response signal comprising both
the negative and the positive pulses, the positive pﬁlses being
followed by the negative pulses. In effect, by using the negative
pulses, it is possible to take out the components in frequency of
fhe transient responsé, and also'possible to have the listener
recognize the three-dimensibnal shape of the spéée and especially
its intermittent boundaries, because, as is clearly derived from
the above equations 2 and 3, the negative pulses represent
discontinuous portions of the boundaries. In other words, these
negative pulses are produced by predetermined portions of the
boundaries or wall_surfages defining the three-dimensional space,
which portions.comprise convex intersectional area formed between
the boundaries, and some aféas of the boundaries where the
boundaries change in material. These negative pulses are
considered to give an real image of the space in the sense of
hearing. Consequently, it is important to reproduce the negative
pulses together with the corresponding positive pulses in
reproductioh of the three-dimensional sound.

As described above, it is possible to recognize essential
parts of the acoustic characteristics of the sound in the'space
by: extracting the characteristic pulses of the traﬁsient response
signal; and, reproducing the characteristic pbrtions of the sound
with the use 6f the thus extracted characteristic pulses of the

transient response signal. Further, it is also possible to
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. remarkably reduce a load in data processing (i.e., the number of

the transient response signal data ﬁo be summed up) by: extracting
the data for preﬁaring a new transient response signal from a
large number of the transient response signal data.

Of the portions of the transient response signal, ﬁhe
characteristic ones are taken out or sampled preferably by the
following processes (1) to (6): ’

PROCESS (1):

" The characteristic portions of the transient requnse
signal-are sampled in the order of maximum (i.e., absolute) values
in amplitude of the pulses. This process {1) is easy to perform.
In the process (1), the amount of acoustic stimulation applied to
the listener's sense of hearing is represented by magnitudes in
amplitude of the pluses. In this sampling, in order to prevént the
number of the pulses to be sampled from infinitely increaéing, it
is possible to limit the number of the pulses to be sampled to a
predetermined number. Alternatively, it is also possible.to set a
predetermined threshold value, which enables only the pulses
exceeding in amplitude such threshold value to be sampled.

PROCESS (2):

In a graph such as shown in Fig. 11(b), a predetermined
threshold value is previously set. Then, only the pluses exceeding
this threshold value in absolute value of their amplitudes ﬁre
sampled in the order of time in a condition in which a sound is

produced at a time corresponding to the origin of the time base of
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the graph. The process (2) can be effectively applied to cases

where a starting area of sound occurrence is especially important,
that is, the pulses not reaching the threshold value are not
useful. |

PROCESS (3):

In the process (3), when the number of samplings performed
in the process (2) reaches to a predetermined number, the sampling
operation of the pulses is finished. Consequently, the process (3)
is especially effective in case that the capacity of a central
processing unit (i.e., CPU) summing up the numbers is limited.
PROCESS (4):

Of the pulses in each of groups of signals, one with the
largest amplitude is selected and defined as a first pulse. In an
example shown in Fig. 12(a), signals 90, different from the
remaining signals, form a signal group 90. Fig. 12(b) shows a
graph in which this transient response signals 90 are enlarged on
the time base. As is clear from Fig. 12(b), there are discrete
peak points of the pulses in an area ranging from the sampling
Nos. about 1024 to about 2000. Depending on the sampling timing,
the time intervals between these pulses may be often below a
predetermined value which the listener's sense of hearing can not
detect. Consequeptly, it is not necessary to reproduce or sample
all the peak points of the pulses. In other words, it is
sufficient tc sample ocne of these peak points of the pulses, which

one is sufficient to enable the listener's sense of hearing to
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detect it. For example, as islclear from the well-known "Haae"
effect, it is not possible for ﬁhe listener to distinguish |
individual signals when these signals are spaced apart from each
other at intervals of 10 milliseconds and like very short time on
the time-based graph. In this case, a selected one of the pulses
may be a first peak pulse in each of the pulse groups, or a
maximum peak pulses therein. In case of Fig. 12(c), only a first
pulse in each of the pulse groups 90 is sampled.
PROCESS (5): |

The duration of each of the above processes (1) to (4) may
be limited to a predetermined length of.time. As for the transient
response signal in the space, depending on superimposition of the
direct waves, which are issued from the wave source in various
directions, over the reflected waves, the amplitude of tﬁe sound
affecting the observation point is determined. ﬁnder such
circumstances, after the elapse of a predetermined period of time,
the energy of the wave source damps, which makes it impossible to
obtain a sufficient peak value ih the pulses. For example, as is
clear from Figs. 10(a) and 10(b), energy attenuation at the
observation point reaches approximately 60 dB‘as to the sampling
No. 65,530. Consequently, it is not'necessary to sample the pulses
subsequent to this sampling No. 65,550. In the above, based on the
energy attenuation, the duration of each of the processes (1) to
{4) is determined. It is also possible to determine the duration

of each of the processes (1) to (4) on the basis of the magnitudes
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in amplitude of the pulses. As shown in Figs. 10(a) and 11(a), a
first range on the time base of the pulses with amplitudes equal
to or more than 0.005 extends substantially up to the sampling No.
4,096. In other words, there is no pulse equal to or more than
0.005 in amplitude in a second range beyénd the sampling No.

4,096. Consequently, it is possible to sample the peak pulses only
in the above first range.

PROCESS (6) :

In each of the above processes (1) to (5) for sampling the

pulses, it is preferable in effect to sample the negative peak
pulses together with the corresponding positive peak pulses. As
described above, the negative peak pulses cooperate with the
corresponding positive peak pulses, which makes it possible to
reproduce their frequency components and alsc to enable the
listener to enjoy the three-dimensional real image of the space.

As described above, there are various processes for
sampling the pulses.

Now, with reference to Fig. 13, an apparatus of the
present invention for simply reproduce, without using the
high-performance sum-of-products calculator, the sound on the
basis of the transient response signal after completion of the
above sampling of thé pulses will be described.

As shown in Fig. 3, in place of the CPU 76 of the
sum-of-products calculator 72 shown in Fig. 8, a simple-type

sum-of -products calculator 100 is used in_the present invention.
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The simple-type sum—of-products calculator 100 comprises a

multi-tap delay circuit 110, a reverberation portion 120, and an

'equalizer 130.

The multi-tap delay circuit 110 comprises a delay line
112, a plurality of weighting portions 114, and a plurality of
adding portions 118. A plurality of output lines 115 for a
plurality of tap signals are provided in the adéing portions 118,
The signal is transmitted from the delay line 112 to the output
lines 115 of the adding portions 118 through the weighting
portions 114.

The multi-tap delay circuit 110 receives a sound signal
from an input line 75 and processes the signal on the basis of
predetermined delay times and amplitudes to issue an output
signal. Now, with the use of the new transient fesponse signal
prepared by sampling the transient response signal shown in Figs.
11(a) and li(b), the function of the multi-tap delay circuit 110
will be now described.

Signals to be sampled are denoted by the reference
characters Pl to P30 (hereinafter referred to as the pulses Pl to
P30). éonsequently, the total nuﬁber of the pulses'is 30.

Set in the delay line 112 is a delay time corresponding to
a position of the pulse Pl issued from a first tap of the
plurality of the output lines (i.e., taps) 115. The pulse Pl
rgpresents a direct sound reaching the observation point, and

corresponds to the sampling No. 793. The duration of the pulse Pl
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is, therefore, 793 x 1 / 48,000 = 16.52 milliseconds. The delay

.line 112 thus set receives a signal from the input line 75, and

issues the signal to a first oné of the weighting portions 114
after the elapse of the delay time thus set.

Further, the magnitude of the signal to be reproduced is
set, and controlled in the weighting portions 114. In this case,
the amplitudé of the pulses'in the transient resbonse signal to be
reproduced are so set as to be proportional in magnitude to each
other. More particularly, in case of Fig. 11(b), the pulse P29 is
maximum in amplitude. Consequently, the amplitude of the pulse Pl
is so set as to be approximately 70 percent of the pulse P29. As a
result, in the firsﬁ one of the weighting portions 114
corresponding ko the pulse P1, the signal supplied from the delay
line 112 is weighted in amplitude by a weighting ratio of 70
percent, and issued to ﬁhe first one of the output lines 115.

As a result of the above setting, the inputted signal
supplied from the input line 75 is issued from the first one of
the output lines 115 after the elapse of 16.52 milliseconds. The
thus outputted signal has its amplitude so weighted as to be 70
percent of the amplitude of the inputted signal, and is used for
reproduction of the pulse Pl, which makes it possible for the
listener to catch a sound as a direct sound form its sound source
in 16.52 milliseconds from the occurrence of the séund.

Then, setting for the pulse P2 is conducted as ﬁo a second

one of the output lines 115. A delay time to be set is 22.186
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(i.e., 1,064/48,000) milliseconds. In this case, the weighting

‘ratio is 63 percent. Due to such setting, it is possible for the

listener to catch a first characteristic sound in 22.16
milliseconds from the occurrence of the sound at its sound source.

In the same manner as that described above, setting is
conducted as to each -of the remainiﬁg pulses P3.to P30. As for the
negative pulses, in the above setting of amplitude, it is
necessary to additionally set negative indications with respect to
these negative pulses. After completion of all these setting, in
the multi-tap delay circuit 110, the signals, which correspond to
the individual delay times having been set fér the individual
output lines 115, are sequentially issued from the output lines
115.

In general,_the input signal on the line 75 is a
continuocus sound signal such as musical ones and the like.
Consequantly, the multi-tap delay circuit 110 is provided with the
adding portions 118 in which all the signals issued at the same

time from the output lines 115 are summed up, because, for

- example: a first one of the inputted sound signals is issued from

a first output line 115 (after the elapse of a first delay time)
at the same time when a second inputted sound signal subsequent to
the first onelis issued from a second output line 115 after the
elapse of a second delay time. Consequently, all the simultaneous
signals for the pulses Pl to P30 are summed up every sampling

interval which is,-for example, 1/48,000 second when the sampling
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frequency of the inputted signals is 48 KHz.

On the other hand, in order to use the thus outputted
signals on the line 116 so as to have the listener enjoy a more
realistic sound field, it is preferable to use the reverberation
portioc 120 to add reverberations to the sound. The reverberation
portion 120 may be a commercially available product. In the
reverberation.portion 120, reverberations are added to the sound
in a manner such that the signcl processed every sampling
frequency in the multi-tab delay circuit 110 exponentially damps
with respect toc time. In this case, the revarberaticn time and the
damping characteristic of reverberations may vary according to the
actually used reverberation portion 120. The thus added
reverberations may easily smooth the gaps between the pulses of
the new transient response signal thus sampled. Further, there is
no fear that the thus sampled characteristic pulses impair the
sound in image. The addition of reverberations is particularly
effective in the above process (5) in which one of the pulses in
the groups of signals is selected.

The signal with reverberation is inputted to the equalizer
130 through the line 117. The_signal appearing on the lines 116,
117 comprises the sampled pulse-like characteristic signals only,
and, therefore ccmpriscs extremely many high-frequency compcnents.
The equalizer 130 serves as a low-pass filter to remove these
high-frequency components, and controls the frequency

characteristics of the output signal issued to the line 77.
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As described above, of a la:ge number of the pulses in the
transient response signal, only the characteristic ones are
selected and sampled to prepare the new simple transient response
signal, which realizes a so-called three-dimensional sound
reproduction in the space through a convolution calculus of only
the limited number of the pulses in the transient response signal.
Consequently, in the present invention, it is péssible to use a
very simple sum-of—products dalculator or a popular tap/delay
system with the limited numbe; of taps in sound reproduction in a
three-dimensional virtual space.

Now, a method for generating the transient response signal
used in sound reproduction in the wvirtual space by the use of a
plurality of loud speakers disposed in a real space will be
described. Thé method for generating the transient response signal
is adapted for the real space for reproducihg the sound, and
enables the listener staying in the real space to enjoy the sound
reproduced in the virtual space.

Fig. 15 sﬁows a plan view of a movie theater, illustrating
a plurality of the audience seats and a plurality of loud speaker
arranged therein for reproducing the sound in a so-called Dolby

surround system mode. The number of the loud speakers'arranged in

the theater shown in Fig. 15 is fourteen. ThéSe loud speakers are

denoted by the reference characters SPl to SP1l4, and so disposed
as to surround the audience, as shown in Fig. 15. Sounds issued

from the loud speakers SPl1 to SP14 form direct sounds and
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feflected sounds from walls. These direct and.reflected sounds
reach the audience, which enables the audience to enjoy the sound
inherent in the movie theater.

In order to actually reproduce such sound which the
audience may enjoy, it is necéssary to generate a potential
serving as a component of the transient response signal, which
potential reaches the audience in sound reprodu;tion. One of
methods for gener;ting such potential is the same as that for
generating the transient response signal which is described in the
above with reference to Figs. 7(a) ﬁnd 7(b). In this methed, a
wall surrounding the audience in the movie théater is defined as a
boundary. A space defined by such boundary forms a virtual space.
The loud speakers forms a plurality of sound sources so that
sounds from these loud speakers propagate in the thus defined
virtual space to affect the audience. Consequently, by calculating
the above potential to determine the transient response signal
thus affecting the audience, it is possible to obtain the same
potential as that of the transient fesponse signal actually
affecting the audience in the movie theater.

For example, in Fig. 15: a sounq ray vector of a direct
sound from the loud speaker SP1 affécting a listener P is denoted
by the reference character Do; an incident sound ray vector

incident on the boundary corresponding to a wall W is denoted by

‘the reference character D1; and, a velocity potential incident on

the listener P is denotéd by the reference character ¢ . The
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velocity potential ¢ forms the component of the entire transient
response signal, and is derived from the incident sound ray vector
D1 reflected from a micro area such as shown in Fig. 5(b) on the
boundary.

Now, reproduction of the sound of the movie theater in the
real space will be described. It is possible to ‘realize such sound

reproduction by synthetically producing a three-dimensional

'virtuél sound field of the movie theater in a sound field formed

in a real spaée. Incidentaily, the sound field thus synthetically
produced in the real space is hereinaffer referred to as the
synthetic sound field.

The virtual space is superimposed over the real space in a
manner such that a position of the listener P in the real space is
coincident with a position of the audience P in the virtual spéce.
Shown in Fig. 16(a) is a real space 144. A listener 142 in the
real space 144 is superimposed in position over the audienée | 4
shown in Fig. 15. Disposed in the real space 144 are four pieces
of loﬁd speakers denoted by the reference numerals 140a, 140b,
140c and 140d. As shown in Fig. 16(a), the listener 142 is
surrounded by these loud speakers. Suppose that the sound based on.
the potential affecting the audience P shown in Fig. 15 can be
reproduced by the use of these four loud speakers 140a, 140b,
140c, 140d. The listener would be able to enjoy the sound of the
virtual space. Incidentally, only required in setting of the real

space are the relative positions of the listener 142 and the loud
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speakers 140a, 140b, 140c, 140d relative to each other. Based on

information of these relative positions, the synthetic sound field
is produced with respect to the virtual space. |

In Figs. 16(a) and 16(b), the potential "¢ (1, 1)" shown
in Fig. 15 is illustrated in detail. This potential "$p (1, 1) is
divided into a plurality of pieées allocated to the individual
loud speakers 140a, 140b, 140c, 140d. As shown in Fig. 16(a),
since the poter;tial "d(1, 1" lreaches the listener 142 by passing
through a space between the loud speakers 140a and 140b, the
potential "¢ (1, 1)_". is _divided into two pieces allocated to these
loud speakers i4ba, 140b.

Now, with reference to Fig. 16(b), such method for
dividing the potential "¢ (}, 1)" will be described.

In Fig. 16(b): the line a-a' passes through a center of
the loud speaker 140a and é center of the listener 142; and, the
line b-b' passes through a center of the loud speaker 140b and a
center of the listener 142. The line a-a' intersects the line b-b’
at a terminal point "@de" of the potential "¢ (1, 1)" which has a
starting point "@b". One of the lines a-a', b-b' is moved
parallel to its original positién to form the line c-c' which
intersects the other of the lines a-a', b-b' at an intersection
point G. In this case, the line " @$b"-G forms a vedtor having a
potential parallel to the line a-a', which potential is used at
the loud speaker 140a. On the other hand, the line G-"¢e" forms a

vector having a potential parallel to the line b-b', which
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potential is used at the loud speaker 140b.

Such dividing operation described above is conducted with
respect to all the potentials, which enables the transient
response signal affecting the audience into Ehe plurality of
pieces allocated to the four loud speakers 140a, 140b, 140c, 140d.
Incidentally, although the potentials used here_are determined
through the approximate sound integral, it is also possible to use
the potentials determined through another suitable calcu;us.
Further, the above dividing o?efation is a conventional
mathematical dividing operation in vector. Consequently, even in
case that the loud speakers in the real space is
three-dimensionally disposed, it is possible to determine the
potentials for the individual loud speakers by conducting the
three-dimensional mathematical dividing operation in vector when
each of the potentials pass through a space defined by three
piecas of the loud speakers.

Then, a method for reproducing an actual sound by the use
of the transient response signal, which is prepared by summing up
the potentials allocated to the individual loud speakers, will be
described with reference to Fig. 17. |

Shown in Fig. 17 are: a sound output unit 150 with
fourteen Dolby surround output channels SP1 to SP14; fifty-six
sum~-of-products calculators 152 ﬁith convolution-calculus function
comprising A/D converters and D/A converters; a mixer 154 for

mixing the outputs from the sum-of-products calculators 152 to
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prepare signals supplied to the individual loud séeakers; four
amplifiers 156 for the individual. loud speakers; and, four loud
speakers 140a, 140b, 140c,.140d. Incidentally, in the real space
144, there is also provided.a television set disposed in front of
the listener 142, the television set being used to reproduce the
picture of a movie.

The sound issued from the loud speakers for the channel
SP1 of the sound output unit 150 shown in Fig. 15 propagates in
various modes in the virtual space to affect the audience P
through its various velocity potentials. In this case, each of
such potentiais are allocated to each of the four loud speakers,
as described with reference to Fig. 16(a). Consequently, such
potentials allocated to the four loud speakers are summed up with
respect to each of the loud spe#kers, so that four pieces of the'

transient response signals for the individual loud speakers are

prepared and stored in a first to a fourth one of the

'sum-of-products calculators 152, respectively. As is in the above

channel SPl, in each of the remaining channels SP2 to SP14 of the
sound output unit 150, there are provided four!pieces of the
sum-of -products calculators 152 for the individual loud speakers.
Consequently, the necessary number of the sum~of-products
calculators 152 for reproducing all the transient response signals
is fifty-six (56), because 14 x 4 = 56, where 14 is the number of
the sound sources, i.e., loud speakers in the virtual space; and,

4 is the number of the actual loud speakers for sound
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reproduction.

The output signal issued from the sound output unit 150 to
the sum-of-products calculators 152 is processed in these
calculators 152 and.issued therefrom as a virtual sound signal,
according to the process having been already described with
reference to Figs. B_and 9. The virtual sound signal thus issued
from the sum-of-products calculators 152 is theh inputﬁed to the
mixer 154 and subjected therein to mixing operations for the
individual loud speakers; After that, the sound signal thus
subjected to the mixing oﬁerations is issued from the mixer 154 to
the amplifiers 156, and amplified therein. The thus amplified
sound signal is supplied from the amplifiers 156 to the individual
loud speakers 140a, 140b, 140c, 140d, as shown in Fig. ;7, so that
the sound is'feproduced by these loud speakers.

As described above, according to the present invention, it
is possible gor the listener 142 to enjovy the socund in the Ddlby
surround mode_as if he were in the movie theater. In the above
embodiment of the present invention, there are used four pieces of
the loud speakers for reproducing the sound. However, it is also
possible for the present invention to use any other desired number
of the loud speakers such as two, eight channels or more. Further,
in the above embodiment of the présent invention, although the
loud speakers are disposed in a plane, i.e., are two-dimensionally

arranged, it is also possible for the present invention'to

three-dimensionally dispose the loud speakers, allocated to each
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of which speakers thus three-dimensionally disposed is a piece of
the velocity potential affecting the observation point, the piece
being prepared by dividing the velocity potential. Such division
of the velocity potential may be performed thréugh the
mathematical division in wvector which ;s'publicly well known as
described above. .

Incidentally, in place 6f the central pfocessing units
which actually perform the convolution calculuses being performed
in the sum-of-products calculators 152, it is possible to use the
multi-tap delay circuit 110 which is already.shown in Fig. 13 and
morelinexpensive. By the use of such inexpensive multi-tap delay
circuitlllo, it is possible for the listener to enjoy the sound at
his home in the Dolby surround mode for the movie theater.

As described above, in order to reproduce the sound
existing in the movie theater and like halls by'means of the loud
speakers of the real space (hereinafter referred to as the
reproducing loud speakers), it is necessary to: define a desired
moﬁie theater and like halls as a virtual space; determine the
transient response signal for each of the reproducing loud
speakers of the real space, the transient response signal being
derived from the transient signal which is generated at the sound
source by the loud speakers of the movie theater (hereinafter
referred to as the installation loud speakers so as to be
distinguished from the repro&ucing loud speakers) to affect the

listener as the transient response signal; and, perform the
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convolution calculuses with respect to the stereo sound or
Dolby-surround sound signals allocated to the individual
installation loud speakers. The above is adequate for sound
reproduction by means of the reproducing loud speakers of the real
space so as to have the listener enjoy at his home the sound
existing in the movie theater and like halls in-the virtual space.
Further, the present invention is effective also in
preparing a new sound source. For example, in a scene of a movie,
in order to reéroducing sounds affecting the listener who enjoys
the movie in an acoustic environment in which the sounds caused by
people, animals and other objects affect the listener, it is
necessary to: define such scene of the movie as a virtual space;
define the positions of the people, animals and other objects in
the acoustic environment as the positions of sound sources in the
virtual space; and, apply the same synthetic process as that
described in the above to the virtual space with respect to the
real space. Fig. 18(a) ;hows a position relationship between the
reproducing loud speakers 140a to 140d and the listenef in the
real space when the loud speakers SP disposed in the virtual space
of the movie theater and like halls described above serve as thé
sound sources. Fig. 18(b) shows a position rélationship between
the reproducing loud speakgrs 140a to 140d and the listener in the
real space when a scene of a movie is formed in the virtual space
with an acoustic environment in which people and animals serve as

the sound source.
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A difference between Fig. 18(a) and Fig. 18(b) is that the
sound sources of the virtual spacé in Fig. 18(a) are the loud
speakers thus fixedly ihstalled, while the sound sources of the
virtual space in Fig. 18(b) are the people and the animals both
movable. However, since any of the loud speakers thus fixedly
installed and the pecple and animals both movable forms the sound

source in the virtual ‘space, it 'is possible to carry ocut the

.present invention in both cases shown in Figs. 18(a) and 18(b). As

for each of the movable sound sources such as the people ;nd'the
animals in the virtual space, it is necessary to calculate the
position of each of such movable sound sources in the virtual
space every desired time interval so as to determine the transient
response signals every desired time interval, which transient
response signals are derived from the sounds generated in the thus
calculated positions to affect the listener. Consequently, in the
preseﬂt invention: their:potentials-are determined every desired
time interval; and, then, based gn the thus determined potentials,
the transient response signals are generated.every desired time
interval according to the process described above. The important

thing here is that application of the movable sound sources in the

. present invention may realize a means for reproducing a realistic

sound in computer graphics that is now already in the limelight,

which makes it possible to automatically produce and edit the

"sounds in future movie production processes.

Also provided in the present invention is a dynamic sound -
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which makes it more effectivé td change a plurality of the virtual
spaces. Now, a method of sound reproduction in the plurality of
the virtual spaces, which are changed according to th; scenes of
the movie and not limited ﬁo the virtual space of the movie
theater, will be described.

Fig. 19 shows the relationship between an acoustic virtual
space 158 varying with respect to time and a re;l space 144 in
such acoustic virtual space 158. More particularly, at a time T1,
the listener 142 in the real space'locates'himself in a
substantially central portion of an elongated virtual space in a
condition in which the real space 144 is combined with the virtual
space 158 in a manner such that: the four loud speakérs 140a,
140b, 140c, 140d installed in the real space 144 in which the
listener 142 stayslreproduce the sounds issued from the virtual
space 158 surrounding the real space 144. On the other hana, at a
time T2, the real space 144 is combined with a corner portion of
the virtual space surrounded by a wall assuming a substantially
square shape in plan view. Further, at a time T3, the real space
is combined with an upper portion of the virtual space with a
considerable height. The virtual space described above is set
according to the scenes of the movie. As described above, it is
possible for the listener staying in the real space to enjoy the
optimum sound adapted to every scene of the movie when the real
space is combined with a desired portion of Ehe virtual space, the

desired portion varying'with respect to time. Consequently, for
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example, in a wide scene of the movie such as a prairie scene and
the like, it is possible for the listener to enjoy such a wide
feeling through the sound thus reproduced together with the wide
scene of the movie. In ancther case, for example, it is also
possible to produce a movie in a manner such that: the more thé
scene of the movie becomes serious, the more the virtual space is
enlarged to increase its reverberation effect so as to increase
the seriousness in the scene.

Fig. 20 shows a block diagram of an apparatus for
reproducing a sound according to the scene of the movie. In the
apparatus shown in Fig. 20, an input signal 172 comprising
information of both a sound signal and a synchronizing signal
synchronized with the sound siénal is inputted to an input poftion
160 of the apparatus._The information as to the synéhronizing
signal is used to synchronize the reproduced sound with the scene
of the movie. In the input ?ortion.ISO, the input signal 172 is
demodulated or sampléd in frequency within a predetermined band to
obtain a sound signal 180 and a synchronizing signal 174 each of
which is divided and inputted to.both a D/A converter 168 and a
control portion 162. The reason why the D/A converter 168 is shown
in dotted line in Fig. 20 is that it is ﬁecessary to show that the

D/A converter 168 is not required when the input signal 172 is of

‘a digital data. On the other hand, according to the synchronizing'

signal 174 thus inputted in the control portion 162, the control

portion 162 issues a control signal 176 to both a memory bortion
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164 and a central processing unit portion 166. Previously stored
in the memory portion 164 are a plurality of the transient
response signals being used by the central processing unit portion
166. Of these transient response signals, one specified by a
control signal issued from the control portion 162 is retrieved
from the memory portion 164, so that a predetermined one of the
transient response éignals 178 depending on the‘scene of the movie
is issued from the memory portion 164 in real time. Incidentally,
in the method for specifying the predeiermined one of the
transient response signa;s in the above, for example, it is also
possible to sequentially retrieve the transient response sighals
upon occurrence of the synchronizing signal. Alternatively, it is
also possible that the synchronizing signal comprises addréss

information for identifying a predetermined one of the transient

response signals, through which information the predetermined

transient response signal is specified. In the central processing

unit portion 166, according to the control signal 176 issued from
the control portion 162, an additionally issued 6ne of the
transient response signal 178 is set. The central processing unit
portion 166 has two functions which are: the substantially same
convolution calculus function as that of the central processing
unit portion 76 shown in Fig. 8; and, a setting.function in
setting an arbitrary one of the transient response signals 178
issued frém the memory portion 164, according to the cohtrol

signal 176. It is easy for those skilled in the art to realize



10

15

20

25

-64-
these setting function and the convolﬁtion calculus function by
méans of a commercially available DSP (i.e., digital signal
processor). In Ehe central processing unit pértion 166 in which
the predetermined transient response signal is thus alréady set, a
digital sound signal 182 is subjected to a convolution calculus
based on the transient response signal according to the processes
thch have been already described in the above with reference to
Figs. 8 and 9. The resultant signal thus obtained through the
convolution calculus is then issued from the central processing
unit portion 166 to the A/D converter 170, as sh§wn in Fig. 20.
Consequently, the sound reproduction signal 186 issued from the
A/D converter 170 repfesents a sound corresponding to a virtual
space which is set according to each scene of the movie. This
sound reproduction signal 186 (hereinafter also referred to as the
virtual space sound) is then issued to the loud speakers through
the amplifiers so that the sound is reproduced, which enables the
listener to'enjoy the sounds corresponding to the individual
scenes of the movie.

Although described in the above is a setting of the
transient response signal corresponding to the virtual space which
varies with respect to time, it is apparent that th; present
invention is also applicable to another case in which the
transient response signal itself may vary together with the
virtual space, as is in case that the sound sources are moved with

respect to time.
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Incidentally, in the today's widély used movie video tape
LD and the like, there is no synchronizing signal. Consequently,
in picture reproduction in this éase, time is counted from a start
of such picture reproductién, so that the control portion 162
controls the previously stored transient response signals so as to
be issued from the memory portion 164 to the central processing
unit portion 166 according to the scene of the movie varying with
respect to the time thus counted. Consequently, in this case, the
input portion i60 is negligible. In other words, a trigger signal
generated at the start of picture reproduction is inputted to the
control portion 162, so that the control portion 162 starts time
counting ﬁcéording to the trigger signal. After the elapse of a
predetermined period of time, the control portion 162 issues a
control signal to both the memory portion 164 and the central
processing unit portion 166,

As for the various transient response signals stored in
the memory portion or means 164 in the above, in case that.a video
signal is reproduced through signal transmission from a remote
location, it is apparent that the transient response signals are
transmitted to the memory portion 164 prior_to transmission of the
video signal.

According to the development_of multimedia in future,
appearance of digital television broadcasting, and the development
in transmifting and receiving techniques of video/sound signals

through data compression/encode between computers, the input
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portion 160 may be properly modified in design. For example, it is
possible to modify the input portion 160 as follows with respect
to MPEG2 standards in the ISO standards.

The concept of signal transmission using the MPEG2
standards will be now described with reference to Fig. 22. A video
signal and a sound signal are separately inputtgd to different
encoders which issue encodé signals.separately. Each of the encode
signal is packed for its pécket transmission to both a
transport/stream (TS) multiplexing unit of the MPEG2 and a
program/stream (PS) multiplexing unit of the MPEG2, issued from
each of which units is an actual stream signal (TS or PS). TS
packet comprises in construction: a packet header; an adaptation
field; and/or, a bay load (i.e., data portion). The adaptation'
field comprises time inform#tion, i.e., a standard time of a
program called PCR (i.e., Program Clock Reference). Oﬁ the other
hand, the bay load is used to issue various dafa therefrom.
Consequently, by using such adaptation field and the bay load
(i.e., data portion), it is possible to use a signal for
synchronization, which makes it possible to perform the
above-described synchronized control. Incidentally, in this case,
since the input signal is a packed stream signal, it is naturally
necessary to use a function for decoding the actual video signal
and also necessary to separate the signal for synchronization,
which may be realized by properly modifying the decoding/sampling

control according to a transmitted protocol. In other words, the
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present invention is characterized in that the present invention
provides a more dynamic acoustic piece of information by
arbitrarily chaﬁging the virtual space with respect to time
according to each scene of a movie, and, therefore is not limited
to the block diagram shown in Fig. 20.

The block diagram shown in Fig. 21 may ?e also used,
provided that it achieves the objects of the present invention. A
difference between the block diagram shown in ‘Fig. 20 and that of
Fig. 21 is that the latter lacks the memory portion so that the
transient response signal 178 is issued from the control portion
162 directly.to the central processing unit portion 166. In this
case, the transient response signal for each scene of a movie is
received by the input portion 160 through an input signal 192
comprising a video signal aﬁd a souqd signal both issued from a
broadcasting station, a Karaoke master station, a picture CD, or
the like. In the input pﬁrtion 160, the input signal 192 thus
received therein is then divided inta a sound signal 180 and
another signal ;94 comprising the transient response signal 178,
so that the transient response signal 178 is supplied to and set
in the central processing unit portion 166 through the control
portion 162 under control performed by the control signal 176
issued from the control portion 162 to the centfal processing unit
portion 166.

Incidentally, the central processing unit portion 166

shown in Figs. 20 and 21 may be replaced with a proper means
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‘having the same convolution calculus function as that of the

central processing unit portion 100 with a simplified function
shown in Fig. 13, which may realize an inexpensive
three-dimensional sound reproduction in an easy manner.
Consequently, it is possible for fhe present invention to provide
a consumer products for home use. Particularly, since a sound
output accompanied with a moving picture as is in a home-use video
instrument and computer is of a_two-channel mode, the sound may be
reproduced by four loud speakers using the central processing unit
portion 166 provided with eight'pieces of the sum-of-products
calculators, the number of which calculators is considerably less
than that (i.e., fifﬁy-six pieces).of the sﬁm—of-products

calculators shown in Fig. 13, and, therefore makes it possible to

apply the present invention to the consumer products.
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CLAIMS :

1. A method of reproducing sound by using transient response
signals each representing acoustic characteristic of the sound
generated at a sound source in virtual space on an observation point,
wherein: ' '

each said transient response signal is produced as to each

R phase of the virtuel space, the sound source or the observation point

which are variable in size of the space, in location of the sound
source or in location of the observation point.
2. A method of reproducing sound according to claim 1, further
comprising the steps of:

storing a plurality of the transient response signals; and

setting corresponding one of the transient response signals
to a convolution processor according to each phase of the variable
virtual space, the sound source location or the observation point
location, when the sound is reproduced. |
3. A method of reproducing sound accord:uig to claim 1, further
comprising the steps of:

storing a plurality of the transient response signals;

adding a synchronizing signal to sound signal for identifying
each transient response signal to be used; and

setting corresponding one of said stored transient response
signals to a convolution processor according to eaid added
synchronizing signal when the sound is reproduced.
4. An apparatus of reproduc:l.hg sound by using transient response
signals each representing acoustic characteristic of sound
generated at a sound source in virtual space on an observation point,
which comprises;

convolution means having input portion and output portion for
performing convolution calculus of sound signal inputted through
the input portion according to a transient response signal set to
the convolution means, and for outputting the calculated sound
signal through the output portion: and

sound output means connected to the output portion of the
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convolution means for receiving the _caiculated sound signal, and
outputti:ig sound to be reproduced.

5. An apparatus of reproducing sound according to claim 4,
wherein:

said input portion is adapted to input a sx;nchronizing signal
transmitted together with 'the_ inputted sound signal, said
synchronizing signal being adapted to be used for identifying one
of a plurality of the stored transient résponge signals;
further comprising:

means for storing a plurality of transient response éignals;
and ' '

control means for retrieving a predetermined one of said
plurality of transient response signals from said storing means
according to the inputted synchronizing signal, and setting said
predetermined one to said convolution means for reproducing sound
varying according to said predetermined transient response signal.
6. An appératus of reproducing sound according to claim 4,
wherein:

' said input portion is adapted to input a transient respo:ise
signal transmitted togéther with the inputted sound signal, the
transient response signal representing an acoustic characteristic
of the sound to be reproduced; and

"said transient response signal is set to said convolution
means for performing convolution calculus of the sound signal
inputted through the input portion according to the transient
response signal.



