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VETHOD AND APPARATUS FCR SI MULATI NG A SOUND | N VI RTUAL SPACE TO HAVE
A LI STENER ENJOY ARTI FI Cl AL EXPERI ENCE OF THE SOUND
BACKGROUND OF THE I NVENTION 5 Field of the Invention: The
present invention relates to a nethod and apparat us for determ ning
the acoustic characteristics of a sound in an - arbitrary space to have

a |istener MuyHo AND ACPHRAIGS CHORSARAATING A GouNDE IROVIRTOAL t $BACE TO
arbitrary space in a real space.

HAVE A LISTENER ENJOY ARTIFICIAL EXPERIENCE OF THE SOUND

BACKGROUND OF THE INVENTION
5 Field of the Invention:

The present 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 acoustic experience
of the sound of the grbitrary space in a real space.

10 More particularly, the present invention relates to a
method and apparatus for reproducing the sound of the arbitrafy
 %pace in the real space on the basis of the acoustic
1¢haracteristics of the sound..

Description of the Prior Art:
-15 Some types of methods for calculating the acoustic
- Characteristics of a sound in an existing real space and also in a
;irtual space haﬁe been previously researched. For example, there
are many conventional wide-use calculuses such as the sound-ray
method, virtual-image method and the like based on the orthodox

20 geometrical acoustics; However, these calculuses are
disadvantageous in that they ignore 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

25 element method and like calculuses, which consider wave
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10 More particularly, the present invention relates to a

nmet hod and apparatus for reproducing the sound of the arbitrary space
in the real space on the basis of the acoustic characteristics of the
sound. Description of the Prior Art: 15 Sone types of

met hods for calculating the acoustic characteristics of a sound in

an exi sti ncHeARlcteaetiagldodl §0sbiind and therdfidrédhréPageeldystbegn
previ ously researched. For exanple, there are many conventi onal

Wi de- use Cahradiien SHCHeR8rhiRiNgURKE lBXtual acoud®ikOeharhbtepd sti8Eeof
met hod and the |ike based on the orthodox 20 - geonetrical acoustics.
Hovever, thafe setindll We@evak¢ these calculuses such as the finite element
method and the boundary element method are alsc disadvantageous in
5 that a very large volume of calculation is required to obtain the
célculation 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.

10 Thus, it is apparent that the need exists for a method and
apparatus for determining with high accuracy the acoustic
characteristics of a sound in a relatively short time, the
acoustic characteristics having little error in comparison with
real acoustic characteristics.the sound.

15 The acoustic characteristics to be determined are defined
as a set of sounds reaching a predetermined observation 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
sharp leading edge as is shown in the delta approximate functiocn,

20 the transient signal éerving as the basic sound being produced at
a predetermined position, for example, on a stage and performing
three-dimensional propagatlon in a space and being reflected by
walls defining the space to reach the predetermlned observatlon
point such as the audience seats. In general, the sounds in this

25 set are called the transient response signals. Consequently, the
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‘dF sadvant ageous in that they ignore 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

sonme cal cul uses such as the finite el enent nethod, boundary 25 el ement
met hod and |i ke cal cul uses, which consider wave ¥ _

- 2- charankeehs! +&spdH @si@ﬂ%(isa PREEAE 0L Crahil €362 il alghs

preci sion in determ ning tﬁ% act’ua agggst?c chargctef€st|cs o% ng ?ﬁé

S'Ound- HOWe\_‘.ﬁé’ sBHﬁ&E Wi G ML e GRaP Erblie thi NEben &l &I r'gignal- and reach
| the-same obsérvation point with various time delays from various
directions in the space. By the use of this transient response
5 signals, it is possible to reproduce voices and sounds such as
mhsic and like general sounds. Consequently, it is possible for a
listener to enjoy music discoursed on the stage as if he were in
the audience seat in the space.
The acoustic characteristics of a sound, which are
10  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 response éignals form a set of numberless pulses
representing with high accuracy the modification of frequencies
15 and delays in phases and the like. Therefore, as shown in the
déscription below, when a sound is actually reproduced by the use
of the transient fesponse signals, .a sound reproducing apparatus
capable of high-speed pProcessing is required.
In other words, in order to store such accurate transient
20 response signals in # 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 interval;, which pulses
vary with respect to time and have been dividea-by a very short
time interval (i.e.,-the sampling time interval, the reciprocal of

25 which is the sampling frequency) in a period of from issuance of

_—
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met hod and the boundary el ement nmethod are al so di sadvantageous in 5

that a very large volunme of calculation is required to obtain the o
calculation result as to a so-call ed audi ofrequency band with a hi gh
frequency such as 16 KHz and the |ike. These facts nmake it very
difficult even for a super conputer now under devel opnent to obtain

the cal cul aih O ffsdildnt si¥nal to disappéSrande Iof aHEAAhsibat rBepBasd
exists for a method and apparatus for determ ning with high accuracy

the acoustigignals. Gﬂférﬁc kbl G8eCbeasiOl Nerddk ferteidpsRist 8Bghhb1ki,Me,

t he acoustic charactéristics having little error in conparison with

real. acoust LG, Haraleditld 45 bRCasfHEY musical performance and the like are
reproduced. In this reproduction of the sounds, as shown in Fig.

5 9, a central processing unit 76 (hereinafter referred to as the

CPU 76) for generating a discrete digital signal 86 is used. The
CPU 76 is provided with: a memory portién for setting and storing
the transient response signals 83 in which a plurality of the
response pulses are digitally allocated on the time axis; and, a

10 sum-of-products calculator 84, in which the sounds appearing.in
the actual musical performance and being digitally represented by
a discrete signal 80 are subjected in real time to a convolution
transformation together with its transient response signals 83
thus set to generate the discrete digital signal 86.

15 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 intervﬁls. For example, in order fo

20 reproduce a frequencf 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 transient response signals to die
away to thé point of being substantially negleéted, is 1.3

seconds, the number of required samplings is 65,536. Consequently,

25 in order to reproduce the sounds, it is necessary to sum up 65,536
. A
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15 ' The acoustic characteristics to be determned are defined

as a set of sounds reaching a predeterm ned observation point, for
exanpl e such as the audi ence seats, which sounds are derived from a
basi ¢ sound based on a single-pulse transient signal with a shar p

| eadi ng edge as is shown in the delta approximate function, 20 the -

Lrans ent <pgRale SeF Wi it 36 BOUDGDEL OGS OHEEH U tne 2

predet er mi ned position, for exafple stage and perfornng
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defining the space to reach th rmne I'on

R R e e
a very expensive CPU 76. Due to this high cost, it is not
5 practical to use such expensive CPU 76.

Thus, it is apparent that the need exisfs 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

10 instruments enabling us to enjoy various movies and like pictures
through video cassette players at our homes or in our own private
rooms, iﬁ 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

15 loud speaker output terminals for 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 order.to have the audience enjoy a two- or three-dimensional

20 sound field, a large ﬁumber of loud speakers, for example, 10 or.
more speakers are disposed on the side walls of the theater or on
appropriaté positions in the vicinity of a movie screen of the
theater. Consequently, when such sounds of the éictures are

reproduced through the loud speaker terminals for the surround

25 phonic sound system in the television set at our home, it is not
-
5
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-3- transi ent response signals represent a result of overl apping of
the sounds which are derived fromthe transient signal and reach t he
sanme observation point with various tinme delays from various

directions in the space. By the use of this transient response 5

signals, it is possible to reproduce voices and sounds such as musi c
and like g %rsagalaowdénggfr@epé@ﬁtﬂgv of tth'z%epaiﬁéﬁéfoﬁﬁ Sound f£idich @A
to enjoy s I scoursed on the stage as if he were in t he audi ence

seat in th%m§ggﬁeexperlence at the movie theater.
On the other hand, recently, tﬁe need for a so-called

virtual reality such as virtual images and the like is increased.

5 Since the virtual reality enables us to experience a feeling of a
virtual envi;ohment as if we were in an actual environment, it is
expected that the virtual reality is applied in various fields.
However, up to this time, the virtual reality is considered
essentially as to picture images, and, therefore considered little

10 as to reproduction of sounds accompanied with such picture images.
Thus, in development of the virtual reality, it is apparent that
the need exists for a method of reproducfion of sounds enabling us
to feel as if we were actually in a virtual environment which
varies with respect to time.

15 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

20 these 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 actually

. reproduced are not necessarily adequate to the écenes, and,
therefore often give the audience a feeling of physical disorder,

25 or often impair the effect of the virtual reality. In these days,

\\
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The acoustic characteristics of a sound, which are 10 det er m ned

according to a first basic nmethod of the present invention and wll
be described later in detail, are transient response signals capable
of realizing great reality. Consequently, such transient response
signals forma set of nunberless pul ses representing wth high

accuracy  t heedmidhy i1 i@ Qteqhieaaeeﬁé&sevéé c&ﬁ%:%:%lnﬂ&' RhBhASES éﬁﬁs&é‘e

| i ke. Therefore, as shown in the description

when a soun
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sound reproduci ng appar at us capa

requi red.
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digitally
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of the movie schthhﬁﬁ ef&h{Eﬂ%ﬁz&%ﬁ?&?&etauﬁﬂea é&%%téb a

20 response S|gna S a |g|ta necessar
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 amusement, and, therefore

enable us to enjoy a sound field improved in reality, which is
different from that obtained in the movie theater using the Dolby
surround phonic sound system.

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 anddapparatus 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 (hereinafter referred to as the
virtual space) in a relatively short time by the use of a
relatively low-speed processing unit.

It is another cbject of the present invéntion to provide a
method and apparatus for generating a sound by using the above

acoustic characteristics of the sound appearing in the virtual

~\\‘h“‘~\§~“‘--_‘
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represent, in size, the response pul ses of the transient response

signals in each of so-called sanpling tine intervals, which pul ses ,
vary with respect to tine and have been divided by a very short time
interval (i.e., the sampling tinme interval, the reciprocal of 25 which
Is the sanpling frequency) in a period of fromissuance of

- 4- spatel tB8NeheBleSh INBtdrieli SARRRRA AACaAchal hfeémssgl £Hif GRS
signals. Théen, by the use of such transient response signals
in the virtual space.
It is further another object of the present inventién to
provide a method and apparatus for simply generating a sound by
5  using transient response signals (which are the above precise
acoustic characteristics of the sound appearing in the virtual
space), while essential acoustic characteristics of the sound in
the space are kept.
It is a still further another object of the present'

10 invention to provide a method 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 have an actual feeling as if he were
the audience in a hall such as movie theaters and like halls.

It is another object of the present invention to provide a

15 method and apparatﬁs for generating 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 inventiop to

20 provide a method and ﬁpparatus for generating a sound adequate to
a picture scene transmitted to the user's home or his'privaté room
through eléctric cables, optical fibers, or wireless
communication. |

According to a first aspect of the present invention, the

25 above objects of the present invention are accomplished by
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sounds appearing in an actual nusical performance and the |like are

reproduced. In this reproduction of the sounds, as shown in Fig. 5 9, a
central processing unit 76 (hereinafter referred to as the CPU 76)
for generating a discrete digital signal 86 is used. The CPU 76 is
provided with: a nmenory portion for setting and storing t he
transient r 4 gnals 83 in which a plurality of the response

pul ses are digitally allocated on the tine axis; and, a 10

sum of - product s calglAtehund? g1 401 &1 ﬁl@@iﬁ% d%%%ﬁ%h@ggi 'Eransiegtt he

actual nusical performance and being digital represent

di screte sighabofil aligradly GhieH Effégejatﬂf&ﬁééﬁfﬁfﬂ%ﬂyngékggtion point

transformation together with 1ts transient” response signa
when a transient signal, which is issued from a sound source

5 disposed in an arbitrary position in an arbitrarily set virtual
space, performs a wave motion propagation 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

10 | space; and

the sound simulation method further compri;es at least a
step for determining a potential reaching the observation point
from each of portions of a boundary defining the virtual space, in
each of which portions each of_the plurality of sound ray vectors

15 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 characteristics of the sound in a relatively short time
without performing a large volume of calculations increasing in a

20 manner of infinite sefies as is in a conventional method in which:
sound waves are issued from a sound source and reflected by a
boundary so that the acoustic characteristics thereof perform wave
motions to radiate in all directions in a space} all of these
acoustic characteristics are then determined, each of the thus

25 determined all of the acoustic characteristics being followed by
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thus set to generate the discrete digital signal 86." 15 Based on
the thus stored transient response signals, sounds appearing in the
nusi cal performance are reproduced. For this purpose, it is

necessary for the CPU 76 to continuously sum up all the data of the
transi ent response signals in real tinme in each of the sanmpling tine

interval s. sullseitiiitl @cougt@bdehatdctebistidd fdittRrd rbEedueaqybpfa20 KHz,
it is necessary to performa digital sanpling of 48 KHz. In case t hat

the rever besiwddefudrit®oundary;i tRe. sﬁ$§é&ﬂéﬁttéﬂ8ﬂ%tﬁ%rchaﬂaéﬁéﬂ§é€ﬂés are
response signals to die away to the point of being substantially

negl ect ed, tKerl dbterminedgCaRESsot &, Nnunber of required sanplings is
65,536. Consequently, 25 in order to reproduce the sounds, it is
necessary to Sum UTHed aB3%e method of the present invention is improved in
5 .efficiency of its processing as follows.
In the above method of the present invention:
as for each of the plurality of the sound ray vectors,
each time the sound ray vector.ié'incident on and reflected by a
portion of the boundary defining the virtual space, a propagation -
10 history dafa 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 probagation history data and an area data of
the boundary occupied by the incident/reflected sound ray vector
15 in the position of the portion of the boundary in which the sound
ray vector is incident on and reflected by the boundary, a
potential reaching the observation point from the portion of the
boundary defining the virtual space is determined.
Further, in the above method of the present invention:
20 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 ébservation point,

adds and stores the value of the potential to determine a

25 time-series transient response signal, which makes it possible to
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pi eces of pul se data per 20.8 microseconds (which is the reci procal

of 48 K) and output its summed-up result. Such hi gh- speed convol ution
transformation function is provided only in a very expensive CPU 76.
Due to this high cost, it is not 5 practical to use such expensive CPU
76. Thus, it is apparent that the need exists for .a sinple

met hod and PREALIYE deres@RtOEHE! BfaRs SONE drddddiid digRah i(WflikhScomprises
response signals varying with respect to time) each time a
sampling operation is conducted.
In order to have a loud speaker in an existing real space
5 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 signal are generated
in the method of the present invention.

Namely, the steps are:

10 (2) a step for setting an arbitrary spéce 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
15 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

20 virtual space and proéagates in the virtual space to produce the
time delay thereof;
(e) a step for dividing the potential into a plurality of
pPieces allocated to the plurality of the loud sbeakers arranged in
the superimposed real space; and

25 (£) a step for determining a transient response signal of each

11
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reality. ' On the other hand, in these days of wi de-use of

video 10 I nstrunents enabling us to enjoy various novies and |ike

pi ctures t hrough vi deo cassette players at our homes or in our own
private roons, in order to enhance our enjoynent, it is inportant to
reproduce with reality the sounds acconpani ed with such pictures. For

this purposgr £xéeMhid Wpeklers2by aaeyhseéa&tafca{a/eﬁtééaga'of l—.%e pb%gﬂtlal

speaker output termnals for the surround phonic sound

these tel evigh®aBRiGatP® @3%h BFCtha' wga o @alyelTe accozéi:l.‘f{?[s ttos th‘é' %&ﬁ.@

sound reproduction systens such as the Dol surroun temand t
l'ike. Howevggiay,n an actual novie theater,

As described above, in the above method of the present
5 invention, it is possible to reproduce the sound excellent in
directivity and in depth by dividing the potential (which is
reflected from the boundary defining a wall surface of the virtual
space to reach the observation pecint) into the pluralit& of pieces
each of which is allocated to each of the loud speakers arranged
10 in the real space.

In most cases, the sound source used in the above method
of the present invention is generally conétructed of a plurality
of.sound sources. Consequehtly, in case that the plurality of
sound sources are used in the method of the present invention, it

15 is necessary to perform the above 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 used as these sound sources and the hali
is constructed of the virtual space, it is possible, by

20 determining the tranéient response signal as to each of the sound
sources, to realize an excellent sound simulation which enables a
listener to enjoy the sound as if he were in a real hall. This is
particularly effective in case that the 1istenér wants to enjoy
the sound as if he were in a movie théater provided with a

25 plurality of loud speakers.
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!ln order to have the audi ence enjoy a two- of t hr ee-di nensi onal 20
:sound field, a large nunber of |oud speakers, for exanple, 10 or nor e
:speakers are di sposed on the side walls of the theater or on
tappropriate positions in the vicinity of a novie screen of the
:t’heater. Consequently, when such sounds of the pictures are
‘reproduced through tIhe theudbspeatkiethddréff NtHes Pdravsenlte iUEH0UBH, 5 ordd®nts
-sound systemin the television set at our hone, it is not
:-6- have the listener enjoy his experience as if he were in the scenes
of a movie and like pictures, the virtua; space is varied
according to the scenes. Further, the positions of the sound
5 sources, which correspond the positions of the people and animals
serving as sound sources, are also varied according to the scenes.
Since the above—mentioned transient response signal is
excellent in accuracy and determined by performing a large number
of digital sampling operations, generally it is necessary to use a
10 high-speed sum-of-products calculator in order to actually
reproduce the sound based on such transient response signal.
Consequently, in order to reduce the number of data processing
operations while the reproduced sound is kept high in reality, it
is necessary to determine a new transient response signal by
15 extracting only a predetermined characteristic signal pulse from
the transient response signals representing the acoustic
characteristics of the space. In this ext;action, particularly, of
the pulses of the transien£ response signals varying on the delay
time base, ones are selected in ascending order of the absolute
20 value of their amplifude peak. Further, of the pulses of the
transient response signals varying on the delay time base,
positive ones are selected in ascending order of tﬁe positive
value of.their amplitude peak, while the dther-negative ones

following the above-mentioned positive ones are also selected in

25 the same manner. By extracting such negative pulses with which the
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possible to enjoy a feeling of three-dimensional sound field that we
can experience at the novie theater. On the other*hapd,
recently, the need for a so-called virtual reality such as virtual

i mges and the like is increased. 5 Since the virtual reality enables us- :
to experience a feeling of a virtual environment as if we were in an
actual enviposiisive pulses are acepmpatidd} hit isgosgiblal toezkbrpduge the
applied in various fields. However, up to this tine, the virtual

reality is sousddeitdd a considesableadépths Forthed Urit ii¥Rgeso pBEsible: to
therefore considered little 10 as to reproduction of sounds acconpanied

W th such pextraet ithmgdransient TEEponsé sbyedlPmAtth ulske ofi at ual

reality, it is apparent that the need exists for a nmethod of
repr oduct i opredetsatimidsece thiveishgvidiue; or, to divide the transient response
5 signals into a plurality of groups,'in each of which groups the
signals are packed on the time base and extracted therefrom.

On the other hand, the present.invention realizes an
actual sound reproduction by the use of the thus determined
transient response signals..Mbre particularly, as for the thus

10 = 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 sequéntially inputted is outputted on
each of the delay_time according to each of the above-mentioned
relative amplitude values, so that these signals thus outputted at

15 the 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 predetermined ones so as to
remove high-frequency components in the pulse of the sound signal.
It is glso possible to apply reverberation to the gap between the

20 - thus extracted pulses.so as to reproduce fhe sound in a continuous

manner.

The method of the present invention comprises the steps

generating a plurality of transient response signals which

25 are different from each other according to a sound being



to feel as if we were actually in a virtual environnent which vari es
wth respect to tine. 15 As for picture scenes, they vary with
respect to tine, and, therefore often require their sounds to vary
also with respect to time. For exanple, there is a scene of a room
fol |l oned by a subsequent scene of a prairie. O, there are a series

of .scegpsoduiced) aihd he situation becomes gradually nore serious. In
20 t hese cases, up to this tine, according to the situation in each

of the scenes, reveéélﬂﬁatg Hhe ransddRf BEspETEY ok dhala Rwman
feeling of an operator. Consequently, the sounds actually r epr oduced
are not necgeghasfpraiftialcalicalbB8rSHRERSth@dbund is reproduced, the
transient response signals having been stored according to the
5 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 generated.
The plurality of the transient response signals may be
10 previously stored, and éynchronized 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 alsb possible to receive the transient
response signals before the sound signal thus transmitted is
15 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 de;ermining the transient response signals; |
20 | Fig. 2 is a fiowchart 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 propagation
history of each of the sound ray vectors by the use of a so-called

25 approximate boundary integral;

15
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therefore often gi ve the audi ence a feeling of physical disorder, 25 = or
often inpair the effect of the virtual reality. In these days,

-7- reality is nore required than ever. Consequently, the need

exi sts for reproduction of sounds which are adequate to a space of
each of the novie scenes, and, therefore give reality to the space
to a . maxi murFighs 4ddschi Feewahay e, ofiCs Ghrbdukditgs pebceaase #88d i n

each 5 of the novie scenes, the sounds are automatically processed and
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,

5 illustrating a micro—are; element and its area size defined by thé
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;

10 Fig. 6 is a graph of a series of the sound.ray vectors and
the_transient responses of the direct and the reflected sound both
to be determined, illustrating their total potentials at the
observation point versus time;

Fig. 7(a) is a graph of the response obtained by the usé

15 of a conventional orthodox calculation called the virtual-image
method;

Fig. 7(b) ié a graph of the impulse response ocbtained in
the virtual space by the use of the calculating procedure of the
present invention;

20 Fig. 8 is a biock 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 transieﬁt response
signals;

25 Fig. 10(a) is a graph of the-transient response signal
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accurately reproduced so as to be adequate ones appearing in the

space. This may inprove the sounds in anusenent, and, therefore

enable us to enjoy a sound field inproved in reality, which is

different fromthat obtained in the novie theater using the Dol by 10
surround phoni c sound system ' As descri bed above, it is
appar ent .t habtaimedicatl the izfie method For @Geferwtlig NtHeritiraihsiRintodespdnse
apparatus for determ ning actual and effective acoustic

characteri ssigiaDfag teatdhoid.inf Bigher (b) , illdStratimR Mok anglaRpdeabEs
for actually utilizing the results of 15 t he above sinulation to

generate a @héetr&mdicitiNfbsponse signal varying withVRRbSIt HaE thihdERRI ON
It is an object of the present invention to provide a
logarithmic scale;

5 Fig. 10(b) is a graph of the transient response signal
obfained 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;

10 Fig. 11(a) is an enlarged view of a wa&e shape of the
transient response signal shown in Fig. 10(a), the wave shape
being enlarged on the time base and taken from the samplings
ranging from Nos. 0 (zero) té 4,096;

Fig. 11(b) is an enlarged view of a wave shape of another

15 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 gioup 90
20 different from the otﬁer transient response signals;
Fig. 12(b) is an enlarged portion of the graph shown in
Fig. 12(a), illustrating the signal group 90 enlarged on the time
base; | | |
Fig. 12(c) is an enlarged portion of the graph shown in
25 Fig. 12(a), illustrating only the sampled pulses of the signal
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sound.sinulation nmet hod and apparatus for generating the acoustic
characteristics of a sound with high accuracy in an arbitrarily 20 set

t hr ee- di nensi onal space (hereinafter referred to as the - virtual
space) in a relatively short time by the use of a relatively
| ow- speed processing unit. It is another object of the

present i NnuARIUOBO enfatgedeol the tinmelayé;and apparatus for generating a
sound by using the above 25 acoustic characteristics of the sound
appearing_in t he viFiguall3 a block diagram of the concept of a simple
apparatus for reproducing the sound by the use of the sampled ones
of the transient response signals;
5 : Fig. 14 is a schematic diagram illustrating the potential
affecting the observation point in the space;

Fig. 15 is a plan view of a movie theater, illustrating
one of the sound ray vectors and its potential relative to the
audience;

10 Fig. 16(a) is a plan view of a space in which the virtual
Space shown in Fig. 15 is superimposed over the real space,
illustrating the potential of the sound ray vector which is
divided into four pieces each allocated to each of loud speakers;

Fig. 16(b) is a schematic diagram illustrating a method

15 for dividing 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 plan view.of the real space superimposed

20 over the virtual spacé provided with the loud speakers serving as
the sound sources, illustrating these loud speakers for sound
reproduction and the listener:;

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

25 the sound sources, illustrating these loud speakers for sound

18
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space to enable a listener to have an actual feeling as if he were

In the virtual space. It is further another object of the
present invention to provi de a nmethod and apparatus for sinply
generating a sound by 5 usi ng transi ent response.signals (which are the
above precise acoustic characteristics of the sound appearing in the
virtual . reprchafttlon \ahid ¢hesltstémér Acthes tvirttiadr apheki gbhtaininghe few
sound in . the space are kept. It is a still further

anot her objmstakife tdotingl @dartes 18uch i 4¢ ghérsvhd and awifi@las; et hod and
apparatus for generating a sound

Fig. 19 is a schematic diagram illustrating the concept of
superimposition of the real space over the virtual space varying

5 with respect to time;_

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

Fig. 21 is a block diagram of a second apparatus for

10 reproducing the sound in the real space in a condition in which
the virtual space varies with respect to time; and

Fig. 22 is a schematic diagram illustrating the concept of

picture/sound signal transmission conforming to the MPEG

standards.
15 DESCRIPTION OF THE PREFERRE:D EMBODIMENTS

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

First of all, in order to facilitate the description of
the present invention, Rirchhoff integral and a so-called

20 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 integral equation (i.e., equation 2) is derived

25 from Kirchhoff's three-dimensional wave equation (i.e., equation
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for enabling a user enjoying a novie and |ike pictures at his hone
or in his own private roomto have an actual feeling as if he were
the audience in a hall such as novie theaters and |ike halls.
It is another object of the present invention to provide a 15 met hod and
apparatus for generating a sound for enabling the user to have an
actual feelli)ngramodiifieattor of the pspmtifore@cisotalhed the scenes of the
novie and |like pictures as the scenes vary wth. respect to tine.
It is furthepprximate-bbhadaref ihbeyRile wfiationettii.en,t @quabion@pyi de a
- met hod and apparatus for generating a sound adequate to a picture
scene transmtted trhel RErdRR6ES' §Oterad-diinferiFionalle wad8Mequationt (i aaigh
el ectric cables, optical fibers, or wireless

equation 1) is represented as follows: - - .

1 9%
C? at?

Vi~ = — F(x,y,7,t)

where: "¢;'is the velocitf potential; C is the sound velocity; t

10 is the time; F is a wave source; and, X, y and z are
three-dimensional coordinates. Further, in Fig. 14: 82 is the
surface defining an arbitrary spaée; Q is an arbitrary point on
the S2; P is the observation point fof determining the transient
response; V is an area except an area V1 in the vicinity of the

i5 observation point P; and, dS2 is a micro-area vector on the $2.

The equation 2 is the integral of the Kifchhoff's

three-dimensional wave equation (i.e., equation 1) to represent
the velocity potential at the observation point P, and is
represented as follows:

20

cr

o= [ Fltva L | { RO ORACH ‘—[%{’-]‘yr}-da

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

20
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commruni cati on. According to a first aspect of the present
I nvention, the 25 above objects of the present invention are
acconpl i shed by . -9-
provi di ng: In a sound sinulation nethod for determ ning
transient response signals which affect a predeterm ned observation
point  thehebsarihedshepdint gals2 iy the surfavedofr e & sainiks Ealr ce
arbitrary point on the 82; and, ro is the distance between the Q
and the observation point P.
The modification of the integral of the Kirchhoff's
5 equation (i.e., the approximate-boundary integral equation 3) is

represented as follows:

m-%f(t-i)

s[crn, 31f -E"—){cos(f,ﬁ)-cos( i) }+-—f[t-l—]{%cos(’r'.ﬁ)'--rl—ocos(?,.ﬁ) }}ds,
10
where: ¢p is the velocity potential at the observation point P;’
()td is the delay time t-r/c; V is an arbitrary space surrsunding
the observation point P; 82 is the surface of the V; Q is an
arbitrary point on the 82; r is the distance between the Q and the
15 observation point P; and, ro is a total distance between the wave
source and the Q.
Further, f£(t) represents a transient signal of a sound
produced at the wave source.
Now, a means for generating the transient response signal
20 on the basis of the aﬁove—mentioned approximate~boundary integral
equation 3 will be described. Although the means mentioned above
is describéd 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

25 equation may determine the wave characteristics of a sound as is

21
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5 disposed Iin an arbitrary position in an arbitrarily set virtual

space, perforns a wave notion propagation through the virtual space,
t he i nmprovenent wherein: the transient signal is represented
by a plurality of sound ray ‘vectors radiating fromthe sound source
in the virtual 10 space; and t he sound sinulation nethod
further cogprkheSKakchReff integral ciitibar addt ehai Dikg. a potenti al
reachi ng the observation point . fromeach of portions of a boundary
defining the virtugigspatetoifl show £lRwcha®tsWbECBrpoesising mrsdedirdshof
pIurallty of sound ray vectors 15 Is reflected.

the present invention for determlnlng the transient response
'slgnal, i.e., impulse response 51gnal.

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

"processing procedure A" and "processing procedure B".
A step 7, i.e., "processing procedure C" shown in Fig. 1

10 corresponds to a processing procedure 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 procédure E" shown in Fig. 3 corresponds to a
processing procedure shown in Fig. 4.

15 As showh.in Fig. 1, in a first step 1 "initialize",
performed as prerequisite for executing the processing procedure
are "setting of calculation conditions", "setting of wave-source
conditions", "setting of a boundary", and "setting of wave-éource
radiating sound ray vectors™.

20 Set in the "sétting of calculation conditions" are: '
three-dimensional coordinates of the wave source; the number of
observatioh points; three-dimensional coordinates of each of the
cbservation points; the temperature and moistufe of the air in the

space; an analytic frequency (i.e., the highest frequency in the

25 transient response to be calculated); the duration time, T of the
22
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By the use of this sound simulation method of the pr esent I nvention

it is possible to determne in a sinple manner the acoustic
characteristics of the sound in a relatively short tine wi t hout
performng a | arge volunme of calculations increasing in a 20 manner of
infinite series as is in a conventional nethod in which: sound waves
are issued frzmpikrtowedponsectodbd c£fhaGitRd Dand, the likReUngasN Séttivd

t he acoustic characteristics thereof performwave notions to radiate

in all dir e ipgForthed Byameansdl 6f in tﬂgﬁﬁ: unit th_%agﬁt WhiEhas ags&F | Sihees

are then determ ned, each of the thus determ ned all of the acoustic

charact eri siddesd2iyndaltal, | 6¥eByMeans of an external memory unit from which
the necessary data is retrieved.

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

10 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

15 theorem. A size of memory area for storing therein the transient
response to be calculated, which is used in the "processing
procedure B", is determined 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 fo the

20 boundary defining a séund 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

25 number of the boundaries; a normal, i.e., perpendicular line of

23
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-10- | subsequent acoustic characteristics further reflected by a

subsequent boundary; the subsequent acoustic characteristics are t hen
determ ned; and so on. The above nethod of the present

i nvention is inproved in 5 efficiency of its processing as foll ows.

In the above nethod of the present invention: _ as for each of
the pl ural iéaciofof Mthes MdUhdadic¥eClObBdinates R Eadh WertBg $AUBHChAY¥F the
vector is incident on and reflected by a portion of the boundary

defining t Nsownddrirls SpaFlectiPhORAg3ib&Srption at the boundaries; and, the
like. Incidentally, in the following description of the embodiment
of the present invention, in order to facilitate.the description,
5 it is assumed that each of the boundaries only performs total
reflecfion and total absorption of the sound over the entire
frequency band.
In the "setting of wave-source radiating sound ray
vectors"™, the number of sound ray vectors, N, radiating from the
10 wave source are calculated. In this setting, the wave motion of
the sound propagated from the wave source is simulated to
calculate both a position and a time at whiéh the wave motion is
reflected at the boundary, so that acoustic characteristics (i.e.,
velocity potential "¢ p" of the sound at the observation point are
15 calculated. Such simulation of the wave motion propagation of the
sound is performed by the use of numerous vectors, each 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
20 is set so as to let tﬁe distance between adjacent sound ray
vectors be equal to or smaller than 1/2, preferably 1/4 of a wave
length ").ﬁ of the analytic frequency. The length between adjacent
sound ray vectors depends on the capacity of prbcessing units and
the degree of approximation in the reproduction of the sound, and,

25 therefore may be more than 1/2 of the "A" in some cases.
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10 hi story data conprising data of the sound ray vector having been

I nci dent 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 t he
boundary occupi ed by the incident/reflected sound ray vector 15 - in the

posi tion of IhBRdetdinn ledthesbedpdasentinghtd) vt RiFFdce of thed¥ound

vector is incident on and reflected by the boundary, a potenti al

reachi ng t herepsgdted i3 thel Bpabe9MablegeRétd Pl BallltR the souRQURES' Y
defi ni ng tﬂng|rtual space iskheternineg. Hly Furt her, |g t he

above net hogde@fotde g agRiYe isBVARL FRP: vedlors, ones radiaitlingalerbi Che"REPEY
portions are arranged in a
source are especially called the radiating sound ray vectors.

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

10 therebetween with respect to the wave source.

Selected in step 4 following step 3 is the boundary B
having an intersection at which it intersects the sound ray
vectors propagated from Ehe sound source. In step 5 following
step 4, when there is no boundary intersecting with the sound ray

15 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

20 its front or its back.to the sound ray veétor.

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 is within an.angle range of from
0 to 180 degrees. In other words, in case that the normal vector

25 of the boundary is so defined as to extend outward in a virtual
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time-series array, of the nenbry portiohs, one, which

corresponds to a tine del ay produced until the potential reaches the
. observation point, adds and stores the value of the potential to
determne a 25 ti me-series transient response signal, which makes it
tpossible to -11- digitally

irepresent thpddegnsihefl theSaAGie Sogiad Hetwedh AMRPhoERS]1 bounddH$ it ethe
signals varying with respect to tine) each tine a

radiating sound ray vector is within the angle range of from 0 to

180 degrees (i.e., when an inner product thereof is positive), the
boundary is defined to be the front. Otherwise (i.e., when the

5 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 is necessary for
the computer to judge in operation: whether the sound ray vector
is issued from the inside éf the boundary toward the front side

10 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 toﬁard the back side thereof (i.e.,
whether or not the sound ray vector merely passes through-the
boundary without being reflected thereby) .

15 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

20 step 7, i.e., proceséing procedure "C".

In step 7, i.e., processing procedure "C", when the
boundary B.is set so as to completely absorb the wave 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 subsequent

25 step 12 in which the total propagation distance d between the wave
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sanpling operation is conduct ed. ' In order to have a | oud
speaker in an existing real space 5 reproduce a sound with so reality as
to have a listener feel as if he were in the virtual space, it is
necessary to performthe foll ow ng steps when the transi ent response
signal are generated _in the nethod of the present invention.

Namely, thes6iiffs ik thel@ntersdltionaQSéLPthd bdifidaryd Bl sakhlbhdaYedpace
which is a virtual space; (b) a step for setting a

g_redet e& M ngglep 6B 15 A1 licwadh byh ad subsequéhtlstdg LNf In0wdepPeakeihedl €he
|5ste - thus calculated propagation distance d is one permitting the

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

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

10 Otherwise, i.e., in step 13, when the propagation
distance d is not such one, step 13 is followed by a subsequent
step 14 in which an incident angle "@" of the sound ray vector
incident upon the boundary B is calculated to determine the
incident angie formed between the incident sound ray vector and

15 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,

20 r". Consequently, thé "En, r" is the radiating sound ray vector
which is issued from the wave source 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 vecfor of the reflected

one of this incident sound ray vector, the reflected one being

25 reflected at the intersection Q. The reflected sound ray vector is
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(c) " a step for superinposing a |istening point disposed in a 15 r eal

space over an observation point disposed in the virtual space; N
(d) a step for determning the potential affecting the observation
point after the elapse of the tinme delay of the transi ent signal

which is issued fromthe sound source in the 20 virtual space and

propagat es deFilmRl \Ho' beabne&PREEch 0L 9 EHHEIGE ﬂl‘hQ‘adiatin?t s8Bndetay wdet&ODn
(e) a step for dividing the potential into a plurality of pi eces

al | ocat ed tgaifify BeéndreYebted Ngt | el SRR BAENANERJESENd there! BE the
superinposed real space; and 25 (1) a Sstep for determning a
transi ent resMAARSIsdNal ehyed€eBtors, one having been reflected at the
boundaries "r" times is defined as "Fn, r". Consequently, the ﬁFn,
5 1" is the n'th sound ray vector having béen reflected at the
boundary for the first time.
Step 15 is followed by a subsequent step 16. Stored in the
main memory or an external memory unit in step 16 are: arrangement
No. B of the boundary; total propagation distance "d" between the
10 wave source and the intersection Q; three-dimensional coordinates
of the intersection Q; the direction vector "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
15 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
velocity potential of the sound ray vector, which potential
affects the observation point P each time the sbund ray vector is
20 reflected at the arbifrary point of the boundary surface S2 (shown
in the above equation 3). Tbe total propagation distance "d" above
described éorresponds to the "ro" of equation 3.
Step 16 is followed by a subsequent ste§ 17. Selected in

step 17 is another or subsequent one of the boundaries B having a

25 new intersection Q at which such another one intersects with the
28
_—
This Sheet Has Been

IR



-12- of the | oud speagers by addi ng each of the pieces of the

potenti al thus allocated to each of the |oud speakers according to
its time del ay. As descri bed above, in the above

nmet hod of the present 5 i nvention, it is possible to reproduce the
sound excellent in directivity and in depth by dividing the

potential (MEfréctéd sound ragf haeted hadihghend Liksvsdieivenl, Ngva wabkp 17

surface of the virtual
is followed by a subsequent step 18. When there is no boundary B
having the intersection @, the processing'procedure goes to "End",
as shown in Fig. 2. When there is any other boundary having such

5 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

10 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 vector, as is clear from

15 Fig. 1, the same processing procedure is repeated for each of the
subsequent radiating sound ray vectors. Namely, after completion
of the processing procedures as to all the radiating sound ray
vectors, the processing procedure "C" is followed by a subsequent
Processing procedure "B",

20 In summary, tﬁe 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

25 storing the initialization data; a means for calculating or

29
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space to reach the observation point) into the plurality of pieces

each of which is allocated to each of the | oud speakers arranged 10 in
the real space. I n nost cases, the sound source used in the
above net hod of the present invention is generally constructed of a
plurality of sound sources. Consequently, in case that the plurality

of . SEEBErMONiK§ St PrtiRiYatlonh @etBirA0dats ; t fd PrL Tfilind PN gtdRinkt
15 i s necessary to performthe above step for generating the

transi ent reggogggﬁ,gégﬂﬁgn afeddrEdtaQf the plurality of sound
sources. For exanple, in case that a plurality of |oud speakers
installed in a hal | oAl end!SEheéds HaMeS € a0 B0 8HF CPor Bl ¢ N3 Nddiculation
performed in the subsequent prdcessing prbcedure-"D" is based on
5 the propagation hiStoiies of n pieces of the radiating sound ray
vectors, as follows:
Namely, the processing procedure "D" starts with step 21.
In step 21, coordinates of the first observation point f for
calculating the transient response are retrieved from memory and
i0 the like. First, data as to the propagation history of the
radiating sound ray vector 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 6bservation point P, subsequent propagation
15 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 observation point P, the processing procédure
goes to step 25 in which a direction vector R extending from the
cbservation point P toward the intersection Q recorded in the
20 propégation history is calculated. Step 25 is foliowed by a
subsequent step 26 in which the distance RD between the
observation point P and the intersection Q is calculated. Step 26
is followed by a subsequent step 27 in which wﬁen a straight line
connecting the observation point P with the intersection Q |

25 intersects with the remaining one of the boundaries, it is judged
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is constructed of the virtual space, it is possible; by 20 determ ning

the transient response signal as to each of the sound sources, to
realize an excellent sound simnulation which enables a listener to
enjoy the sound as if he were in a real hall. This is particularly
effective in case that the |istener wants to enjoy the sound as if

he were in thatO\the Bkabety pﬁ@&éﬁ@i&%ﬂﬂhﬁth@lntﬁhﬂéatibﬂ ofdéesichot
speakers.
affect the cbservation point P. As a result, the processing
procedﬁre goes to step 32. On the other hand, in step 27, when the
straight line connecting the observation point P with the
5 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 observation 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
10 velocity potential on the boundary B affects the observation point
P, and therefore step 28 is followed by the processing procedure
"E". 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
15 predetermiﬁed distance being the sum of the total propagation
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
20 element of the bounda&y 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 fesponse is stored

in array. When some data has been already stored in the same

25 location of array, the transient response is added to the data.
_—
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In the above nethod of the present invention, in order to have t he

| i stener enjoy his experience as if he were in the scenes of a novie
and like pictures, the virtual space is varied according to the
scenes. Further, the positions of the sound 5 sources, which correspond
t he positions of the people and aninals serving as sound sources,

are al so VEbrelpaseoedl Ay O HHE nicRBCarea element is sSidEFindiE as to be
above-nentioned transient response signal is excel l ent in accuracy

and det er nhRed By POFAGA MOt M@ sRefRoh O by aOfolididritfleamdd g the
operations, generally it is necessary to use a 10 hi gh- speed

sum of - pr ogld@t fi E8bR UbAT Be | Sbuitid §ayt Q'e%‘l‘:b!r.m i Fig. 5(XEPrL@IeR-aysend
based on such transient response signal. Consequently, in order to

reduce thegunRghngf rgft'@eo?f&?se%?ég.ssued toward the boundary, and one

5 (shown in solid line) of such sound ray vectors forms the
micro-area element on the boundary. In Fig. 5(B), is a plan view
of the micro-area element formed on the boundary. As is cleér from
these drawings, the micro-area element on the boundary varies in
size and determined by an angle formed between the sound ray

10 vector and the boundary plane. 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,

15 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,

20 this area 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 which the first term of the intégration term of
equation 3 is calculated. Step 41 is followed by a subsequent step

25 42 in which the second term of the integration term of equation 3
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operafions whil e the reproduced sound is kept high in reality, it s
necessary to determne a new transient response signal by 15 extracting

only a predeterm ned characteristic signal pulse from ~ the transient
response signals representing the acoustic characteristics of the
space. In this extraction, particularly, of t he pul ses of the

transi ent rigspeNsRlaitedal $nVesayeulhitivd e ddled¥mbodimenti 8B RS Proddst ar e
sel ected in ascending order of the absolute 20 val ue of their anplitude

peak. Furt ierren®fionhhespHbecthef rdflection anld Re ABECHBEPORSEE S WA in
varying on the delay tinme base, positive ones are selected in

ascendi ng GHEboRhdhl9 BP8I déFfned to be/&hee t@:ftalhﬁéflé@eibﬁ%‘i‘dpﬁ?é( ol e
t he other negative ones
absorption only, the function f£(t) used in the calculation may be
5 defined as to be equal to the initialized transient function of
the wave source. When each of the reflection and the absorption
are a 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
10 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

15 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.

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

25 of the calculus of convolution transformation.
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folloﬁdng t he above-nentioned positive ones are also selected in 25 the
sanme manner. By extracting such negative pulses wth which the

-14- positive pul ses are acconpanied, 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 pr edet er m ned

thresh value;. or, tUm ditepgedsheot 4BNSOEIGwIrRS thes &tep 4551 ghal EransDemt
plurality of groups, in each of which groups the
response base on the integral :esult 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,
5 there is provided a numerical array in which the transient
response to be calculated is storéd. Such array may be proﬁided 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
10 the wave motion reaches the observation point P. Consequently, the
result of the transient response corresponding to the time Dt at
the observation point P is added and stored in the corresponding
location j in the numericél array. More particularly, in the step
46, the time Dt at which the wave motion reaches the observation
15 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.
20 Step 47 is followed b& 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 numerical 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

25  in the location j, whereby the same effect as that in the

_\
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signafs are packed on the tine base and extracted therefrom

On the other hand, the present invention realizes an actual sound
reproduction by the use of the thus determ ned transi ent response
signals. More particularly, as for the thus 10 extracted transient
response signals, each of the pul ses thereof are set in its delay
tinme and. i tsppadtinatee ditegirdttonal s cobifdiied. Furthe?gChbyohrikAfigiAgnthe
signals sequentially inputted is outputted on each of the delay tine

accordi ng tfredglcdatifth abodemaERAbLOBE0time seried AtiitvesapBkkinle ¥al ues,
so that these signals thus outputted at 15 the sane tinme are sumed up

to produce fefEiévdUte Womd-rieladcharactefidtids et the' bB8ervAtion point
frequenci es of the thus outputted sound signal, it is possible to
remove predpt gy "R A192sSQide.t 0in the order of the array location), which
5 enables the sound to be reproduced, wheréby the method and
apparatus 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
10 history as to the n'th radiating sound ray vector is calculated,
the same operation is conducted as to the (n+l)'th radiating sound
ray vector. Then, after completion of calculation as to all the
radiating sound ray vectors, data prpcessing for a subsequent
observation point P is conducted in a manner as shown in Fig. 3.
15 In summary, in processing procedure "D": the velocity
potentialiof 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
being reflected at the boundary; and, the transient response at
20 the observation point.P is determined and stored.
As is clear from the above, a means for accomplishing the
processing procedure "D" may be ény means, provided that the means

processes the stored propagation 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
— 35
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remove hi gh-frequency conponents in the pul se of the sound signal
It is also possible to apply reverberation to the gap between the 20
thus extracted pulses so as to reproduce the sound in a continuous
manner . The net hod of the present invention conprises the
st eps of : generating a plurality of transient
response . siconputenti oh s&be othee utiiftf pirentidetowi ehchaniwere aiuoddictmtinga
sound bei ng
an appropriate processing procedure by the use of the
approximate-boundary integration.

After completion of the processing procedure "D", step 49

5 shown in Fig. 1 follows it. In step 49, in order to determine the
acoustic cha;actefistics of a direct sound issued from the sound
source and affecting the cbservation 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

10 sound reaches the observation point P.

Fig. 6 shows a graph of a series of the sound ray vectors
and the transient responses of the direct and the reflected sound
both to be determined, illustrating their total potentials at the
observation point P versus time. More particularly, in the

15 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 a
whole. The processing procedure "D" and adding of the direct sound

20 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 orthodox

calculus called the virtual-image method. On the other hand, Fig.

25 7(b). shows an amplitude wave shape of the transient response
'x__
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-15- repr oduced; and setiing t he transi ent response

signals in a sum of - products cal cul ator when the sound is reproduced,
t he transi ent response signals having been stored according to the 5
sound,; whereby a new sound is reproduced, the new sound
having =~ acoustic conmponents properly varying according to a space in
which siafhall igithall 1506bdal fed ethpqighl uars dbowe E&b&bedmg procedures.
The plurality of the transient response signals nmay previ ously

stored, andrsYapatisend witthhadcSNPERE 1 Réave @Ft&be 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

5 shapes. As is clear from this fact, the present inventién realizes
reproduction of the amplitude wave shape of the transient response
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

10 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 playeré and 1ike-equipments, and inputted to a
sum-of-products calculator 72 through a line 71. The sound signal

15 thﬁs 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

20 (hereinafter referred-to as the CPU) 76 for actually performing a
convolution calculus; an A/D converter 73 which is connectéd with
an input terminal of the CPU 76 through a line 75; and a D/A
converter 78 which is connected with an outputrierminal of the CPU'
76 through a line 77. However, in cése that the sound reproduction

25 equipment 70 issues its output signal in a diéital mode, it is
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acconpanied wth the sound signal. The thus obtained correspondi ng

transi ent response signals may be set in the sumof-products

calculator, or, it is also possible to receive the transient response
signals before the sound signal thus transmtted is 15 recei ved, whereby
t he sound is reproduced based on such transient response signals.

BRI EF DESCRi&Hi#d @hatHEhERAYDNGSnhverter 73 is remidred! AS anfLRMEPPEétof the
illustrating a processing procedure for determ ning the transient

response sigitsE-prédiucts calcul&t8r 72 Stherd QW ilyiithh UALARST B8nPolution
processi ng procedure for determ ning and storing the propagation

history,  Processor FDPF10pldsi$ RhitioWeda lprddust sabbifed BLORESStSfpany
procedure : :
called the Lake DSP Pty. Ltd.

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

10 As shown in Fig. 9, a discrete signal 85 is a discrete
representation of the analog signal on the time base and appears
on the 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 response signal determined

15 through the above processing procedure for generating the
transient response signal or through any other proéer processing
procedures. In order to determine an actual discrete digital
signal 86, all the data of the discrete signal 85 (which is
inputted in real time to the CPU 76) for its every divided

20 discrete time are proéessed in a convolution calculus ortion 84 of
the CPU 76 so that the convolution calculus portion 84 produces a
response signal corresponding 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

25 discrete signal 85 for its every discrete time interval is summed

38
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ifor célculating the transient response based on the propagation
thistory of each of the sound ray vectors by the use of a so-called 25
{approxi mate boundary integral;

- 16-

“cal cul ati ng,

Fig. 4 is a flowhart of a processing procedure for
addi ng and storing the transient response by the use of

:the approxi g arbaheddonvolhegénl calculus portion BUgbydaapliufabi HFISPeines
‘view of the boundary,

10

15

20

25

the number of which corresponds to the number of divided pieces of
time in the transient response signal 83. For example, in order to
reproduce the sound in frequency up to 20 KHz, it is necessary to
use 65,536 pieces of taps when the transient responée 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 to sum up the data as to 65,536 pieces
of the taps for every 20.8 microseconds (i.e., 1/48,000 seconds 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 product supplied from a company called the Lake DSP
Pty. Ltd.

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

Fig. 10(a) is a logarithmic representation of the
amplitude of the transient response signal on the time base, which
signal is generated fhrough the sahe method as that for generating
the transient response signal shown in Eig. 7(b). Fig. 10(b) is a
logarithmic representation of the energy of the transient response
signal on the time base, which signal is generéted 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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5 i[lustrating a mcro-area elenent and its area size defined by the

sound ray vector; Fig. 5(b) is a plan view of the boundary,
illustrating the m cro-area elenent and its area size defined by the
sound ray vector; 10 Fig. 6 is a graph of a series of the
sound ray vectors and the transient responses of the direct and.the
reflected sDnpshk-Rat Bf the tir@nBeeflet fospoesk didridl iy ised hitepd .ot al o
potentlals at the observati on point versus tineg; Fig.

7(a) is a ghbdfosdcdris r&%&%@%@n&bﬁé' 864 & KHA &g inkd timdk, 2af@n¥Rat i onal
orthodox cal culation called the virtual -i mage
duration time in reproduction is set at 1.3 second, so that the
| total number of sampling times of the transient response signal on
5 the time base is set at 65,536 times. Here, each of 65,536
sampling times ié identified by its sampling number (i.e.,
sampling No.).
In Fig. 10(a), a time when the.transient signal is
produced at the sound source is defined as a sampling No. zero
10 (0), and the wave form of the transieht response signal subsequent
to the sampling No. 0 is illustrated. As is clear from Fig. 10(a),
essential pulses are concentrated in a front half portion of the
graph up to approximately the sampling No. 4,000. On the other
hand, as is clear from Fig. 10(b), attenuation in fhe transient
15 response in the graph on the time base is marked at about GQ dB at
a sampling No. 65,536. Consequently, although such 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
20 of the present invention.
Fig. 11l (a) shows an enlarged view of'the wave shape
ranging of from the sampling Nos. zero (0) toé 4,096 shown in Fig.
10(a). As is clear from Fig. 11l(a), essential pﬁlses exist in a

range of the sampling numbers up to about No. 4,000. Of these

25 essential pulses, ones with particularly large amplitudes exist in
S
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met hod, Fig. 7(b) is a graph of the inpulse response
obtained in the virtual space by the use of the cal cul ating
procedure of the present invention; 20 Fig. 8 is a block
di agram of the apparatus for reproducing t he sound by the use of the
transi ent response signals; Fig. 9 is a schematic di agram of

‘the concepty ffrther 1imi€EH0sASGLT THereFOHR] bylyhehiffchériditid s o
response signals; 25 Fig. 10(a) is a graph of the
transient n@ePPUitesi §A8kn in Fig. 10(a) are extracted so that another new
transient response signal is produced as shown in Fig. 11(b).
Then, the thus éxtracted transient respanse signal is used as the
5 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 appéreﬁt that the pulses with
sufficiently large amplitudes capable of reaching a listener's ear
10 after the elapse of a predetermined time can stimulate the
listener's sense of hearing. In contrast with reverberations such
as echoes which merely attenuate in an exponential mode and have
been widely used to produce a three-dimensional reverberation
effect, the above pulses enable the listener to enjoy the
15 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
20 reproduced, the sound.being detected as if it were generated in
the space. On the other hand, the remaining pulses other than the
above charécteristic pulses serve as supplementary eleménts to the
characteristic pulses in the listener's sense of hearing, and,

therefore are not necessarily reproduced with high accuracy in

25 comparison with the characteristic pulses.
—— 41
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o17- obtained in the same nethod for generating the transient

response signal as that shown in Fig. 7(b), illustrating the
anpl i tude of the transient response signal varying with respect to
time in | ogarithm c scale; 5 Fig. 10(b) is a graph of the
transi ent response signal obtained in the sane nmethod for generating
the transient respopgfther, 1@'@@03@%&3350598&9915{25& adttal image of,
illustrating the energy of the transi ent response signal varying with

respect to th8Bspice by usOUfrtHdWran3i@he’ response signal comprising both
the negative and the positive pulses, the positive pulses being
followed by the negative pulses. In effect, by using the negative

5 pulses, it is possible to take out the components in frequency of

the transient response, and also possible to have the listener
recognize the three-dimensional shape of the space and especially
its intermittent boundaries, because, as is clearly derived from
the above equétions 2 and 3, the negative pulses represent

10 discontinuous portions of the boundaries. In other words, these
negative pulses are produced by predetermined portions of the
boundaries or wall surfaces defining the three-dimensional space,
which portions comprise convex intersectional area formed between
the boundaries, and some areas of the boundaries where the

15 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
reproduction of the three-dimensional sound.

20 As described-above, it is possible to recognize essential
parts of the acoustic characteristics of the sound in the space
by: extracfing the characteristic pulses of the transient response
signal; and, reproducing the characteristic poftions of the sound
with the use of the thus extracted characteristic pulses of the

25 transient response signal. Further, it is also possible to

42
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10 Fig. 11(a) is an enlarged view of a wave shape of the

transi ent response signal shown in Fig. 10(a), the wave shape - being
enlarged on the time base and taken fromthe sanplings rangi ng from
Nos. O (zero) to 4,096; Fig. 11(b) is an enlarged view of a

wave shape of another 15 new or characteristic transient response signal
sanpl ed fromeiaakably redabevé ldadiigh dbiadprotesiaye (shaps e HgmaidArged
on the tine base; Fig. 12(a) is a graph of signal
groups of thie ta@GsE8ht responddSiYea HUadiadld, bBAEIIGEd AipY by ! Usttrdtithg
the signal group 90 20 different fromthe other transient response
signals; the data for preparing a new transient response signal from a
large number of the transient response signal data.
5 Of the portions of the transient response éignal, the
characteristic ones are‘taken out or sampled preferably by the
following processes (1) to (6):
PROCESS (1):
The characteristic portions of the transient response
10 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 listenerfs sense of hearing is represented by magnitudes in
amplitude of the pluses. In this sampling, in order to prevent the
15 number of the pulses to be sampled from infinitely increasing, 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.
20 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 are

sampled in the order of time in a condition in which a sound is

25 produced at a time corresponding to the origin of the time base of
— 43
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I's an enlarged portion of the graph shown in Fig. 12(a),

Fig. 12(b)
illustrating the signal group 90 enlarged on the tine base;
Fig. 12(c) is an enlarged portion of the graph shown in 25 Fig. 12(a),

illustrating only the sanpled pul ses of the signal

-18-

group 90 enlarged on the tine base; Fig. 13 a

bl ock d'aQEﬁE'QEabﬂe $RECSPcSEs YD BAf be effectively applied to cases

10

15

20

25

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 %0. 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 befween these pulses may be often below a
predetermined value which the listener's sense of hearing can not
detect. Coﬁsequently, it is not necessary to reproduce or sample
all the peak points of the pulses. In other woras, it is
sufficient to sample one of these peak points of the pulses, which
one is sufficient to enable the listener's sense of hearing to

a4 -
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apparétus for reproducing the sound by the use of the sanpl ed ones of

the transient response signals; 5 Fig. 14 is a schematic diagram
illustrating the potenti al affecting the observation point in the
space; Fig. 15 is a plan view of a novie theater,

Il lustrating one of the sound ray vectors and its potential relative
to the detdltd QRCeForl@xample, as 3 L1 Broks tﬁep%éﬂlykﬁawf"l?aﬁmce
in which the virtual space shown in Fig. 15 is superinposed over the
real space.effect, iiltl 48t hati pYski1 @SNt qust%%rs‘%ngl%@y FeLdpr Which
S di vided i nto four pi eces each allocated to each of |oud speakers;

Fig. 16(b) iri%iRReMBibhatsoghal thdsts diYra1% ar&PEPaded apart from each
other at intervals of 10 milliseconds and like very short time on
5 the time-based graph. In this case, a selected one of the pulses
may be a first peak pulse in eﬁch 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):

10 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 the sound

15 affecting the observation point is determined. Under éuch
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 in the pulses. For example, as is
clear from Figs. 10(a) and 10(b), energy attenuation at the

20 observation point reaéhes approximately 60 dB as to the sampling
No. 65,530. Consequently, it is not necessary to sample the pulses
subsequent to this sampling No. 65,530. 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

25 of each of the processes (1) to (4) on the basis of the magni tudes
\
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15 for dividing the potential of the sound ray vector in the space

shown in Fig. 16(a); Fig. 17 is a bl ock diagram of an
apparatus for reproducing the sound in the novie theater shown in
Fig. 15; Fig. 18(a) is a plan view of the real space
superinposed 20 over the virtual space provided with the | oud speakers
serving as in amplittivees ofinttheopuless. iAd ustiowat iimg Filgese1D@a) apdak®(s) f oa
sound reproduction and the |istener; Fig. 18(b) is a
pl an view afitsie ragje spathestipmeibposast the pul®esr wilth smplithdepasgual
provided with the |loud speakers serving as 25 t he sound sources,

i1l ustrati ngo tdresdeotthanp0akos sektend® substantially up to the sampling No.
4,096. In other words, there is no pulse equal to or more than
5 0.005 in amplitude in a second range beyond 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
10 ‘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 also to enable the
15 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 simp;y reproduce, without using the
20 high-performance sum-&f—products calculator, the sound on the
basis of the transient response signal after completion of the
above sampling of the pulses will be described.
As shown in Fig. 3, in place of the CPﬁ 76 of the

sum-of-products calculator 72 shown in Fig. 8, a simple-type

25 sum-of-products calculator 100 is ﬁsed in the present invention.
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-19- reproduction and the |istener, the virtual space containing a

few novabl e sound sources such as persons and ani nal s;

Fig. 19 is a schematic diagram.illustrating the concept of _ _
superinposition of the real space over the virtual space varying 5 wth
respect to tine; Fig. 20 is a block diagramof a first

appagatﬁs ffie simpld-8Rifed4aigslBfod@etd dd) il ozl 0BPa6hpkisds CoNdi tion
in whic

multi-tap delay circuit 110, a reverberation portion 120, and an
equalizer 130.
The multi-tap delay circuit 110 comprises a delay line

5 112, a plurality of weighting portibns 114, and a plurality of
adding portions 118. A plurality of output lines 115 for a
plurality of tap signals are provided in the adding portions 118.
The signal is transmitted from the delay line 112 to the output
lines 115 of the adding portions 118 through the weightiné

10 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, &ith the use of the new transient response signal

15 prepared by sampling the transient response signal shown in Figs.
11 (a) and-ll(b), the function of the multi—tap delay circuit 110
will be now described.

Signals to be sampled are denoted by the referencé
chaf;cters Pl to P30 (hereinafter referred to as the pulses Pl to

20 P30) . Consequently, tﬁe total number 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
pPlurality of the output lines (i.e., taps) 115..The pulse P1
represents a direct sound reaching the observation point, and

25 corresponds to the sampling No. 793. The duration of the pulse P1

This Shee.
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the virtual space varies wth respect to tirré;' L Fig. 21 is a
bl ock di agram of a second apparatus. for 10 reproduci ng the sound in the

real space in a condition in which the virtual space varies with
respect to tine; and Fig. 22 is a schematic diagram

Il lustrating the concept of pi cture/ sound signal transm ssion
conform ng itsy tthersfbte, 793 ftANdagal000 5 16.52 millDESEGHET] CMhd ey
PREFERRED ENMBODI MENTS Her ei nbel ow, the present invention wll
be descri badnen112 thudeset! raétéiveeiLrsinpmll Erome thec oApapyingsrzsy g
First of all, in order to facilitate the description of t he present

invention, igsudtheht sRgAGL ato @ dftrsHo-oritd IoFd the weighting portions 114
after the elapse of the delay time thus set.

5 Further, the magnitude of the signal to be reproduced is
set, and controlled in the weighting portions 114. In this case,
the amplitude of the pulses in the transient response 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

10 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 first one of the.weighting portions 114
corresponding to the pulse Pl, the signal supplied from the delay
line 112 is weighted in amplitude by a weighting ratio of 70

15 percent, and issued to the 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 cutput lines 115 after the elapse of 16.52 milliseconds. The
thus outputted signal has its amplitude so weighted as to be 70

20 percent of the amplitﬁde of the inputted signal, and is used for
reproduction of the pulse P;, which makes it possible for the
listener té catch a sound as a direct sound form its sound source
in 16.52 millisecbnds from the occurrence of thé sound.

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

25 one of the output lines 115. A delay time to be set is 22.16
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20 appr oxi mat e- boundary integral for deternining wave notion

characteristics of a sound, which are essential parts of the pr esent
invention, will be described with reference to Fig. 14. Then, the
present invention will be clarified. Ki rchhof f integral
equation (i.e., equation 2) is derived 25 fromKirchhoff's
three-dinengi.engl 1y088/£8@00 0 Mmilli%econdedt IANthis case, the weighting

- 20- 1). Anodification of the equation 2 is called the :

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 spund source.

5 In the same manner as that described above, setting is
conducted as to each of the remaining 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

10 the multi-tap delay circuit 110, tﬁe signals, which correspond to
the individual delay times having been set for the individual
output lines 115, ﬁre sequentially issued from the output lines
115.

In general, the input signal on the line 75 is a

15 continuous sound signal such as musical ones and the like.
Consequently, 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
examplg: a first one of the inputted sound signals is issued from

20 a first output line 1i5 {after the elapse of.a first delay time)
at the same time when a second inputted sound signal subseguent to
the first 6ne is issued from a second output line 115 after the
elapse of a second delay time. Consequently, ali the simultaneous

signals for the pulses Pl to P30 are summed up every sampling

25 interval which is, for example, 1/48,000 second when the sampling
—_
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appr oxi mat e- boundary integral equation (i.e., equation 3).

The Kirchhoff's three-di nensi onal wave equation (i.e., equation 1) is
represented as follows: 5 [err] wher e:

"[err]" is the velocity potential; Cis the sound velocity; t 10 is the
time; Fis a wave source; and, x, y and z are t hr ee- di nensi onal

coordi nat esfré:dﬂ'etn%r of! 'Ehg' gn &étedc‘zsz.g%atl@e is 48 xhyrface defining an
arbitrary space; IS an ar rary po
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
5 portion 120 to add reverberations to the sound. The réverberation
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 signal processed every sampling
frequency in the multi-tap delay circuit 110 exponentially damps
10 with respect to time. In this case, the reverberation time and the
damping characteristic of reverberations may ﬁary 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
15 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
20 130 through the line 117. The signal appearing on the lines 116,
117 comprises the sampled pulse-like characteristic signals only,
and, therefore comprises extremely many high-frequency components.
The equalizer 130 serves as a low-pass filter t§ remove these
high-frequency components, and controls the frequency

25 characteristics of the output signal issued to the line 77.

50
This Sheet Has Been Rep

LT lll'



the S2; P is the observation point for determning the transient

response; V is an area except an area V1 in the vicinity of the 15
observation point P, and, dS2 is a micro-area vector on the S2. _

The equation 2 is the integral of the Kirchhoff's t hr ee- di nensi onal
wave equation (i.e., equation 1) to represent the velocity potenti al

at the observation A0idiscRibaldabsve, of 4 fg%e'ht\fr@)eﬁspffmtkgv‘ﬁ?lﬁ_gg 18 the

where: [err]p is the velocity potentfal at the observation
~ transient response signal, only the charagterlstlc ones are

selected and sampled to prepare the new simple transient response
signal, which realizes a so-called three-dimensional sound
5 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 possible to use a
very simple sum-of-products calculator or a popular tap/deley
system with the limited number of taps in sound reproduction in a
10 three-dimensional virtual space.
Now, a method for generating the transient response signal
ueed in sound reproduction in the virtual space by the ﬁse of a
plurality of loud speakers disposed in a real space will be
described. The method for generating the transient response signal
15 is adapted for the real spaee for reproducing the sound, and
enables the listener staying in the real space to enjoy the sound
reproduced in the virtual space.
Fig. 15 shows a plan Giew of a movie theater, illustrating
a plurality of the audience seats and a Plurality of loud speaker
20 arranged therein for feproducing 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. These loud speakers are
denoted by the reference characters SP1 to SP14; and so disposed
as to surround the audience, as showp in Fig. 15. Sounds issued

25 from the loud speakers SP1 to SP14 form direct sounds and
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5()td is the delay tine t-r/c; V is an arbitrary space surrounding

- 21- the observation point P, S2 is the surface of the V; Qis an
arbitrary point on the S2; and, r[err] is the distance between the Q
and the observation point P. The nodification of the

integral of the Kirchhoff's 5 equation (i.e., the approxi mate-boundary

integral equale1QRtdl bSunds £réfHE! $hedd BOrbB¥Sand reflected sounds
reach the audience, which enables the audience to enjoy the sound
inherent in the movie theater.
In order to actually reproduce such souﬁd which the
5 audience may enjoy, it is necessary to generate a potential
serving as a component of the transient respoﬁse signal, which
potential reaches the audience in sound reproduction. One of
methods-for'generating such potential is the same as that for
generating the transient response signal which is described in the

10 above with reference to Figs. 7(a) énd 7(b). ;n this method, 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

15 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 response signal actually
affecting the audience in the movie theater.

20 For example,.in Fig. 15: a sound ray vector of a direct
sound from the loud speaker SP1 affecting a listener P is denoted
by the reférence character Do; an incident sound ray vector
incident on the boundary corresponding to a wail W is denoted by

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

25 the listener P is denoted by the reference character ¢ . The
—_—
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[err] 10 where: [err]p is the velocity potential at the
observation point P; ()td is the delay tinme t-r/c; Vis an arbitrary
space surroundi ng t he observation point P, S2 is the surface of the
V; Qis an arbitrary point on the S2; r is the distance between the Q

and the 15 observation point P; and, r[err] is a total distance between

t he wave

transi ent signal of a sound produced a

10

15

20

25

veloc‘:'i.Q&r %%téﬂ@lébe @R forms the conFoFEHEt BeT thi (dnt{APTESHE Serft
€ wave source.

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
virtual sound field of the movie theater in a sound field formed
in a real space. Incidentally, the sound field thus synthetically
produced in the real space is hereinafter 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 p051tlon of the audience P in the virtual space.
Shown in Fig. 16(a) is a real space 144. A listener 142 in the
real space 144 is superimposed in position over the audience P
shown in Fig. 15. Disﬁosed in the real space 144 are four Pieces
of loud speakers denoted by the reference numerals 140a, 140b,
140c and 140d. As shown in Fig. 16(a), the listener 142 is
surrounded by these léud 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, 140Db,
140c, 140d. The listener would be able to enjoylthe sound of the
virtual sﬁace. Incidentally, only required in setting of the real
space are the relative positions of the listener 142 and the loud

-
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Now, a neans for generating the transient response signal 20 on the

basis of the above-nentioned approxi mat e-boundary integral equation 3
wi |l be described. Al though the nmeans nentioned above i s described by
t he use of the approxi mate-boundary i ntegral equation 3, it is also

possi ble to descri be the above neans by the use of any other suitable

equation, pégedldas 120k, SUabLOt Db, 2P10d SWIAHIRR Y edehebPhae. tBEs¥@VEn
characteristics of a sound as is
-22- information of these relative positions, the synthetic sound field
is produced with respect to the virtual spade.
In Figs. 16(a) and 16(b), the potential "¢ (1, 1)" shown
5 in Fig. 15 is illustrated in detail. This potential "¢ (1, 1)" is
divided into a plurality of pieces allocated to the individual
loud speakers 140a, 140b, 140c, 140d. As shown in Fig. 16(a),
since the potential "¢ (1, 1)" reaches the listener 142 by passing
through a space betweén the loud speakers 140a and 140b, the
10 - potential "¢ (1, 1)" is divided into two'pieces allocated to these
loud speakers 140a, 140b.
Now, with reference to Fig. 16(b), such method for
dividing the potential "¢ (1, 1)" will be described.
In Fig. 16(b): the line a-a' passes through a center of
15 the loud speaker 140a and a 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 "@e" of the potential "¢ (1, 1)" which has a
starting point "@Db". One of the lines a-a', b-b' is moved
20 parallel to its origiﬁal position 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 vector having a
potential.parallel to the line a-a', which poteﬁtial is used at
the loud speaker 140a. On the other hand, the line G-"¢e" forms a

25 vector having a potential parallel to the line b-b', which
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in the Kirchhoff integral equation and the |ike. . Figs. 1to 4
show fl owcharts of processing procedures of the present invention for
determ ning the transient response signal, i.e., inmpulse response
signal. 5 ' Fig. 1 shows the entire of the processing procedure
ranging fromthe start to the stop of the procedure, and is - divided

into two essepénBialdald ised at th a@se&%ﬁ&ﬁpcme A" and "processing
procedure B". A step 7, i.e., "processing procedure C' shown

in Fig. 1 10 COfS\ﬁﬁDQ!l@&d&ﬁgaoBéi?S@:?éﬁ NBle SL0G5EH aovR0 W BnEhatea with

t he ot her hand, a step 1 ., "processing procedure hown 1 n
' respect to all the potentials, which enables the transient

' response signal affecting the audience into. the plurality of'

5 pieces allocated to the four loud speakers 140a, 1405, 140¢, 140d.
Incidéntaily, although the potentials used here are determined
through the approximate sound integral, it is-also possible te use
the potentials determined through anofher suitable calculus.
Further, the above dividing operation is a conventional

10 mathematical dividiﬁg operation in vector. Consequently, even in
case that the loud speakers in the real space is
three-diﬁensionally disposed, it is possible to determine the
potentials for the individual loud speakers by conducting the
three-dimensional mathematical dividing operation in vector when

15 each of the potentials pass through a space defined by three
pieces 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 )

20 described with refereﬁce to Fig. 17.

Shown in Fig. 17 are: a sound output unit 150 with
fourteen Delby surround output channels SP1 to SP14; fifty-six
sum-of-products calculators 152 with convolutioe-calculus function

comprising A/D converters and D/A converters; a mixer 154 for

25 mixing the outputs from the sum-of-products calculators 152 to
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Fi g. 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. 15 As shown in Fig. 1, in
afirst step 1 "initialize", performed as prerequisite for executing

the processi ng procedure are "setting of cal culation condltlons",
“setting of prepereéosigmals supplGHd HoORRe ,1n§§§idﬁﬁh(ﬂodalgﬁéﬂﬁﬂ' 5 fond
"setting of wave-source radi ati ng sound ray vectors"

Set in the agglir{er®f158l 3y a\il'iéD'.’l.n?i‘i'?ﬂhﬂ:lét@”ﬁoué‘ré‘peakers, and, four loud
t hr ee- di nensi onal coordi nates of the wave source; the nunber of

observationggghiéss i4v£e-10BNS492! 19641 dtﬂ@i@énﬁgl{fc}lrpfthteh%eal space
observation points; the tenperature ‘and noisture of the air
144, there is also provided a television set disposed in front of
5 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
'10 through its various velocity potentials. In this case, each of
such potentials 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 speakers, so that four pieces 6f the
15 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 SP1l, in each of the remaining channels SP2 to SP14 of the
sound output unit 150, there are provided four pieces of the
20 sum-of-products calcﬁlators 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 i4 is the number of

the sound sources, i.e., loud speakers in the virtual space; and,

25 4 is the number of the actual loud speakers for sound
—
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space; an analytic frequency (i.e., the highest frequency in the 25
transient response to be calculated); the duration tine, T of the

-23- transi ent response to be cal cul ated; and, the like. Such setting
is performed by means of an input unit through which a user inputs
necessary data, or by neans of an external nenory unit from which - the
necessary cygﬁkdd%dﬂyaa eved. 5 In the "setting of wave-source
condi ti ons" an initial

The output signal issued from the sound output unit 150 tq
the sum-of-products calculators 152 is processed in these
calculators 152 and issued therefrom as a virtual sound signal,

5 according to the process having been already described with
reference to Figs. 8 and 9. The virtual sound signal thus issued
from the sum-of-products calculators 152 is then inputted to the
mixer 154 and subjected therein to mixing operations for the
individual loud speakers. After that, the sound signal thus

10 subjected to the mixing operations is issued from the mixer 154 to
the amplifiers 156; and amplified therein. The thus amplified
sound signal is suppiied from the amplifiers 156 to the individual
loud speakers 140a, 140b, 140c, 140d, as shown in Fig. 17, so that
the sound is reproduced by these loud speakers.

15 As described above, according to the present invention, it
is possible for the listener 142 to enjoy the sound in the Dolby
surround mode as if he were in the movie theater. In the above
embodiment of the present inventioﬁ, there are used four pieces of
the loqd speakers for reproducing the sound. However, it is also

20 possible for the presént 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 present invention, although the
loud speakers are disposed in a plane, i.e., aré two-dimensionally

arranged, it is also possible for the present invention to

25 three-dimensionally dispose the loud speakers, allocated to each
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val ue of the sound issued fromthe sound source is represented to be

a transient signal by the use of a delta approxi mate function and its
derivative, which resenbles an inpul se in shape. Such initial value
may be nodified if necessary in application. 10 Furt her,
propagation velocity of the sound is cal cul ated based on the

t enper at ur efandthichi speakept thes atliré@idimenslidnally dispofédeils i pivte of
anal ytic frequency, a discrete-time interval, which corresponds to a

frequency dheegudodityopotentislV DFFestiltig)ithas observathénapsiytj Cthe piece
frequency, is set according to Shanon's sanpling 15 theorem A size of

nMenory ar eddiolg prepangdt ber 4ividitey tihan Siclitici ty poteAsPADSseshéh eivision
cal cul ated, which is used in the "processing _
of the velocity potential may be performed through the
5 mathematical division in vector_whiéh~%s publicly well ﬁnown as
described above.

Incidentally, in place of the central processing units
which actually perférm the convolution calculuses being performed
in the sum-of-products calculators 152, it is possible to use the

10 multi-tap delay circuit 110 which is already shown in Fig. 13 and
more inexpensive. By the use of such inexpensive multi-tap delay
circuit 110, 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

15 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
movie theater and like halls as a virtual_space; determine the
transient response signal for each of the reproducing loud

20 speakers of the real épace, the transient response sigﬁal 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.sénas to be
distinéuished from the reproducing loud speakers) to affect the

25 listener as the transient response signal; and, perform the
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procedure B", is determ ned on the basis of both the duration tine of
the transi ent response and the discrete-tine interval. In the
"setting of a boundary”, information as to the 20 boundary defining a
sound field is set. This represents a nunerical space for sinulating
wave- noti on propagati on of the sound therein and constructed of a

plurality dorRINAARH icBlculuseB! #¢h #dk (? QhE'QQeQansQQH@q&fy" each
of the polygons is . called the boundary. Set in the "setting of a

boundar y" Q&ﬂle@%rrgénd BHORA" s2ind ¥ POAEAdL Yo RhROLAB vidusl -

per pendi cul ar i ne of
installation loud speakers. The above is adequate for sound

reproduction by means of the reproducing loud speakers of the real
-5 space so as to have the listener enjoy at his home the sound
existing in the movie theater and like hallslin 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 reproducing sounds affecfing the listener who enjoys
10 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
15  wvirtual 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) shows a position relationship between the
reproducing loud speakers 140a-to 140d and the listener in the
real space when the loud speakers SP disposed in the virtual space
20 of the movie theater ﬁnd like halls described above serve as the
sound sources. Fig. 18 (b) shows a position relationship between
the reproducing loud speakers 140a to 140& 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

25 the sound source.

_-/__/
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-24- each of the boundaries; coordi nates of each vertex in each of

t he boundaries; reflection and absorption at the boundaries; and, the
like. Incidentally, in the follow ng description of the enbodiment —  of
the present invention, in order to facilitate the description, 5 it is
assuned that each of the boundaries only perforns total reflection
and total absorpti andifffehensauBdtRaés B aE ()€ and Figl r@ﬂ‘éﬁﬂcysbémlt the
In the "setting of wave-source radiating sound ray vect ors"

number of seuUHl 'sHaréRet oS thb, viaghal i sfhdd qrﬁ Fe. 18 (a)Vave éﬂ&rféu&”e
calculated In this setting, the wave notion of
speakers thus flxedly installed, while the sound sources of the
virtual space in Fig. 18(b) are the peoplé and the animals both
5 movable. However, since any of the loud speakers thus fixedly
installed and the people and animals both movable forms the sound
source in the virtual space, it is pdssible to carry out the
present invention in both cases sﬁown in Figs. 18(a) and 18(b).
for each of the movable sound sources such as the people and the
10 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
15 calculated positions to affect the iistener. Consequently, in the
preseﬁt invention: their potentials are determined every desired
time interval; and, then, based on the thus determined potentials,
the transient reséonse signals are generated every desired time
interval according to the process described above. The important
20 thing here is that apélication of the movable sound sources in the
present invention may realize a means for reproducing a realistic
sound in cdmputer grapﬁics that is now already in the limelight,
which makes it possible to automatically producé and edit the
sounds in future movie production processes.

25 Also provided in the present invention is a dynamic sound
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t he sound propagated fromthe wave source is sinulated to cal cul ate

both a position and a tine at which the wave notion is refl ected at
t he boundary, so that acoustic characteristics (i.e., vel ocity
potential "[err]p" of the sound at the observation point are 15

cal cul ated. Such sinulation of the wave notion propagation of the
sound i s pPeniehRAkEY iDandiSe SFfdutiREOED VhEhEESa FREFaDi tyMuf the virtusds

the sane solid angle and radi ates fromthe wave source in the space.
Such vect Oigpaak8 . dRbINES RSLIRGAIE [RNNE ¢ePirddiBtibh in the plesiity of
i nvention. The nunber N of the radi ati ng sound ray vectors 20 Is set so

as to let the distagcespateeendineidl changdd! A¥cording & CEKY Ssdishe WH
to or smaller than 1/2, preferably 1/ 4 of a wave
the movie and not limited to 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 real space 144 in
such acoustic virtual space 158. More particularly, at a time TI1,
the listener 142 in the real space locates himself in a

10 substantially central portion of an elongated virtual spaée in a
condition in which the real space 144 is combined with the virtual
space 158 in a manner such that: the four loud speakers 140a,
140b, 140c, 140d installed in the real space 144 in which the
listener 142 stays reproduce the sounds issued from the wvirtual

15 space 158 surrounding the real space 144. On the other hand, 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

20 considerable height. fhe 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 adaptéd to every scene of the movie when the real
space is combined with a desired portion of the virtual space, the

25 desired portion varying with respect to time. Consequently, for
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length "[err]" of the analytic frequency. The | engt h bet ween adj acent
sound ray vectors depends on the capacity of processing units and
t he degree of approxinmation in the reproduction of the sound, and, 25

therefore nmay be nore than 1/2 of the " [err]"™ in sone cases.
- 25- Incidentally, vectors representing the wave surface of the sound

propagat ed dxanfd1@ ,SBACE wake FE8RE dé ytkf@HoQﬂet Qﬁcﬁoﬁgd rﬁi‘a:.rle sdéfd Qe{rﬁi

O these sound ray vectors, ones radiating fromthe wa
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 another case, for example, it is also
5 possible to produce a movie in a ﬁanner such that: the more the
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 scené.
Fig. 20 shows a block diagram of an appargtus for

10 reproducing a sound according to the scene of the movie. In the
apparatus shown in Fig. 20, an input signal 172 cdmprising
information of both a sound signél and a synchronizing signal
synchronized with the sound signal is inputted to an input portion
160 of the apparatus. The information as to the synéhronizing

15 signal is used to synchronize the reprodﬁced sound with the scene
of the movie. In the input portion 160, the input signal 172 is
demodulated or sampled in frequency ﬁithin 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

20 control portion 162. fhe reason why the b/A converter 168 is shown
in dotted line in Fig. 20 is that it is necessary to show that the
D/A converter 168 ié 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

25 portion 162 issues a control signal 176 to both a memory portion
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source are especially called the radiating sound ray vectors. 5

In step 3, the wave notion propagated fromthe wave source S
sinmulated with the use of the sound ray vectors. Nanely, first of
all, a direction vector Dn of the n'th radiating sound ray vector is
cal cul ated so as to have directions of N pieces of the radi ating

sound ray a3t @ndl hoeahthgl SpAEcediny aditeportdon 166! eBLAVESAIEW tdtored
respect to the wave source. Selected in step 4 follow ng step

3 is the baweheymBmory poReyémdléy drd g%ﬂ@ﬁrh@ﬂtﬁt ofhtRéd tfandidtsects the
sound ray vectors propagated fromthe sound source. In step 5

foll oW Ng respongeCBidnaYbeBeih®fsdd HIP thRURdAEY al NpLEEESEI Al Wit gd¥tion
sound ray 15 vectors, calculation is perforned as to a subsequent one of
t he | 166. Of these transient response signals, one specified by a
5 control signal iésued from the control portion 162 is retrieved
from the memory portion 164, so that a predetermined one of the
transient response signals 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 predetermined one of the
10 transient response signals in the above, for example, it is also
possible to sequentially retrieve the transient response signals
upon occurrence of the synchronizing signal. Alternatively, it is
also possible that the synchronizing signal comprises address
information for ideqtifying a predetermined one of the transient
15 response signals, th;pugh which information the predete;mined
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 one of the
transient response signal 178 is set. The central processing unit
20 portion 166 has two fﬁnctions which aie: the substantially same
convolution calculus function as that of the central proceésing
unit portién 76 shown in Fig. 8; and, a setting function in

setting an arbitrary one of the transient response signals 178

issued from the memory portion 164, according to the control

25 signal 176. It is easy for those skilled in the art to realize
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radi ati ng sound ray vectors. On the other hand, when there is

sone boundary having the I ntersection, the sound ray vector is
reflected at the boundary B. In this case, it is necessary to judge
whet her the boundary showed 20 its front or its back to the sound ray
vect or. Such judgnent may be acconplished by determ ning
whether  thesansattlifyfAineEidictaiRERhe BBAUBLutioR . caR@UIne Gutidtdlon bye of
t he boundary and the sound ray vector is within an angle range of
from mBah8 &80a deEffesei 411 0thaE 1eBldsDsSPN (£a6e, tdiryitdle signal vect or
25 of the boundary is so defined as to extend outward in a virtual

processor). In the central processing unit portion 166 in which
the predetermined transient response signal is thus already set, a
5 digital sound signal 182 is subjected to a convolution calculus
based on the'tranSient response signal according to the processes
- which have been already described in the above with reference to
Figé. 8 and 9. The resultant signal thus obtained through the
convolution calculus is then issued from the central processing
10 unit portion 166 to the A/D converter 170, as shown in Fig. 20.
Consequently, the sound reproduction signal 186 issued from the
A/D converter 170 represents 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
15 -virtual space sound) is then issued to the loud speakers through
tbe 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
20 transient response siénal corresponding to the virtual space which
varies with respect to time, it is apparent that the present
invention is also applicable to another case in which the
transient response signal itself may vary togetﬁer with the
virtual space, as is in case that the sound sources are moved with

25 respect to time.
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i-26- space, when the angle forned between the normal boundary and the
Yradiating sound ray vector is within the angle range of fromoO to 180

.degrees (i.e., when an inner product thereof is positive), the
-boundary is defined to be the front. Otherwise (i.e., when the 5 angle

“is within an angle range of from 180 to 360 degrees), the ~ boundary is
:defined to be the baakiddiealBASGh Whe thdagnel Rid€ly used dRdvirdrideda tape
:manner described above is that it is necessary for the conputer to

~judge in Opepahh@Nth¥hBike] tHirs AWGhd @YneAebAizing signal. Consequently,
in picture reproduction in this case, time is counted from a start
of such picture reproduction, so that the control portion 162
5 controls the previously stofed transient response signals so as to
be issued from the memory portion 164 to the central processing
unit portipn 166 according to the scene of the movie varying with
respect to the time thus counted. Consequently, in this case, the
input portion 160 is negligible. In other wofds, a trigger signal
10 generated at the start of picture reproduction is inputted to the
control portion 162, so that the control portion 162 starts time
counting according 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
15 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

20 transmitted to the mémory 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 transmitting and receiving techniques of video/sound signals

25 through data compression/encode between computers, the input

€5



I's issued fromthe inside of the boundary toward the front side 10
thereof (i.e., whether or not the sound ray vector is reflected at

t he boundary); or, whether the sound ray vector is issued fromthe

out side of the boundary toward the back side thereof (i.e., whet her
or not the sound ray vector nerely passes through the boundary

Wit hout bepbgtieh! 260 athy s PvperlibSmodified inAfesigh NFdro examplleqvet is

definitions, in step 6 follow ng step 5, when the boundary Bis to

t he” back oﬁokbgbﬁeuﬂ@l édify the UBHU® portibf 16U eSS A3l lowss elidti respeather
boundary having the above-described intersection. On the other hand,

when the bedndeEg2 standdkds.ir thie a8b etah@atde. sound ray vector, step 6
is followed by 20 step 7, i.e., processing procedure "C'
The conqept of signal transmission using the MPEG2

5 standards will be now described with reference to Fig. 22. A video
signal and a sound signal are separately inputted to different
encoders which issue encode signals separately; Each of the encode
signal is packed for its packet transmission to both a
transport/stream (TS) multiplexing unit of the MPEG2 and a

10 program/stream (PS) multiplexing unit of the MPEG2, issued ffom
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 compriées time information, i.e., a standard time of a

15 program called PCR (i.e., Program Clock Reference). On the other
hand, the bay load is used to issue various data 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

20 above-described synchfonized 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

25 control according to a transmitted protocol. In other words, the
I —
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In stép 7, i.e., processing procedure "C', when the - boundary B is set
so as to conpletely absorb the wave notion of the sound in step 11,

t he processing procedure goes to "End", as shown in Fig. 2.

O herwi se, step 11 is followed by a subsequent 25 step 12 in which the
total propagation distance d between the wave _

-27- ﬁ%&ﬂéﬂt.&&@ehﬁﬂohnigréﬁﬁiééfbfgigd‘ﬂﬁ?tmﬁ%n@ﬁéyPgeéénEaiﬁ%@ﬁ%fﬁh
Step 12 is followed by a subsequent step 13. In step 13, when t
provides a more dynamic acoustic piece of information by
arbitrarily changing the virtual space with respect to time
according to each scene of a movie, and, therefore is not limited
5 to the block diagram shown in Fig. 20.
The block diagram shown in Fig. 21 may be 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

10 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 and a sound signal both issued from a

15 broadcasting station, a Karaoke master station, a picture CD, ér
the like. In the input portion 160, the input signal 192 thus
received therein is then divided into a sound signal 180 and
another signal 194 comprising the transient response signal 178,
so that the transient response signal 178 is supplied to and set

20 in the central proceséing unit portion 166 through the control
portion 162 under control performed by the control signal 176
issued from the control portion 162 to tﬁe central processing unit
portion 166. | |

'Incidentally, the central processing unit portion 166

25 shown in Figs. 20 and 21 may be replaced with a proper means
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t hus cal cul at ed propagation distance d is one permtting the el apsed
tinme of the wave notion for reaching the point Qto exceed 5 t he

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

i nterchangeabl e in processing order, the processing order shown I n
Fig. 2 is therimstthen s@tfnfel @bﬁﬁ@](u{:ibﬁn IR FRnRteefSakNghat of théME.
10 QO herwise, i.e., in step 13, when the propagation

di stance d dentixeil %&@Ee@@ﬂn?sﬁﬁﬂtJﬁbtﬁiéﬂﬂlﬁbM%itBYaa sTHPILBYEA! Functioft €P
14 in which an incident angle "[err]" of the sound ray vector

“incident upsbvrhanbeygdany, Buhsck ahar | AdL0 4P et fletbRAsi be

three-dimensional sound reproduction in an easy manner.

5 Consequently, it is possible for the 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 ioud speakers using the central processing unit

10 portion 166 provided with eight pieces of the sum-of-products
calculators, the number of which calculators is considerably less
than that (i.e., fifty-six pieces) of the sum-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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i nci dent angl e formed between the incident sound_ray vector and—15 t he

normal (i.e., perpendicular line) of the boundary
above-descri bed equation 3. The incident sound rajj“ﬁmt““‘m ml“‘“‘ -defi ned
as one which is the n'th radiati ng sound ray vect eaghifig t he
boundary B. On the other hand, the I nci dent sound ray vect or

i nci dent “Pﬂﬂaﬁ%£5£éléiﬁﬁﬁi£§; r* tines is defined as "En, 20 re. . .
COnsequehtIy, "En IS the radiating sound ray vector which is
i ssued fromthe wavg, SPWhnd %1&@@5@183%&%5& bf&i“dﬁﬁézﬁuné& g.3 graétgsz.ent

Then, step 14 is followed by a subsequent step 1 t In the

step 15 is ié%?éhéé“gl %&E%Etg%gect ES@éEﬁ%ﬁEhed ?ﬁfer%%%é?%e%ngt whe 2

i nci dent soun ray vector, the r one bel ng at t

'”terseCt'09r§%s1éﬁ%r§¥ddait%@n%?gﬁgdrg¥ YeEb®¥d 'Source located in an
5 arbitrary position in a virtual space which is an arbitrarily set
is propagated in a wave motion mode in said virtual space, the
improvement which comprises the steps of:
representing said transient signal by a plurality of sound
ray vectors which are genefated at said position of said sound
10 source to radiate therefrom in all directions in said virtual
space; and
determining a potential reaching said observation point
from a portion of a boundary defining said virtual space, each
time each of said sound ray vectors is reflected from said portion
15 of said boundéry'and further advances.
2. In a sound simulation method for determining a transient
response signal affecting a predetermined observation point when a
transient signal generated at a sound source located in an
arbitrary position in a virtual space which is an arbitrarily set
20 is propagated in a wa§e motion mode in said virtual space, the
improvement which comprises the steps of:
reﬁresenting said transient signal by a plurality of sound
. ray vectors which are generated at said positi&n of said sound
source to radiate therefrom in all directions in said virtual
25 space; —
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- 28- defined to be one which is the n'th Ey vect or
Dn havi ng been reflected at the boundary @ ua“mt““ “ O the
refl ected sound ray vectors, one having been refl ratnthe *

boundaries "r" tinmes is defined as "Fn, r". Oonsequently, the "Fn, 5 1"

Is the n"th sound ray vector having been reflected at the boundary

for the first tiMBgtoring a propagatith hstdrlObhededall &imePSEay edlumi epP
16. Stored in the

ray vectors are incident upon and reflected from portions of a
boundary defining said virtual space, said propagation history
data comprising data of an incident one and a reflected one of
5 said sound ray vectors and data of said portions of said boundary;
and
determining a potential reaching said observation point
from each of said portions of said boundary'on the basis of both
said propagation history data and each of area of said boundary,
-10 said area being occupied by each of said incident one and said
reflected one of said sound ray vectors in each of said portions
of said boundary.
3. The sound simulation method as set forth in claim 1 or 2,
wherein:
15 a memory portion forméd into a time series array is
provided; and
of individual portions of said array in said memory
portion, one allocated to a delay.time caused by said potential
for reaching said observation point stores said potential through
20 an addition process, éo that said transient response signal is

determined in a time series mode.

4. A.éound simulation method compfising the steps of:

(a) setting a virtual space which is an arbitrary space;

(b) - setting a predetermined real space in which a plurality of
25 loud speakers are disposed;

SSee
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main nmenory or an external nmenory unit |n u“:ngenent

No. B of the boundary; total propagation E“m ﬂ |“ mm@ en the

wave source and the intersection Q three-dlnensrongal <odrdi nates o]
the intersection Q the direction vector "En, r" of the I nci dent
sound ray vector; and, the direction vector "Fn, r" of the reflected
sound ray vemtor. Auperimposingaim shisai=iet paiht in saideiibeal agpade Ng
sound ray vector Dn is reflected at the 15 boundary is defined as the

propagat i oroverstaolyi stbnihg peihttimgsaid reals@pade;ay vector Dn. The reason
why the propagation history is stored in the menory is because it is

necessary t()cal culdeterinifing a potiicill affeictingaka®ll bBSefPatfon Point
vect or, which potenti al
after the elapse of a delay time corresponding to a transient
5 signal which is generated at a sound source in said virtual space

and propagatgd therein;
{e) dividing said potential looking toward said observation
point into a plurality of pieces allocated to said individual loud
speakers disposed in said real space thus superimposed; and

10 (f) determining a transient response signal for each of said
loud speakers by adding said pieces of said potential so as to
correspond to said delay time.
5. The sound simulation method as set forth in claim 4,
wherein:

15 said step (d) is a step for determining said potential as
set forth in claim 1 or 2.
6. The sound simulation method as set forth in claim 4,
wherein said step (f) is a step for determining said transient
response signal in a time series mode for each of said loud

20 speakers through the éteps of:

providing a plurality of said memory portions formed into

a time series array with respect to each of said loud speakers;
and |

adding and storing said pieces of said potential thus

25 allocated to each of said loud speakers in one of said memory

71
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affects the observation point P each tine the s '

reflected at the arbitrary point of the boundar

ray vector is
in the above equation 3). The total propagatlon4mﬂlﬂwﬂmlmﬂmﬂ

[

descri bed corresponds to the "r[err]" of equation 3. Step 16
Is foll owed by a subsequent step 17. Selected in step 17 is another

or subseque

refndfid NRilowaH@r h@&@s hﬁ:\:‘i-é’gﬂ, Ahi‘ch oné‘%r‘r&fsﬁbﬁ&ci:bogaﬁ at

whi ch such ‘another one intersects with

_,29_

10

15

20

25

delay time caused by said potential when said potential reaches
said observation point;

whereby said transient fesponse signal for each of said
loud speakers is determined in a time series mode.
7. The sound simulation method as set forth in any one of
claims 4 to 6, wherein:

said sound source comprises-a plurality of sound sources;
and

said transient response signal for each of said loud

speakers is determined as to each of said plurality of sound

sources.

8. . The sound simulation method as set forth in any one of
claims 4 to 7, wherein: |

a desired one of existing halls is set as said virtual
space; and

said sound source is located at a position of said loud
speaker installed in said hall.
9. The sound simulation method as set forth in any one of
claims 4 to 7, whereiﬁ:

said virtual space is variable in size; and

said steps (d) to (f). are conducted as to each phase of

said virtual space variable in .size.

10. The sound simulation method as set forth in any one of
claims 4 to 7, wherein: -
eet Has Been Replaced
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refl ected sound ray vec |rect|on "Fn, r". Step 17 S
foll owed by a subsequ ‘mﬂ@s there is no boundary B havi ng
the intersection Q th sSisngsprdcedure goes to "End", as shown
in Fig. 2. When there is any other boundary having such 5 i ntersection
Q the step 18 is followed by a subsequent step 19. In step 19, when
the incident soundsdiy sRfiidlscidcengst ieriable imtifsarddatiion;i s i nci dent
on the back side of the boundary B, it is necessary to find another
boundary Bgh@ving the intersection Q When the incident sound ray
vector having the intersection Qis 10 i ncident on the front side of the

thus found other bgsjuwlatedd (d) to EPPa8 Eéndwdtsdeis o Fakh lbcatibapest
't he above-descri bed . processi ng procedure.

said sound source variable in its location.
5 11. The sound simulation method as set forth in any one of
claims 4 to 7, wherein:
said virtual.space is wvariable in size;
said sound source is present in each phase of said virtual
space, and variable in its location; and
10 said steps (d) to (f) are conducted as to each location of
said sound source variable in its locsation and present in each
phase of said virtual space variable in size.
12. A sound simulation method comprising the steps of:
-sampling a predetermined signal pulse in a transient
15 | response signal representing acoustic characteristic of a space;
and
determining a new transient response signal on the basis
of said predetermined signal pulse thus sampled.
13. The sound simulation method as set forth in claim 12,
20 wherein: |
in said step for sampling, a plurality of said
predetermihed signal pulses are sampled in said transient response
signal in ascending order of absolute value in émplitude peak of
said pulses, said transient response signal varying on a de;ayed

25 time base.
-
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After conpletion of the procezﬁlmum,m w th respect to the
n"th radiating sound ray vect ﬁ uﬁ” om 15 Fig. 1, the sane

processing procedure is repeatetl for ‘ea®h &f the subsequent radiating
sound ray vectors. Nanely, after conpletion of the processing
procedures as to all the radiating sound ray vectors, the processing

procedure i€, is fohéeos@ihdkiamAieaundthod as fEOCESSINGPICled®UNR," B .
20 ' In summary, the processing procedure "A" conprising of the

series of ghepeink:to0 9 is perforned to calculate and store the
propagation histories of all the sound ray vectors.

clear fromthe aboyg sebdrdtdp For FamPRRAGIt ESpleFfality of said

As is

predetermined signal pulses are sampled in said transient response

5 signal in ascending order of positive value in amplitude peak of

said pulses, said transient response signal varying on a delayed

time base; and

said step for sampling is also conducted as to negative

pulses following said positive pulses.

10 15. The sound simulation method as set forth in claim 12,

wherein:
in said step for sampling,
a threshold value corresponding to a delay time

each of pulses of said transient response signal occurs

15 and

at which

is set;

of said pulses of said transient response signal, ones

exceeding said threshold value in absolute value of their

amplitude peaks are sampled.

16. The sound simulation method as set forth in claim 12,

20 wherein:

in said step for sampling,

said pulses of said transient response signal are divided

into a predetermined number of pulse groups; and

in each of said pulse groups, at least one pulse is

25 sampled.
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perform ng the processing procedu m““ﬁﬁ“ a neans for 25
storing the initialization data, \ | ati ng or

- 30- ‘det ermi ni ng the propagakl on rechd *dat'a; and, a means for
storing t he propagation record dat a. _ On the ot her hand,
as is clear fromFig. 3, calculation performed in the subsequent

processi ng jgr.ocedurfe” Bouhd PaRerhidbn methodh@sPEaRagsEtRNA SlLim a2 of n
pi eces -of the radiating sound ray

wherein:
in said step for sampling,
said pulses of said transient response signal are divided
5 into a predetermined number of pﬁlse gfoups;
in each of said pulse groups, at least one pulse is
sampled; and
a negative pulse following said one pulse thus sampled is
also sampled. |
10 18. ‘The sound simulation method as set forth in any one of
claims 12 to 17, whe;ein:
said step for sampling is conducted with respect to said
transient response signal only within a predetermined period of
time.
15 19. The sound simulation method as set forth in ény oné of
claims 12 to 18, wherein:
said transient response signal is determined through the
method as set forth in any one of claims 1 to 11;
said transient response signal thus determined is then
20 subjected to said steﬁ of sampling.
20. A sound reproduction method comprising a step for
generating a sound by using a transient response signal determined

through the method as set forth in any one of claims 1 to 19.

21, A sound reproduction method comprising the steps of:
25 setting both a delay time of each of pulses of a transient
\
75 \
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vectors, as foll ows: ‘L“I mnn t he proceéssing procedure "D
starts with step 21. ”“‘“““‘ E oordi nates of the first
observation point P for * ¢ ul®ati'ng the transi ent response are
retrieved fromnmenory and 10 the like. First, data as to the
propagation history of the radi ati ng sound ray vector of "n = 0" is

retrieved irBspbRPe2dignal deticdnlitiid@hgbagh2the Atetitsd cad isett forerofin oy
boundaries B in the thus retrieved propagation history, when this

one has itsnBask claims B2 U Arend a reeaebver bl Piudwivilid ofulkarm oft
propagation 15 histories retrieved in step 32 to continue the processing

procedure. gigt Beusbder hand, when such boundary B has its front si de
faced to the observation point P, the processing procedure

issuing individual sound signals according to said
5 relative amplitude value every said delay time, said sound signals
being subsequently inputted; and
preparing a new sound signal by summing up ones of said
individual sound signals, which ones are issued at the same time.
22. The sound reproduction method as set forth in claim 21,
10 wherein:
the method further comprises a step for applying a filter
to said new sound signal to cause attenuation in predetermined
frequency components of said new sound signal.
23. The sound reproduction method as set forth in claim 21,
15 ~ wherein:
the method further comprises a step for adding
reverberation to said new sound signal.
24. In a sound reproduction method for setting a transient
response signal in a sum-of-products calculator for reproducing a
20 sound, the improvemenﬁs which comprises the steps of:
generating a plurality of said transient response signals
varying according to said sound being reproduced;
storing said plurality of transient resﬁonse signals; and
setting said transient response signals thus stored

25 according to said sound, in said suﬁ-of-products calculator when
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goes to step 25 in which a direction vector R extending fromthe

observation point P toward the intersection Q recor |
propagation history is calculated. Step 25 is follo IHH" iII” JU!IL _
[ [ [ i ation

subsequent step 26 in which the di stance RD between

point P and the intersection Qis calculated. Step 26 is foll owed by
a subsequendaigf eduhd i %ﬁggdﬁ\ggg a straight line connecting the
observation point Pwith the intersection Q 25 i ntersects with the

remai ning gne, of the BOWBHAR! fSprédudtidtdR%iod for setting a transient
responée signal in a sum-of-products calculator for reproducing a
sound, the improvements which comprises the steps of:
5 generating a pluralitj of said transient response signals
varying according to said sound being reproduced;
storing said plurality of transient response signals;
adding a synchronizing signal to a sound signal of said
sound being reproduced; and

10 setting a predetermined one of said transient response
signals thus stored according to said synchronizing signal thus
added, in said sum-of-products calculator when said sound signal
is reproduced.

26. In a sound simulation apparatus for determining a

15_ transient response signal affecting a prédetermined observation
point when a transient signal generated at a sound source located
in an arbitrary position in a space which is an arbitrarily set is
propagated in a wave motion mode in said space, the improvement
wherein the apparatus ccﬁbrises:

20 a first memor§ means for stdring both a plurality of sound
ray vectors and coordinates_of each of a plurality of boundaries
assuming polygonal shapes to define said space, said sound ray
vectors radiating from said position of said soﬁnd source; and

a processor means for determining a pbtential with respect

25 to each of said plurality of sound ray vectors each time each of

77
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.-31- | that the velocity potential fromthe |M M,H””m not
af fect the observation point P. As a result, the @Wprocedure

goes to step 32. On the other hand, in step 27, mhen rai ght

| i ne connecting the observation point P wth t he | ntersect ion Q does
not intersect with any other boundaries, step 27 is followed by a
subsequent shef 88undngay hedetdrsd tis Teifidetdd from Pefor IeE il not i on
reaches the observation point Pwthin a period of tinme T. Wien it is

j udged t hat pbaaduRyY8s "Bhd OfurtdRah @¥ivances, ! BAiGPBStaREi LN RAUHir Wil N
the period of time T, then the 10 vel OCIty potential on the boundary B
affects theoBEéQbﬁ&ibﬁﬂpéihE“from said portion of said boundaries defining
said space. |
5 27. In a sound simulation apparatus for determining a
transient response signal affecting a predetermined observation
point when a transient signal generated at a sound source located
in an arbitrary position in a space which is an arbitrarily sét is
propagated in a wave motion mode in said space, the improvement
10 wherein the apparatus comprises:

a first memory means for storing both a plurality of sound
ray vectors and coordinates of each of a plurality of boundaries
assuming polygonal shapes to define said space, said sound ray
vectors radiating from said position of said sound source; and

15 a processor means fof determining a propagation history
data each time each of an incident one and a reflected one of said
sound ray vectors is incident on or reflected from a portion of
said boundaries and further advances, said propagation history
data comprising said incident one and said reflected one of said

20 sound ray vectors and an incident portion and a reflected portion
of said boundaries as to said incident one and said reflected one
of said soﬁnd ray vectors; and

a second memory means for storing said pfopagation history

data;
25 whereby said processor means determines a potential
78 T
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P, and theréfor ' owed by the processing procedure '
"E". Incidental |I€I|Imnm1“|umﬂﬂ“lignent I's fornmed dependi ng on whet her

the wave notion travelts & pfedtterm ned distance within the duration
time T of the initialized transient response, the 15 predeterm _ned
di stance being the sumof the total propagation di st ance d (|. -

t hat bet \Ne&féatdh&n\ga‘éaiaoabéér@é@i&h}a01nt £roi 8a38CLHAYASHE %r?tsaeﬁ‘if
RD. As shown in Fig. 4, in the processing proce ure

vel ocity pactmdagtiesWhbfhthée ﬁ)@éi@d)@)éaﬁcﬁ%ilﬁﬁgbﬁ@lghcﬁPs%f%‘ d£th and an

el enent of the boundary represented by the rsection

affects thereasenvahiaNbethdirizs) Sﬂlﬁ%lﬁ'&:@aGQSbESCEﬁFlHaebsg éﬂf incident

equation 3; and, based on a tine at whi ch t he vel oci y pot
and said reflected one of said sound ray vectors in said 1ncident

5 portion and said reflected portion of said boundaries.
28. The sound simulétion apparatus as set forth in claim 26 or
27, wherein:
the apparatus further comprises a third memory means with
a time series array capable of adding and étoring said potential
10 in a time series mode corresponding to a delay time caused by said
potential when said pdtential reaches said observation point.
29. A sound reproduction apparatus comprising:
a sound output means with at least one sound output;
at least one sum-of-products calculator for performing a
15 convolution calculus of a sound signal according to a transient
'response signal having been set, said sound signal being issued
from said sound output, said sum-of-products calculator
corresponding, in number, to both said sound output and at least
one loud speaker; and
20 said sum—of—pfoducts being provided with a memory portion
for storing a plurality of said transient response signals;
whereby any one of said plurality of transient response
signals is retrieved from said memory portion aﬁd set as a
parameter in operation of said convolution calculus of said sound

25 signal.
[
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affects the observation point P, the transient r ' d I n
array. Wien sone data has been al ready stored |Hiﬂ$ﬂﬂﬁ“m‘mﬂm | ocati on
of array, the transient response is added to th&% L M § %

- 32- More particularly, the mcro-area elenment is so defined as to be
an area forned in the intersection Qby a solid angle used in the .
definitionsef the 3puNd seund Sd¥odudtibndappbfitud B+ Addddhdla new sdub@
sound ray vectors are issued toward the boundary, and one

signal prepared on the basis of a transient response signal by

processing a sound signal éupplied from external means, the
improvement wherein the apparatus comprises:
5 an input portion to which a synchronizing signal
transmitted together with a sound signa; is inputted;
a memory portion for storing a plurality of transient
response signals therein;
a sum-of-products calculator in which said sound signal

10 supplied from said external means is subjected to a convolution
calculus according to a set one of said transient response signals
so that said new sound signal is prepared, said new sound signal
being issued from said sum—of—products calculator; and

a control portion for retrieving a predetermined one of

15 said plurality of transient response signals from said memory
portion and setting said predetermined one in said sum-of-products
calculator according to said synchronizing signal thus inputted;

whereby said new sound signal varying according to said
synchronizing signal is issued.

20 31. In a sound réproduction apparatus for issuing a new sound
signal prepared on the basis of a transient response signal by
processing'a sound signal supplied from external means, the
improvement wherein the apparatus comprises: |

an input portion to which a transient response signal
25 transmitted together with a sound signal is inputted;

-
80 : -
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5 (shown in solid I E ray vectors fornms the

ni cro-area el ement on {Iﬁlllﬂ(lltmﬂlllllﬁtll ig. 5(B), is a plan view of
the m cro-area el enent f*oreedton®th¥e Boundary. As is clear from t hese
drawi ngs, the micro-area elenent on the boundary varies in si ze and

determ ned by an angle fornmed between the sound ray 10 vector and the

boundary plane. M4 es@fdf-PHcicts tchleadlator in WHOSSSHiI sdudl digaall ze
of the mcro-area el enent on the boundary nmay be equal to that of a

bot t om ar eaugﬁlﬂe&Ofuaxﬂieéaurw@xtemalbmehﬁé hi § hgubpdetedlited 3 rrdli®iohhe
wave source to the I ntersection Q and the solid angl e described

above. In EQléuP@§eaccéi5ilng3|€J1%ﬁgﬁ RPRASXEAB! +88bShdd) N ilghahe HRRARKgPBRen N
accuracy, it is sufficient in practice. Further, i'n this case, since
the area Sig@ in said sum-of-products calculator so that said new sound
5 signal is prepared, said new sound signal being issued from said
sumrof-produqts calculator; and
a control portion for setting said transient response
signal in said sum-of-products calculator having been inputted;
whereby said new sound signal having new acoustic

10 characteristics according to said sound signal having been

inputted is issued.

81 _—
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of the nmicro-area el ement can be determined on the basis of only _

both the distance d and the solid angle, it is possible to ~increase
t he operation speed in data processing. Incidentally, 20 this area size
of the mcro-area el enent corresponds to the term "dS2" of the
equation 3. As is clear fromFig. 4, the processing procedure

starts  METHOD hawh epPhiRATUSMEOR SUNBLATTRE Acsotdd I6e/IRYURG] abheR Ter M

of equation 3 is calculated. Step 41 is followed by a subsequent

step 25 HAPEIA MIETENERENOVORRTUETOAL, ERPERNGRE VP ok ¥omef equati on
3

ABSTRACT OF THE DISCLOSURE

Sound simulation of the present invention.enables a
5 listener in a real space to enjoy a sound of an arbitrarily set
virtual space as if he were in the virtual space. In the
simulation, a transient signal generated in a sound source located
in an arbitrary position in the virtual space is propagated in a
wave motion mode in the wvirtual épace, so that a transient
10 response signal affecting a predetermined observation point is
determined as follows.
In the simulation: the transient signal is represented by
a plurality of sound ray vectors radiating in all directions from
the sound source in the virtual space; alpotential is determined
15 | with respect to each of the plurality of sound ray vectors each
time each of the sound ray vectors is reflected from a portion of
boundaries and further advances, the potential reaching the
observation point from the pbrtion of the boundaries defining the
virtual space; and, tﬁe transient response signal is determined by
20 summing up the potential on a delay time base. Further, in the
simulation: the observation point in the virtual'space is
superimposed over a listening point in the reallspace; a potential
is determined, the potential affecting the observation point after

the elapse of a delay time corresponding to a transient signal

82
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- -33- Is calculated. In calculation in the enbodi rent of the present
I nvention, since the reflection and the absorption of a sound in t he
boundary are defined to be the total reflection and the total
absorption only, the function f(t) used in the calculation my be 5
defined as to be equal to the initialized transient function of t he
wave sour cehivhensegehepatédeat ef |sairidbsonrdet ha shsdrpirtilal spacdilzhd
partial one, the function f(t) corresponding to the properties of the
boundary nmpropagdébdr theedins tine tdutapitipdgdiboRing towabdSéHd obdbervati@ach
time the sound ray vector is reflected at the

point is divided into a plurality of pieces allocated to the

individual loud speakers disposéd in the real space; and, a

5 transient response signal for each of the loud speakers is
determined by adding the pieces of the potential so as to
dgrrespond to the delay time.

Fi 5
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10 boundary. Step 42 is followed by a subsequent step 43

I n which the area size of- the mcro-area on the boundary is
calculated to determ ne the integral approximation. _

Step 43 is followed by a subsequent step 44 in which: a 15 product of
the cal cgepF an result obtained in step 41 and the area size of the
m cr o- area el rsss-nt on the boundary obtained in step 43 S

det er mi ned; ap r i ned and the initial val ue
of the wave sbgmé&gin - 0&% by t@g of a cal cul us of

convol ution tfansformation. 20 S

—L_stepd4 is followed by a
subsequent stgp 45 in which: a Initialiee of| t he cal cul ation result
‘obtained in sjep 42 and the area I 9

Execute allocation of memory area
for each variable

n=0 i
k 3
Calculate direction vector Dn of the n-th vector

r i

Select boundary B intersecting a radiating sound ray vector
(i.e., one extending from coordinates of a wave source
in direction Dn) at an intersection point

Is there no boundary B having
the intersection point?

Did the boundary B present its back
to the radiating sound ray vector?

. 7
rocessing procedure C
8
n=n-+1
Does the number of n of KNo
radiating sound ray vectors /
having been processed exceed N7 Yes
Processing procedure B _ 10
Processing procedure D
49
Process a direct sound
End
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size of the micro-area el ement on the boundary obtained in step 43 IS

det er m ned;

of the wav

cal cul us of convol ution transfor
- 34- Processing proeedurgfs 46 to

and,

rge' s initial val

u
it

response base on the integral es

absorb wave motion?

12

Calculate the total propagation distance d
between a wave source and an intersection Q

the thus determ ned product and the derivative val ue
rocessed by the use 25 of the

e transtent

to'&& BBRIa8yh Wk flelgUndar Y

Does total propagation distance d permit

the elapsed time of the wave motion for
reaching the point Q to exceed the duration T
of the transient response?

4

Calculate the incident angle o
of the incident sound ray vector (direction En,r)
upon the boundary B

15

Calculate the direction vector Fn,r of a reflected sound ray vector
of the incident sound ray vector upon the boundary B

(A vector, which passes through the
intersection point Q in direction Dr,
is called the reflected sound ray vector )

Store the following data in memory or
external memory units and the like:
the arrangement No. B of boundary B;
the total propagation distance d between
the wave source and the intersection Q;
three-dimensional coordinates of the
intersection Q;
direction vector En,r of the incident sound
ray vector; and,

direction vector Fn,r of the reflected sound ray vector;

16

Select a subsequent boundary B intersecting the
reflected sound ray vector at an intersection,
and denote such intersection by a new Q;

17

<Is there no boundary

Is the boundary B in the bac
with respect to the incident
sound ray vector 7

having the intersection?

B

End

-
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Is stored in the menory and the like. In order to reproduce the

acoustic characteristics of the sound at the observation point P, 5
there is @Eig% d a nunerical array in which the transient response
to be cal Is stored. Such array nay be provided in t he

initialization erforq;d i thg;gEEEEES|ng procedure "A". In t he :
array, a m%‘%#@arr I ch the transient response is
stored is determ’ ned depending onja time Dt at which 10 t he wave notion
reaches the u . 2k esult of the

transient res  Betice g%gl?%an{nfﬁsn&m% ﬁr& ﬁ%@%@ﬁcﬁfpomt t he observation
point Pis aML..cé rl\.%‘??e-lggiﬁg | ocation j in the
‘nunqml_mmrar—ﬁl. n the step 46, the tinme Dt at

whi ¢dh t he wave noti on reaches thgzolbsarvation

9'

Retrieve the first data of the propagation history
of the n-th radiating sound ray vector

N(/

Is there any other propagation
history still remaining
to be retrieved 7

€

22

3

32

Retrieve the data of the propagation history of
the radiating sound ray vector following the
n-th radiating sound ray vector

Is the observation point P
in a front side of the boundary B ?

25

Calculate the direction vector R of a vector
connecting the observation point with the
intersection Q on the boundary B recorded
in the propagation history

26

Calculate the distance RD between the
observation point P and the intersection Q

Does a straight line connecting
the observation point P and
the intersection Q intersect
any other boundary 7

N

Does the wave motion reach
the observation point
within time T ?

29

n=n-1 Processing procedure ”E”

Calculate and integrate the potential affecting
the observation point each time the sound ray
vector is reflected at the boundary

No 30  Does the number of the radiating
sound ray vectors, n, having been
processed exceed N ?

Yes 31"
Was the transient response calculated

No at every observation point ?
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15 point P is determ ned based on the sumof the total distance d

bet ween 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 |ocation |j in the nunerical array corresponding to the
time Dt is determned. 20 Step 47 is followed by step 48 in which the
data in tine series obtained in steps 44, 45 is added and stored in
t he correspondi ng location j in the nunerical array. In the above
addi tion and FIG i ng, when sone other data is already stored in

| ocation j, the data is added to such sone other data and the

resultant is Stﬁo%gssiﬁ?_ rocelilird € | 0Cg+- —Whereby the sanme effect as
t hat Start

in the

41

Calculate the first integration term of equation 3

] - - 42
Calculate the second integration term of equation 3

43

Calculate, at the point Q of the boundary B, an
area A S of the boundary surface represented
by the sound ray vector

44
Determine the product of the calculation result

of step 41 and the A S , and process the product
and the initial value of the sound sourceby the use
of a convolution transform ' '

| 45
Determine the product of the calculation result
of step 42 and the AS , and process the product
and the derivative value of the sound source’s
initial value by the use of a convolution transform

|

Calculate the arrival time Dt of the wave motion

to reach the observation point P, based on

distance DD which is the sum of the total

propagation distance d up to the intersection Q
(]

46

47
Determine the array position J corresponding to

the arrival time Dt in a numerical array storing
the transient response that is being calculated

Sum up and store the time series data from

steps 44, 45 in the array position J in which the
transient response is stored; and, when some value
is already stored in the array position J and the
like, sum up the time series data and such value

48

|
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- 35- approximate integration is obtained. Further, by arranging the

array location in a manner of tine series, it is possible to retrieve
the sound-field characteristics at the observation point Pintine
series (i.e., in the order of the array location), which 5 enabl es the
sound to be reproduced, whereby the nethod and apparatus for

efficiently reproducing the sound are realized.

FIG.5(a)

Micro-area element

Boundar,
4 \( Reflected sound ray vector

>

Sound ray vectors
Observation point

Potential issued from
the micro-area element to
affect the observation point

FIG.5(b)

An area size of the micro-area element
in the wave front, defined by a single
sound ray vector

Micro-area element

Sound ray vectors -~

Observation point

Potential issued from
the micro-area element to
affect the observation point
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After conpletion of the processi hg procedure "E", data processi ng

continues for the propagation history of a subsequent radi ati ng sound
ray vector. Wien all the data of the propagation 10 hi story as to the
n'th radi ap@.gound ray vector is cal cul ated, the sane operation is

conducted as to the (n+l)'th radi ati Rptentialdcalculated sitokhev/slgiepvatidpaintaf t er
conpl etion of calculation as to all tehch time the sautidatayngectoniinoreflaytedesdt or s,

data processing for a subsequent the bgpadexyat i on point P is conducted in
a manner as shown in Fig. 3§ 15 I'n Tary, i n processing
procedure "D': the vel ocity ' e

sound ray vector

af f ect i ng Scdvmdbire veetor dn —tof
propagation history of each
i ntegration, the sound ray 'vector

Sound ray vector 2 ﬂﬂ]"Lu-F ‘ﬂ'\‘:q];p "'ﬂ‘-‘u.- dh, >

Sound ray vector 3 rfﬂ'l el a1h G

l dth i | o N

Sound ray vector N I P O B —>

Simultaneous potentials
[ are summed up

T

-
Transient response rﬂ'l'[ ]’H‘ﬂ'l «dh lﬂh ”1 S
i | LU 18

to be determined LL“JJ

_
J

Direct sound Reflected sound

_\
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being reflected at the boundary; and, the transient response at 20 t he

observation point P is determ ned and stored.
fromthe above, a nmeans for acconplishing the
"D' may be any neans, provided that the nmeans
propagation history by the use of approxi mate
words, the nmeans may be: a processing unit 25
software conprising a series of steps; or a

- 36-

FIG.7(a) i

g

opez

AMPLITUDE

8.85 .18

Response obtained using a conventional orthodox

calculus (virtual image method)

FIG.7(b) ,
E aoe

oo}

0.004

AMPLITUD

procedure of the present invention

As is clear
processi ng procedure
processes the stored
i ntegration. In other

operated by the use of

B.15 8.28
time(sed)

time(sec)
" Impulse response obtained using the calculating

This Sheet Has Been Replaced




'conpufer; or sone other unit provided with hardware for executing an
appropriate processing procedure by the use of the

appr oxi mat e- boundary i ntegration. After conpletion of the
processi ng procedure "D', step 49 5 shown in Fig. 1 follows it. In
step 49, in.order to determ ne the . acoustic characteristics of a
direct sound issued fromthe 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 digget __10 sqund reagdhes the observation point P

Fig. 6 shows a graphrgf a series qf the sgund ray vectors

N

~——

/"

CONVERTER
LOUD
SPEAKER.

/
82
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and the transient responses of the direct and the reflected sound

both to be determined, illustrating their total potentials at the
observation point P versus tinme. Mdrre particularly, in the 15 processi ng
procedure "D', the potential affecting the observation point Pis
cal cul ated each tinme each of the sound ray vegtors S reflected at

the boundary and stored in tine series so that,the t ransi ent
ed as a whol e. The

ct sound 20 are easily’
Fig. 6. Now,

—
-

understood with reference to the graph shown |

a method for generating the transient responsegEagnal wll be
described with reference to Figs. 7(a) and 7( g. 7(a) shows a
response signal obtained by using a convgatssaal ort hodox
©
o0
dJANLITdNV
A
o L
™~ i <}
- (’/,—- o
_ 17T
L~ ———
1
™
o
)
Lo
oo
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calculus called the virtual -i mage nmethod. On the other hand, Fig. 25
7(b) shows an anplitude wave shape of the transient response

- 37- signal actually obtained through the above processing

pr ocedur es. In conparison with a conventional wave shape shown in
Fig. 7(a), it is clear that the anplitude wave shape shown in Fig.
7(b) ( ip@S negative wave shapes in addition to the positive wave
5 shapes. Is clear fromthis fact, the present invention realizes

~
v}
o’

16384 32768 49152 6553

AMPLITUDE
o

16384 ~ 32768 49152 6553

Y
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reproduction of the anplitude wave shape of the transient response
which is hitherto hard to determ ne or requires a |l arge anount of

operation tine in determ nation thereof. Now, actual sound
reproduction according to the above wave 10 shapes wi Il be descri bed.
As shown in Fig. 8, an analog sound signal is reproduced by a sound
reproducti on equi prent 70 such s CD pl ayers, record pl ayers, cassette
pl ayers and |ike equiprents, and inputted to a sum of - product s

cal culator 72 through a line 71. The sound signal 15 t hus processed in
t he calculakﬁ‘ 72 |s then issued to an anplifier 80 in an anal og
node t hroug 1Gr 79 and anplified therein. The

(a)

2 0.005

-

E

=0

E 1024 2048 072 4996
<-0.005

(b) |

2 0.02] | ‘\
: / Al ! ITTRT T R
E 0 llk | ) il " - l I :
% ; 1024 . 3072 ! 4D96
< ﬂ

p3 N\ p30

[
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thus anplified sound signal is finally supplied to a |oud speaker 82
through a line 81, so that the sound is reproduced. The

sum of - products cal cul ator 72 conprises: a central processing unit 20
(hereinafter referred to as the CPU) 76 for actually performng a

convol ution cal culus; an A/D converter.73 which is connected with an
I nput termnal of the CPU 76 through a line 75; and a DA converter
78 which iBICGpI®cted with an output term nal of the CPU 76 through
a line 77. However, in case that the sound reproduction 25 equi pnment 70
I ssues its output signal in a digital node, it is

(a) 90

80002:
D]
£ ]
— 0+ - - A M e —
% ] 16384 32768 49152 65536 °
> _

(b) 0.0021

4

AMPLITUDE
o

(c) 0.0021
a .
: ]
E o T II“I“
&, : 1024 | | Tooas dml:fl I'T "ados
2
\ s
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-38- natural that the A/D converter 73 is renoved. As an exanble of

t he sum of - products cal culator 72, there is "Digital Audio

Convol ution Processor FDP 1 plus", which is a product supplied froma
conpany called the Lake DSP Pty. Ltd. 5 - Now, with
reference to Fig. 9, a concept of signal processing perfornmed in the
sum of - products cal culator 72 \l | be described, in which a digital

D

signal issued fromthe A/ D convemer l 73 is inputted to the CPU 76 and
processed therein, the thus ofi ssed signal being issued to the line

77. 10 As shown in Fig.|9, 2 i screte signal 85 is a discrete
52
N Z
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repreéentation of the analog signal on the tine base and appears on

the line 71. Data as to timng and anplitude in wave shape of this
di screte signal 85 is inputted as digital signals to the CPU 76,
stored in which is the transient response signal determned 15 t hr ough
t he above processing procedure for generating the transi ent response
signal or throkﬁggaiy ot her proper processing procedures. |In order
to determ ne a +4d discrete di gi tal _ signal 86, all the data of
the discrete signal 85 (which is inputted in real time to the CPU
76) for its every divided 20 discrete time are processed in a
convolution calculus ortigp 84 of the CPU 76 so t.hat the convol ution

cal culus portion 84 pretyces a

>
dS:2

_—
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response signal corresponding to the transient response signal 83.
Since all the sound with its delay tine caused by the transient

response signal nmust be reproduced, al.l -the above data of the 25
di screte signal 85 for its every discrete tinme interval is sumed
up in the convolution cal culus portion 84 by a plurality of tines
t he number of WHICR.2brresponds to the number of divided pieces of

P2 | SP1 | [SP14 |SP13
Do
ANAN TN VANV
W G4 VAP, ¥ /4 VD &V I 70X AT AZ
Dt VYA X TT, NN AN
X ATTAT X AT

SP3 §p13
SP4 5P11)
SP5 - QY PR
SP6|  [SP7] - isps| \\_1éPo
\
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time in the transient response signal 83. For exanple, in order to
reproduce the sound in frequency up to 20 KHz, it is necessary to 5 use

65, 536 pieces of taps when the transient response signal (which is
di vi ded int 0] eces per second) with the duration - time of 1.3
second is uggﬁ%;égggghuently, in order to reproduce the sound, it is
necessary to sumup the data as to 65,536 pieces of the taps for
every 20.8 mcroseconds (i.e., 1/48,000 second) so as to produce an
anal og out put. a é!_r%tée above processi ng, 1' g_s ferable to
use the above- ntioJe jDidital Audio Convol utio ceSsor FDP 1
plus", which is pro?ua& supplied froma conpaq~JFaIIed t he Lake
DSP Pty. Ltd. :

142

O

S T

o (1. 1)

a y
2%
X 140b 1400
FIG.16(b)

¢ (1. 1)

b
.
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15 | On the other hand, the need also exists for a sinple and
I nexpensi ve nethod and apparatus for reproduci ng the sound, which

wi |l be now descri bed. . Fig. 10(a) is a logarithmc
representation of the Wanplitude of the transient response signal on
the tine base, which 0 ®ignal 1s generated ©hrough|the sane net hod as
that for generating © nsi Qpt respongy nal] shown in Fig
7(b). Fig. 10(b) is ag I ithmc repres on| of the energy of
the transient respons ™ signal Sh the tine base,| Which signal is
generated through the i sane tod as that™for de ting %ﬁf
transient response sigddt 25 shown i ig. 7(b). #A[the foll ding
description, a di scretg@i e L <
— —
© 0
© o
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-40- interval of the transient response signal is set at 20.8

m croseconds corresponding to 48 KHz sanpling tines, and the

duration tine in reproductlon is set at 1.3 second, so that the

total nunb®IGRI8(@) ing tines of the transient response signal on 5
the tinme base is set at 65,536 tines. Here, each of 65,536 sanpl i ng

tinmes is j-deptitFiedby-t+i-s-saiphiag-RHFReF—{4-——0
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sanmpling No.). In Fig. 10(a), a tine when the transient

signal is produced at the sound source is defined as a sanpling No.
zero 10 (0), and the wave form of the transient response signal
subsequent to the sanmpling No. O is illustrated. As is clear from
Fig. 10(a), FIG.19essential pulses are concentrated in a frgms rgl f
portion of the graph up to approximately the samgling ) O, On

t he ot her hand, as is clegr fkfn1Fig. 10(b),
transient 15 response in the Srgp on the_tise
60 dB at a sanpling No. 65,636

attenuation in the t

space, materials

T1

_

This Sheet Hag Been
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in the wall defining the space and |ike factors, it is apparent t hat

the duration tinme of
present invention.

1.3 second is sufficient for the purpose 20 of the
Fig. 11(a) shows an enl arged view of the

wave shape rangi ng of fromthe sanpling Nos. zero (0) to 4,096 shown

in Fig. 10(a) .
in a range of

As is clear fromFig. 11(a), essential pulses exist
the sanpling nunbers up to about No. 4,000. O these

25 essential pulses, ones with particularly |arge anpl i tggles exist in
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- 41-

the pul ses shown in Fig. 10(a) are extracted so that another
response signa

transi ent

the thus extracted transient
response signa
proves the resultant or reproduced sound to be

sound.
Wi th

a further limted range. .Therefore, only characteristic ones of

sufficiently large anplitudes capable of

new

i s produced as shown in Fig. 11(hb). Then,
response signal is used as the 5 transi ent
83 shown in Fig. 9 in sound reproduction, which

a t hree-di nensi onal

From t he above fact, it is apparent th&® the pul ses

reaching@a |i

stener's

ear 10 after the el apse of a predeterm ned tirmé{EiLEjLﬁyLate t he
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| i stener's sense of hearing. In contrast wi'th reverberations such . as
echoes which nerely attenuate in an exponential node and have been
wi dely used to produce a three-di nensional reverberation effect, the
above pul ses enable the listener to enjoy the 15 t hr ee- di nensi onal
characteristics of the space and the spaci ous feeling inherent
therei'n. Consequently, by reproducing such characteristic parts, it
i s possible to reproduce the ¢) characterisgfcs of the sound detected
at a predeterm ned obserV@Lion poi nt (i.gL, listening point) in the
space being 20 reproduced, thg sound being tected as if it were
generated in the space. On[the other handl the remaining pul ses

ot her than the above charafteristic pul ses serve as suppl enentary

el ements to the
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EEREPR q700447-2 S0
characteristic pulses in the listener's sense of hearing, and,

therefore are not necessarily reproduced with high accuracy in 25
conparison with the characteristic pul ses.

-42- Further, it is pogsible to recognlze an actual inmage of
the space béEUSIn the transient response S|32 conprising both t he
negative an | PPRARMTIHS FOR PRAVIATSING fe SBHR SV Yd SPACE TO

T s HAVE A LISTENER ENJOY ARTIFICIAL EXPERIENCE OF THE SOUND
RO F_T NTION
5 i ntion:

The present 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 acoustic experience
of the sound of the arbitrary space in a real space.

10 More particularly, the present invention relates to a

. method and apparatus for reproducing the sound of the arbitrary
spﬁce in the reai space on the basis of the acoustic
cha?acte:istics of the sound.

D -i -ion ior Art:

15 : Some types of methods for calculating the acoustic
char;céeriséics of a sound in an existing reﬁl space and also in a
virtuéi'space have been previously researched. For example, there
aré many conventional wide-use calculuses such as the sound-ray
method, wirtual-image method and the like based on the orthodox

20 gecmetric#l acoustics. However, these calculuses are
disadvantageous in that they ignore wave characteristics of a
sound and phase information in the calculation results to causé a
considerably large calculation error. On the other hand, there are
some calculuses such as the finite element method, boundary

25 element method and like calculuses, which consider wave

REPLACEMENT smﬁ‘g % .
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foll owed by the negative pulses. In effect, by using the negative 5

pul ses, it is possible to take out the conponents in frequency of

the transient response, and al so possible to have the |istener

recogni ze the three-dinmensional shapa.of the space and especially J
its intermttent boundaries, because;—as is clearly derived from t he
above equat iSSagtartstEics v Aefeynd @ngukbesefern @Fenexceblentdiiscont i nuous
portions of the boundaries. In other words,_ these negati ve pul ses
are producedRFLHred et dAteERLpERY i thes 26Furheacoustic gharrriardstoesvef |
surfaces defining the three-di nensional space, whi ch portions

conpri se corﬁ;’@xsgﬂ?‘ér HIMIVETal thete RIFHEDSBRt Hiicdh @5 the finitepglpmentes,

and sonme areas, of th oundaries where the 15 boundari es change in
material. T °ﬂeﬂ%§i Eﬁpgggrgfﬁ;ement method are also disadvantageous in

5 that a very large volume of calculation is required to obtain the
calculation 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.

10 Thus, it is apparent that the need exists for a method and

. apparatus for determining with high accuracy the acoustic
characteristics of a sound in a relativély short time, the
acoustic characteristics having little error in comparison with
real acoustic characteristics the sound.

15 The acoustic characteristics to be determined are defined
as a set of sounds reaching a predetermined observation 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
sharp leading edge as is shown in the delta approximate function,

20 the transient signal serving as the basic sound being produced at
a predetermined position, for example, on a stage and performing
three-dimensional propagation in a space and being reflected by
walls defining the space to reach the predetermined observation
point such as the audience seats. In general, the sounds in this

25 set are called the transient response signals. Consequently, the




considered to give an real imge of the space in the sense of
hearing. Consequently, it is inportant to reproduce the negative
pul ses together with the correspondi ng positive pulses in

reproduction of the three-dinensional _gound. 20 As descri bed
above, it is possible to recognize es3enti al parts of the acoustic
char act eri st transifenthgespanse i signhdsspepresent a rggul bxafl averhepping of
characteristic pulses of the transient response signal ; and,
reproduci ng the sswdscwbichtaxe gerivedstxsm tihe Soangient signaj tand [reagbe of
the thus extracted characteristic pulses of the 25 transi ent response

si gnal . Furt bee s3ame obsgryatiwsgadng vbth various time delays from various
directions in the space. By the use of this transient response
5 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 stage as if he were in
the audience seat in the space.
The acoustic characteristics of a sound, which are
10 determined according to # 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
15 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 transient response signals, a sound reproducing apparatus
capable of high-speed processing is required.
In other words, in order to store such accurate transient
20 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 divided by a very short
time interval (i.e., the sampling time interval, the reciprocal of

25 which is the sampling frequency) in a period of from issuance of
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-43-

remar kably reduce a load in data processing (i.e., the nunber

of the transient response signal data to be sumed up) by:

extracting
froma

O the portions of the transient responsSeé signal, the (
ones are takeheotitaryiehdBigAapref cighpyedyarddif of the tiHdiQWkNPedBHRSSES

(1) to (6):

10

15

20

25

the data for preparing a new transient response signal
| arge nunber of the trangient response signal data. 5

PROCESS (1):
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 86 is used. The
CPU 76 is provided with: a memory portion for setting and storing
the transient response signals 83 in which a plurality 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 are subjected in real time to a convolution
transformation together with its transient response signals 83
thus set to generate the discrete digital signal 8s.

Based on the thus stored transient response signals,
sounds appearing in the musical performance are reproduced. For
this purpése, it is necessary for the CPU 76 to continuocusly 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 transient response signals to die

away to the 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

characteristic

1 4MpY 97




The characteristic portions of the transient response 10 signal are

sanpled in the order of maximum (i.e., absolute) val ues I n anplitude
of the pulses. This process (1) is easy to perform In the process
(1), the anpunt of acoustic stimulatign applied to the listener's
sense of hearing is represented by nagnttudes in anplitude of the

pluses. | n LIy . Sal Loge 14,07 el 40 Pr8Yenboblifss WniRUPYnLl Lhe

pul ses to bépséhpl rom i el y i ncreasrng, 1 s possible to

limt the ”“éEbce:{pr%EFihgfltOA’d %SFEQ S 't%ds&gg%i—aup resuPE.e?sg}Cf?{ m ned

nunber. Alternatively, "Tt 1s al'so possible to predet er m ned
e e LohF A SR IR gctiop i eB g onay 4o
a very expensive CPU 76. Due to this high cost, it is not
5 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

10 instruments enabling us to enjoy various movies and like pictures
through video cassette players at our homes or in our own private
rooms, in orde: to enhance our enjoyment, it is important to
reproduce with teality the sounds accompanied with such pictures.
For this purpose, television sets are provided with conventional

15 loud speaker output terminals for the surround phonic sound
system. Of these television sets, some ones are further provided
with simu;ated sound reprodqction systems such as the Dolby
surround system and the like. However, in an actual movie theater,
in order to have the audience enjoy a two- or three-dimensional

20 sound field, a large number of loud speakers, for example, 10 or
more speakers are disposed on the side walls of the theater or on
appropriéte positions in the vicinity of a movie screen of the
theater. Consequently, when such sounds of the pictures are
reproduced through the loud speaker terminals for the surround

25 phonic sound system in the television set at our home, it is not




In a graph such as shown in Fig. 11(b), a predeterm ned t hreshol d

value is previously set. Then, only the pluses exceedi ng this
threshol d value in absolute value of their anplitudes are sanpled in
the order of time in a condition in wigch a sound is 25 produced at a ,
time corresponding to the origin of the-tinme base of _

- 44- pdigiaPho difoyP'=088a %A )ofC 2R rBe-8{hatdilonahysemd id1korRages

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.
5 Since the virtual reality enables us to experience a feeling of a

virtual environment as if we were in an actual environment, it is

expected that the virtual reality is applied in various fields.

However, up to this time, the virtual reality is considered

essentially as to picture images, and, therefore considered little

10 as to reproduction of sounds accompanied with such picture images.
Thus, in development of the virtual reality, it is apparent that
the need exists for a method of reproduction of sounds enabling us
to feel as if we were actually in a virtual environment which
varies with respect to time.

15 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, theré 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 serious. In

20 these 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 actually
reproduced are not necessarily adequate to the scenes, and,
therefore often give the audience a feeling of physical disorder,

25 or often impair the effect of the virtual reality. In these days,



where a starting area of sound occurrence is especially inportant,

that is, the pulses not reaching the threshold val ue are not useful .
5 PROCESS (3): I'n the process (3), when the nunmber of
sanpl i ngs performed in the process (2) reaches to a predeterm ned
nunber, the sanpling operation—of" the pulses is finished.

Consequent | yredih&yPi 9CRSSe (Rquired thdrS e%eeca;aﬁ% qﬂritngwﬁe id;e%aéfziél;‘at

the capacity of a'central 10 processi ng un
nunbers is |48 tr@roduction %5&14 4)hich are adequate &b Lh %Q]aeac;h

of groups of signals, one wth t | ar gest anplltude |s se ec and
defined as aofIHH%thUiéescédés@nand, therefore give reality to the space to a
maximum. As described above, according to such space used in each
5 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 amusement, and, therefore
enable us to enjoy a sound field improved in reality, which is
different from that obtained in the movie theater using the Dolby
10 surround phonic sound system.

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

15 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

20 set three-dimensional space (hereinafter referred to as the
virtual space) in a relatively short time by the use of a
relatively low-speed processing unit.

It is another object of the present invention to provide a
method and apparatus for generating a sound by using the above

25 acoustic characteristics of the sound appearing in the virtual




exanple shown in Fig. 12(a), signals 90, different fromthe 15 r emai ni ng
signals, forma signal group 90. Fig. 12(b) shows a graph in which
this transient response signals 90 are enl arged on the tine base. As
is clear fromFig. 12(b), there are digcrete peak points of the .
pul ses in an area ranging fromthe sanpling Nos. about 1024 to about
2000. Dependspareottot hpalbbend iligtehar Mty ha@ an adeudl MeelDhgraslis het wees
these pul ses may be often bel ow a pr edet er mi ned val ue which the
| i stener's sEnddeotiptual mpasen not detect. Consequently, it is not
necessary to reproduce or_sanple all the peak points of the pul ses.
In other words, it E§ is furthegf anethen abjeshnpf ctloneresenteserantalsnpodnt s
of the pul ses, which
provide a method and apparatus for simply generating a sound by
5 using transient response signals (which are the above precise
acoustic characteristics of the sound appearing in the virtual
space) , while essential acoustic characteristics of the sound in
the space are kept.
It is a still further another object of the present
10 invention to provide a method 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 have an actual feeling as if he were
the audience in a hall such as movie theaters and like halls.
It is another object of the present invention to provide a
15 method and apparatus for generating a sound for enabling the user
to have an actual feeling as if he were in a spéce 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
20 provide a method and apparatus for generating a sound adequate toﬁ
a picture scene transmitted to the user's home or his private room
through electric cables, optical fibers, or wireless
communication.

According to a first aspect of the present invention, the

25 above objects of the present invention are accomplished by




25

one is sufficient to enable the listener's sense of hearing to

- 45- detect it. For exanple, as is clear fromthe well-known
effect, it is not possible for the listener to distinguish

i ndi vi dual signals when these S|gnals-@Je spaced apart from each

ot her at |ntervals of 10 milliseconds™and |ike very short tinme on

ti me- based g; thIS case, a selected one of the pul ses

a first peak pu se |n each of the pul se groups, or a

"Haas"

5  the
may be

In a sound simulation method for determining transient

response signals which affect a predetermined observation point

when a transient signal, which is issued from a sound source

5 disposed in an arbitrary position in an arbitrarily set virtual

space, performs a wave motion propagation 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

10 space; and

the sound simulation method further comprises at least a

step for determining a potential reaching the cbservation point

from each of portions of a boundary defining the virtual space, in

each of which portions each of the plurality of sound ray vectors

15 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 characteristics of the sound in a relatively short time

without performing a large volume of calculations increasing in a

20 manner of infinite series as is in a conventional method in which:

sound waves are issued from a sound source and reflected by a
boundary so that the acoustic characteristics thereof perform

motions to radiate in all directions in a space; all of these

wave

acoustic characteristics are then determined, each of the thus

25 determined all of the acoustic characteristics being followed

i
i
i
{

by




maxi num peak pul ses therein. In case of Fig. 12(c), only a first

pul se in each of the pulse groups 90 is sanpl ed. : PROCESS (5): 10
The duration of each of the above processes (1) to (4) may be
limted to a predeterm ned |ength of fjgre. As for the transient

response signal in the space, dependimg—on superinposition of the

direct waveg %&&E £ e u,§‘ur

di rections, over the rgﬂlg?:#g hv?é\%g{ééﬁae \éngalggﬁﬁg %’Ifh}[é%‘e:égo d 15
affecting t Qﬁbg n\ﬁatb'ogﬂd ﬁ}'ntth'es sgﬁé rﬂ:egcohjggfé ct?rls’cics are
circunstances, after the e dpse of tern1ne period of tine,

t he energy Qﬁeﬁrgbﬁgymgnggyrgﬁa(@@ﬂgg_ mhlch makes it inpossible to

The above method of the present invention is improved in
5 efficiency of its processing as follows.
In the above method of the present 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
10 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 socund ray vector
15 in the position of the portion of the boundary in which the sound
ray vector is incident on and reflected by the boundary, a
potential reaching the observation point from the portion of the
boundary defining the virtual space is determined.
Further, in the above method of the éresent invention:
20 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

25 time-series transient response signal, which makes it possible to



obtain a sufficient peak value in the pulses. For exanple, as is

clear fromFigs. 10(a) and 10(b), energy attenuation at the 20
observati on point reaches approximately 60 dB as to the sanpling No.
65, 530. Consequently, it is not necessg{y to sanple the pul ses

subsequent to this sanpling No. 65,530 1n the above, based on the

oot or m ned S flty Bt Pl e iRTSnE mbdlo L SIIREE, [th Ecomorisady,
of the processgdinkd) signdd AyiNG PAY $eShbellCdBAMeh UdESh time a

sampling operation is conducted.

In order.to have a loud speaker in an existing real space
5 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 signal are generated
in the method of the present invention.

Namely, the steps are:

10 {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
15 real spéce over an observation péint disposed in the wvirtual

space;

() a step for determining the potential affecting the

observation point after the elapse of fhe time delay of the
transient signal which is issued from the sound source in the

20 virtual 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

25 (£) a step for determining a transient response signal of each
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- 46- in anplitude of the pulses. As shown in Figs. 10(a) and 11(a),
a first range on the tinme base of the pulses wth anplitudes equal
to or nore than 0.005 extends substantially up to the sanpling No.

4,096. In other words, there is no puLﬁg%equal to or nore than 5 0. 005,
in anplitude in a second range beyond sanpl i ng No. 4, 096.

Consequent | yof ithel 50@@8@4&%&%%64&&&& BecREGK 4Hd §§§c&£‘|cyf the poﬁérﬂ"%t 41€

above first range. I n each ove

processes (lghdsOaf Ddcd €dd &%rrahbﬁgoﬁ ftehe 1Bud %a‘%@e&ws 'a.Ecb?dJR{QEft%r apLecddy
effect to sanple the negative peak

delay.
As described above, in the above method of the present
5 invention, it is possible to reproduce the sound excellent in
directivity and in depth by dividing the potential (which is
reflected from the boundary defining a wall surface of the virtual
space to reach the observation point) into the plurality of pieces
each of which is allocated to each of the loud speakers arranged
10 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 the method of the present invention, it

15 is necessary to perform the above 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 usea as these sound sources and the hall
is constructed of the virtual space, it is possible, by

20 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 sound as if he were in a real hall. fhis is
particularly effective in case that the listener wants to enjoy
the sound as if he were in a movie theater provided with a

25 plurality of loud speakers.
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pul ses together with the correspondi ng positive peak pul ses. As
descri bed above, the negative peak pul ses cooperate with the
correspondi ng positive peak pul ses, which nmakes it possible to

reproduce their frequency conponents and-also to enable the 15 i stener
to enjoy the three-di nensional real inAge of the space. As
descri bed above, thé&nethe eabovel mathed afedhesptresent invenshdon iingoklar to

pul ses. Now, with reference to Fig. 13, an apparatus of the
present i nvemyeortheolistenpdn endpyoblik esxpsirikoge asiifyheheer€(in the scenes

hi gh- perf or mance sum of - products cal cul ator, the sound on the basi s

of the transtlermt moyipoard lsikgnafichires, ddwpivérteml ofpaceeis varied

according to the scenes. Further, the positions of the sound

5 sources, which correspond the positions of the people and animals
serving as sound sources, are also varied according to the scenes.

Since the above-mentioned transient response signal is

excellent in accuracy and determined by performing a large number
of digital sampling operations, generally it is necessary to use a

10 high-speed sum-of-products calculator in order to actually
reproduce the sound based on such transient response signal.
Consequently, in order to reduce the number of data processing
operations while the reproduced sound is kept high in reality, it
is necessary to determine a new transient response signal by

15 extracting only a predetermined characteristic signal pulse from
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

20 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 their amplitude peak, while the other negative ones
following the above-mentioned positive ones are also selected in

25 the same manner. By extracting such negative pulses with which the
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above sanpling of the pulses will be described. As shown in

Fig. 3, in place of the CPU 76 of the sum of - products cal cul ator 72
shown in Fig. 8, a sinple-type 25 sum of - products cal cul ator 100 is
used in the present invention. -14-

-47- The sinple-type sumof - products cal cul ator 100 conprises a

multi-tap delay circuit 110, a reverbergtipn,portion }20, and an
equal i zer 1§@§1tlve 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
5 signals into a plurality of groups, in each of which groups the
signals are packed on the time base and extracted therefrom.

On the other hand, the present invention realizes an
actual sound reproducﬁion by the use of the thus determined
transient response signals. More particularly, as for the thus

10 extracted transient response signals, each of the pulses thereof
are seft in its delay time and its relative amplitude value. Then,
each of the sound signals sequentially inputted is outputtéd on
each of the delay time according to each of the above-mentioned
relative amplitude wvalues, so that these signals thus outputted at

15 the 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 predeterﬁined ones so as to
remove high-frequency coméonents in the pulse of the sound signal.
It is also possible to apply reverberation to the gap between the

20 thus extracted pulses so as to reproduce the sound in a continuous
manner.

The method of the present invention comprises the steps
of:

generating a plurality of transient response signals which

25 are different from each other according to a sound being




The nulti-tap delay circuit 110 conprises a delay |line 5 112, a

plurality of weighting portions 114, and a plurality of addi ng :
portions 118. A plurality of output lines 115 for a plurality of tap
signals are provided in the addi ng port§-ons 118. The signal is
transmitted fromthe delay line 112 td the out put i nes 115 of the
addi ng portions 118 through the weighting 10 portions 114.

The mul ti -t &gPHedygedi A@dit 110 recei ves a sound si gnal from an
input line 75 and processes the signal on the basis of pr edet er m ned

delay times and anpiettidgsthe Pnseenh TRiganse signalgiighgy . Now, with the

use of the new transient resgonse siggal .
sum-of -products calculatoer en the sound is reproduced, the

transient response signals having been stored according to the
5 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 generated.
The plurality of the transient response signals may be
10 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
responée signals before the sound signal thus transmitted is
15 received, whereby the sound is reproduced based on such transient
response signals.
EF DE T l D
Fig. 1 is a flowchart illustrating a processing procedure
for determining the transient response signals;
20 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 propagation
history of each of the sound ray vectors by the use of a so-called

25 approximate boundary integral;




15 prepared by sanpling the transient response signal shown in Figs.
11(a) and 11(b), the function of the multi-tap delay circuit 110

wi |l be now descri bed. Signals to be sanpled are denoted by
the reference characters Pl to.fg30 (hereinafter referred to as the
pul ses P1 to 20 P30). Consequently;—the total nunber of the pulses is -
30. Set in the delay line 112 is a delay tinme correspondi ng
to a positioftdf 4 he pufbewdharitseficl prasiassingrsrogesiuref fohe

plurality of the output lines (i.e., paps% 115. The pul se P1
represents &3dicpietingudidiagcaihFtoréngbshe tangiepsi rrspransg bgsthe use

corresponds to the sanpling No. 793. The duration of the pulse P1
of the approximate boundary integral;

Fig. 5(a) is a perspective view of the boundary,

5 illustrating a 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;

10 Fig. 6 is a graph of a series of the sound ray vectors and
the transient responses of the direct and the reflected sound both
to be determined, illustrating their total potentials at the
observation point versus time;

Fig. 7(a) is a graph of the response obtained by the use

15 of a conventional orthedox calculation called the virtual-image
method;

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

20 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;

25 Fig. 10(a) is a graph of the transient response signal




- 48- is, therefore, 793 x 1 / 48,000 = 16.52 m|liseconds. The del ay

line 112 thus set receives a signal fromthe input line 75, and

i ssues the signal to a first one of the weighting portions 114 after
the el apse of the delay tine thus set.j7- 5 Further, the nagnitude
of the signal to be reproduced is — set, and controlled in the

wei ght i N Pblh 9ASd Litf theNshiie Sndt®el: for generat€ngdBhd (idas0bnt N dYdhses I N
the transient response signal to be reproduced are so set as to be
proporti onalsiyRa e gHade showeaG 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
obtained in the samé methed 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;

10 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 the samplings
ranging from Nos. 0 (zero) to 4,096;

Fig. 11(b) is an enlarged view of a wave shape of another

15 new or characteristic transient::equgse 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

20 different from the other transient response signals;

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

base;

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

25 Fig. 12(a), illustrating only the sampled pulses of the signal




other. More particularly, in case of Fig. 11(b), the pulse P29 is 10

maxi mum i n anplitude. Consequently, the anplitude of the pulse P1 S
so set as to be approxinmately 70 percent of the pul se P29. As a

result, in the first one of the weightiglg portions 114 correspondi ng
to the pulse P1, the signal supplied f+om the del ay line 112 is

wei ghted in ZaRbi 6/dh1REgRIVEH HHd Rmbabase Of 70 15  percent, and issued
to the first  one of the dutput |ines 115. As a result of the
above setting, the gpiputiized sidddldiagram ofSWHY icBdcépeoras Resimpid |ine 75
Is issued fromthe first one of the output lines 115 after the

el apse of 1Gppdraths i FHCFRPGEodddlthg the solikdioywthRULs€bSitgRakaltsied bhes
anplitude so weighted as to be 70 20 percent of the anplitude of the
i nputted si @akheatithisidhtCdeéSdnse signals;
5 Fig. 14 is a schematic diagram illustrating the potential
affecting the observation point in the space;

Fig. 15 is a plan view of a movie theater, illustrating
one of the sound ray vectors and its potential relative to the
audience;

10 Fig. 16(a) is a plan view of a space in which the virtual
space shown in Fig. 15 is superimposed over the real space,
illustrating the potential of the sound ray vector which is
divided into four pieces each allocated to each of loud speakers;

Fig. 16(b) is a schematic diagram illustrating a method

15 for dividing the potential of the sound ray vector in the space
shown in Fig. 16(a);

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

Fig. 18{(a) is a plan view of the real space superimposed

20 over the virtual space provided with the loud speakers serving as
the sound sources, illustrating these loud speakers for sound
reproduction and the listener;

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

25 the sound sources, illustrating these loud speakers for sound




reproduction of the pulse P1, which makes it possible for the
|istener to catch a sound as a direct sound formits sound source

16.52 mlliseconds fromthe occurrence of the sound. Then,
setting for the pulse P2 is conducted.j@ to a second 25 one of the
output lines 115. A delay tine to be Set is 22.16

- 49-

10

15

20

25

in

repiro@uct ilor) @hi4 8h8 OD)s teinkk, SE®RATtubl bpice eRBCaihiwy weirght i ng

movable sound sources such as persons and animals;

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

Fig. 20 is a block diagram of a first apparatus for
reproducing the sound in the real space in a condition 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 respect to time; and

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

DESCRIPTION E_PRE D E NT

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

First of all, in order to 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 integral equation (i.e., equation 2) is derived

from Kirchhoff's three-dimensional wave equation (i.e., equation
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ratio is 63 percent. Due to such setting, it is possible for the
listener to catch a first characteristic sound in 22.16 mlliseconds
fromthe occurrence of the sound at its sound source. 5 In the
same manner as that described above, sgiting is conducted as to each
of the remaining pulses P3 to P30. As—for the negative pul ses, in
the above seft,i AOm&difiBAdibHASE tHe iefuation 2 NACRGIALY e additionally set
negative indications with respect to t hese negative pul ses. After
conpl eti on cfpprbkikdesodidhr(}dintdyralOequd titonUlil.e- | a@qnidaliay §j rcuit 110,
t he signals, which correspond to t he individual delay tinmes having
been set for the inghyikiithhoff's tHXdepdiméndishall vavar@nseguanti aly
i ssued fromthe output |ines 115.

equation 1) is represented as follows:

8%¢
ot

1
vz(b"’-c_:_z' -—-F(x,y,z,t)

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

10 is the time; F is a wave source; and, x, v and z are
three-dimensional coordinates. Further, in Fig. 14: 82 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

15 observation point P; and, dS2 is a micro-area vector on the S2.

The equation 2 is the inteéral of the Kirchhoff's

three-dimensional wave equation (i.e., equation 1) to represent
the velocity potential at the observation point P, and is
represented as follows:

20

! 1 !
o | Lt ] {-:—[vw].,,-[d)]... %[t )+ -’-{%%] Vr}-dsz

cr "

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

(Jtd is the delay time t-r/c; V is an arbitrary space surrounding
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In general, the input signal on the line 75 is a 15 continuous sound
signal such as nusical ones and the liKke. Consequently, the nmulti-tap
delay circuit 110 is provided with the addi ng portions 118 in which
all the signals issued at the same 51, time fromthe output Iines 115 are
summed up, because, for exanpl e~—a first one of the inputted sound
signal s is ithaUgHsésaict0poin® #j 152t i 9UENRMItsUrrAeeldh draf Wergthe £ apse of
a first delay tine) at the same tine when a second inputted sound

si gnal subsegu@ftaip point ont BEefdF;Stna@neri Sd huecdiétNBeaabaeradrd aig put
line 115 after the el apse of a second delay tine. Consequently, al
the sinultarg@dithe obserwtgdal poimy M.he pulses P1 to P30 are sumred up

every sanpling
The modification of the integral of the Kirchhoff's
5 equation (i.e., the approximate-boundary integral equation 3) is

represented as follows:

k()
+4—1n-Js’[-c—:z%f(l——::-){cos(f,ﬁ)—cos(i-;,ﬁ) )+-é-f[t—%]{-£—cos('r‘.ﬁ)—-;l:cos (%,.1) Hds,
10
where: ¢p is the velocity potential at the cbservation point P;
(Jtd is the delay time t-r/c; V is an arbitrary space surréunding
the observation point P; S2 is the surface of the V; Q is an
arbitrary point on the $2; r is the distance between the Q and the
15 observation point P; and, re¢ 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
20 on the basis of the above-mentioned approximate-boundary integral
equation 3 will be described. Although the means mentioned 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

25 equation may determine the wave characteristics of a sound as is

UL



25 interval which is, for exanple, 1/48,000 second when the sanpling

- 50- frequency of the inputted signals is 48 KHz.
the other hand, in order to use the thus outputted signals on the
line 116 so as to have the |istener erphoy a nore realistic sound

field, it is preferable to use the reverberation 5 portion 120 to add
reverberations 9 koY inllSedP LR8N 'O 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.

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

"processing procedure A" and "processing procedure B".

A step 7, i.e., "processing procedure C" shown in Fig. 1

10 corresponds to a processing procedure 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.

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

20 Set in the "setting of calculation 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

25 transient response to be calculated); the duration time, T of the




portion 120 may be a commrercially avail able product. In the

reverberation portion 120, reverberations are added to the sound in a
manner such that the signal processed every sanpling frequency in the
mul ti-tap delay circuit 110 exponenti gsly danps 10 with respect to tine.
In this case, the reverberation time and the danpi ng characteristic

of reverber airafBSeiBraspbiis@CESE BE1EOLATRI; and, €64 UAldeY H5€4H setting
reverberation portion 120. The thus added reverberations nay easily

snoot h t he gappebeémeRD biyhfeihd SIS aaf input urifte tAesadh aMhScRN: ULSPARBALs
signal thus sanpled. Further, there is 15 no fear that the thus sanpled

char act eri Striezepshfgedadtapabt byfaneans of @&0Witterfial Mg ryThai adehdn whiek
reverberations is particularly
the necessary data is retrieved.

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

10 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 frequencf, a discrete-time interwval, which
corresponds to a frequency of equal to or over twice as high as
the analytic frequency, is set according to Shanon's sampling

15 theorem. A size of memory area for storing therein the transient
response to be calculated, which is used in the "processing
procedure B", is determined 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

20 boundary defining 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

25 number of the boundaries;.a normal, i.e., perpendicular line of

~ raronban,

e sone
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effective in the above process (5) in which one of the pulses in t he

groups of signals is sel ected. The signal with reverberation
is inputted to the equalizer 20 130 through the line 117. The signal
appearing on the lines 116, - 1144conpri ses the sanpl ed pul se-like
characteristic signals only, ard; therefore conprises extrenmely many
hi gh-fr equenRgkhCORPEE Yotindaries; chBSAEAMMEd B3 ed3R SRS iASedcH Q¥ RASS
filter to renove these hi gh-frequency conponents, and controls the

f7 ;equency FundaFeY AGFLbetiss Ml hBSoAIEIYH a%l GRalbdunddedes P drie khae
| like. Incidentally, in the following description of the embodiment
of the present invention, in order to facilitate the description,
5 it is assumed that each of the boundaries only performs total
reflection and total absorption of the sound over the entire
frequency band.
In the "setting of wave-source radiating sound ray
vectors™, the number of sound ray vectors, N, radiating from the
10 wave source are calculated. In this setting, the wave motion of
the sound propagated from the wave source is simulated to
calculate both a position and a time at which the wave motion is
reflected at the boundary, so that acoustic characteristics (i.e.,
velocity potential "¢ p™ of the souﬁd at the observation point are
15 calculated. Such simulation of the wave motion propagation of the
sound is performed by the use of numerous vectors, each 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
20 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,

25 therefore may be more than 1/2 of the "A" in some cases.
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As descri bed above, of a large nunber of the pulses in the transi ent

response signal, only the characteristic ones are sel ected and
sanpl ed to prepare the new sinple transient response signal, which
realizes a so-called three-di mensi onahssound 5 reproduction in the
space through a convol ution calculus-&%’only the limted nunber of

the pul ses i_n the_é*ﬁpsient response si gnal . uent | in the

present i nveREFITH Yir s VBGERTHITEPFESERE DY the Wa"%eﬁc‘%r}%?’ P £ sound

Pu O OSSR Bha hpod B At S L Bs g ene ST, 0

virtual Spa%%btors. Of these sound ray vectors, ones radiating from the wave
source are especially called the radiating sound ray wvectors.

5 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 vector Dn of the n'th radiating sound ray
vector is calculated so as to have directions of N pieces of the
radiating sound ray vectors form the same solid angles

10 therebetween with respect to the wave source.

Selected in step 4 following step 3 is the boundary B
having an intersection at which it intersécts 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

15 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

20 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 is within an angle range of from

0 to 180 degrees. In other words, in case that the normal vector

25 of the boundary is so defined as to extend outward in a virtual
.
l‘ Si3H o 0] 1-'7;-“':’7‘
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Now, a nethod for generating the transient response signal used in

sound reproduction in the virtual space by the use of a plurality of
| oud speakers disposed in a real space will be descri bed. The net hod
for generating the transient response_gd.gnal 15 i s adapted for the real

space for reprodu0|ng t he sound,. and —— enabl es the listener staying in

the real %cEO AU Yeren %@Pé' rﬂ:r.med ﬁet&gé}[ Q'%%C G8rhdh %ﬁnﬁéﬁt{ '"Q"ld hace-

Fig. 15 sho a plan view of “a novi e t heater | ustrati

plurality of.tihgeandi £0GR Sggtéeé’ﬂ% .al.sp&ri’g?%rl theOhnk P %g?%%ﬁ%ﬁrfro%p 0 to

arranged therein tor reproducCi ng the soun n a so- ca

surround sysigdmyaRaces The NUNKRER Un iRRek OMhbRRRAKRE S ¥ rl@”ﬂsgl tfe), the

boundary is defined to be the front. Otherwise (i.e., when the

5 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 is necessary for
the computer to judge in operation: whether the sound ray vector
is issued from the inside of the boundary toward the front side

10 thereof (i.e., whether or not the séund 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 the
boundary without being reflected thereby).

15 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

20 step 7, i.e., processing procedure "C".

In step 7, i.e., processing procedure "C", when the
boundary B is set so as to completely absorb the wave 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 subsequent

25 step 12 in which the total propagation distance d between the wave




the theater shown in Fig. 15 is fourteen. These | oud speakers are

denoted by the reference characters SP1 to SP14, and so di sposed as
to surround the audience, as shown in Fig. 15. Sounds issued 25 from

t he | oud speakers SP1 to SP14 formdirgct sounds and

-52- refl ected sounds fromwal | ss—These direct and refl ected sounds

reach the aud,286Gand\Miineh i RBERAL&S1bREo A 8RC BobRaSA} B 1kNEa SNt eq.

i nherent in the novie theater.
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

5 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 processing order shown
in Fig. 2 is the best in efficiency to minimize the processing
time.

10 Otherwise, i.e., in step 13, when the propagation
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

15 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,

20 r". Consequently, the "“En, r" is the radiating sound ray vector
which is issued from the wave source 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 one being

25 reflected at the intersection Q. The reflected sound ray vector is




In order to actually reproduce such sound which the 5 audi ence may

enjoy, it is necessary to generate a potenti al serving as a
conponent of the transient response signal, which potential reaches
t he audi ence in sound reproduction. Onggof met hods for generating
such potential is the sane as that for— generating the transient
response si @gflingdi € bes oflesehidied si Bhé he' thl Gadiabdng sdunH ref ereite bA
Figs. 7(a) and 7(b). In this nmethod, a wal | surroundi ng the audi ence
in the novi clhaviagtissen sefebcted #ts the bounddmuBdang. i\ fpadetiiefd ned Bie
such boundary forns a virtual space. The | oud speakers forns a

plurality ofrefdantled mowes ray témtors, one dtavicky beem tdfieetbdusit Ipmaker s
propagate in the thus defined 15 virtual space to affect the audience.
Consequent | ygoundachés Ul itiges is defined as "Fn, r". Consequently, the "Fn,
5 1" is the n'th sound ray vector having been reflected at the
boundary for the first time.
Step 15 is followed by a subsequent step 16. Stored in the
main memory or an external memory unit in step 16 are: arrangement
No. B of the boundary; total propagation distance "d" between the
10 wave source and the intersection Q; three-dimensional coordinates
of the intersection Q; the direction vector “En, r* of the
incident sound ray vector; and, the direction wvector "Fn, r" of
the reflected sound ray vector. A series of data calculated each
time the radiating sound raf vector Dn is reflected at the
15 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
velocity potential of the sound ray vector, which potential
affects the observation point P each time the sound ray vector is
20 reflected at the arbitrary point of the boundary surface $2 (shown
in the above equation 3). The total propagation distance "d" above
described corresponds to the "ro" of equation 3.
Step 16 is followed by a subsequent step 17. Selected in
step 17 is another or subsequeﬁtlone of the boundaries B having a

25 new intersection Q at which such another one intersects with the
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t he above potential to determine the transient response signal t hus
affecting the audience, it is possible to obtain the sane potenti al
as that of the transient response signal actually affecting the
audi ence in the novie theater. 20 59, For exanple, in Fig. 15: a
sound ray vector of a direct setid fromthe | oud speaker SP1

affecting a ddfiketed $urel d8Q0TE&tor havin§ytid@lirebeisnceharaciesp Ry, an
i nci dent sound ray vector i ncident on the boundary corresponding to

a wall Wis gerelleewdy by a subkégudrtf gtepces clMiedCtRerdlis ardbolndHhoE Ly
potential incident on 25 the listener P is denoted by the reference
character [etadingThRe intersection Q, the processing procedure goes to "End",
as shown in Fig. 2. When there is any other boundary having such
5 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 incideht 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

10 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 vector, as is clear from

15 Fig. 1, the same processing procedure is repeated for each of the
subsequent radiating sound ray vectors. Namely, after completion
of the processing procedures as to all the radiating sound ray
vectors, the processing procedure "C" is followed by a subsequent
processing procedure "B".

20 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

25 storing the initialization data; a means for calculating or
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- 53- velocity potential [err] forns the conponent of the entire

t ransi ent response signal, and is derived fromthe incident sound ray
vect or Dl reflected froma mcro area such as shown in Fig. 5(b) on

t he boundary. 5 Now,zg.eproduction of the sound of the
novie theater in the real space—w || be described. It is possible to
real i ze suchicteuining the peppaghitiionofedyrd \ditast nod| |y maaduEongstdoring

t hr ee- di nensi onal virtual sound field of the novie theater in a

sound fi el d #her pedpagation record data.
On the other hand, as is clear from Fig. 3, calculation
performed in the subsequent processing procedure "D" is based on
5 the propagation histories of n pieces of the radiating sound ray
vectors, as follows:
Namely, the processing procedure "D" starts with step 21.
In step 21, coordinates of the first observation peoint P for
calculating the transient response are retrieved from memory and
10 the like. First, data as to the propagation history of the
radiating sound ray vector 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 observation point P, subsequent propagation
15 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 observation point P, the processing procedure
goes to step 25 in which a direction vector R extending from the
observation point P toward the intersection Q recorded in the
20 propagation history is calculated. Step 25 is followed by a
subsequent step 26 in which the distance RD between the
observation point P and the intersection Q is calculated. Step 26
is followed by a subsequent étep 27 in which when a straight line
connecting the observation point P with the intérsection Q

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

T
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in a real space. Incidentally, the sound field thus synthetically 10
produced in the real space is hereinafter referred to as the

synt hetic sound field. The virtual space is superinposed
over the real space in a manne[sisuch that a position of the listener
Pin the real space is coincidenat with a position of the audience P
I n the virt thhtstiaserelothity pStetialnffony. thb(arersectiroral dpacenckd4. A

| i stener 142 in the real space 144 is superinposed in position over
t he audi encaffect the obsemmatiod-ippint5P. Asposedulh, tthe peatesyiace 144 are
four pieces of | oud speakers denoted by the reference nuneral s 140a,
140b, prodgdurandyoesOfto fkem R@anonnthié pthed( handt He Isitepeder whéd ithe

straight line connecting the observation point P with the
5 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 observation 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
10 velocity potential on the boundary B affects the observation peint
P, and therefore step 28 is followed by the processing procedure
"E". 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
15 predetermined distance being the sum of the total propagation
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
20 element of the boundary represented by the intersection Q and
affects the observation point P, is calculated by the use of the
equétion 3; and, based on a time at which the velocity potential
affects the observation point P, the transiént response is stored
in array. When some data has been already stored in the same

25 location of array, the transient response is added to the data.




20 surrounded by these | oud 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 |oud speakers 140a, 140b, 140c,
140d. The listener would be able to enjpy the sound of the vi rt ual
space. Incidentally, only required insetting of the real 25 space are
the rel ati velopespartirsulatly hetHd stienerarell edetiehheis uad defined as to be
-54- speakers 140a, 140b, 140c, 140d relative to each other. Based
on an area formed in the intersection Q by a solid angle used in the

definition of the sound ray vector. In Fig. S5(A), a plurality of
the sound ray vectors are issued toward the boundary, and one
5 {shown in solid line) of such sound ray vectors forms the
micro-area element on the boundary. In Fig. 5(B), is a plan view
of the micro-area element formed on the boundary. 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
10 vector and the boundary plane. 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,
15 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,
20 this area 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 which the first term of the integration term of
equation 3 is calculated. Step 41 is followed by a subsequent step

25 42 in which the second term of the integration term of equation 3




I nformati on of these relative positions, the synthetic sound field

I's produced with respect to the virtual space. In Figs.

16(a) and 16(b), the potential "[err] (1, 1)" shown 5 in Fig. 15is
illustrated in detail. This potential 34.err] (1, 1)" is divided into
a plurality of pieces allocated to the Tndividual | oud speakers
140a, 140b, 1$4081curd¥bd.ASnSEaV¢ulatibhdin lifHedembodiment SifNERe tfasakent i al
"[err] (1, 1)" reaches the |istener 142 by passing t hrough a space
bet ween t he intedtsqealedngeldRa Rl et4dbn drk thtOabseoitdon afF a [syund ¢4, 1)
Is divided into two pieces allocated to these | oud speakers 140a,
140b. the boundamowrewdéfinef ¢epeheethe teityal téfldgtisuchndretHeodokal

di vi-ding the potential "[err] (1, 1)" will be described.
absorption only, the function f(t) used in the calculation may be

5 defined as to be equal to the initialized transient function of
the wave source. When each of the reflection and the absorption
are a partial one, the function £(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

10 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

15 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 transforma;ion.

20 Step 44 is followed by a subsequent step 45 in which: a
product of the calculation result obtained 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

25 of the calculus of convolution transformation.



In Fig. 16(b): the line a-a' passes through a center of 15 t he | oud

speaker 140a and a center of the listener 142; and, the line b-b'
passes through a center of the |oud speaker 140b and a center of the
listener 142. The line a-a' intersectssjhe line b-b' at a term nal
point "[err]" of the potential "[err] (I, 1)" which has a starting
point "[err]b". One of the lines a-a', b-b'" is noved 20 parallel to its
original position In $teps t4fe thi AR foldowihgchhe step 4Spt the dvradsihatot her
of the lines a-a', b-b' at an intersection point G In this case,
the line " fesnonsk'base pmehe dotegralhpeisudtact the appgpsimats boundatel to
the line a-a', which potential is used at the | oud speaker 140a. On

t he ot her hbh@torrg innthecmemery] and ftdyerdife. In order to reproduce the

acoustic characteristics of the sound at the observation point P,
5 there is provided a numerical array in which the transient
résponse to be calculated is stored. Such array may 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
10 the wave motion reaches the observation point P. Consequently, the
result of the transient response corresponding to the time Dt at
the observation 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 the wave motion reaches the observation
15 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
vactor 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.
20 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 corrasponding
location j in the numerical array. In the above addition and
storiﬁg, when some other daﬁa is already stored in location j, the
data is added to such some other data and the resultant is stored

25 in the location j, whereby the same effect as that in the
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25 vector having a potential parallel to the line b-b', which
- 55- potential is used at the | oud speaker 140Db. Such
di vi di ng operation described above is conducted with respect to al
the potentials, which enables the trang.ent response signal affecting
the audience into the plurality of pi eces allocated to the four |oud
speakers 140a, 140b, 140c, 140d. I ncidental ly, although the
potentials used here are determ ned

approximate integration is obtained. Further, by arranging the

array location 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

5 enables the sound to be reproduced, whereby the method and

apparatus 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

10 history as to the n'th radiating sound ray wvector is calculated,
the same operation is conductea as to the (n+l)'th radiating sound
' ray vector. Then, after completion of calculation as to all the
radiating sound ray vectors, data processing for a subsequent
observation point P is conducted in a manner as shown in Fig. 3.
15 In summary, in processing procedure "D": the velocity
potential of the sound ray vector affecting the observation peoint
.P is calculated based on the propagation history of each of the
sound ray vectors by the use of integration, the sound ray vector
being reflected at the boundary; and, the transient response at
20 the observation point P is determined and stored.

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

25 operated by the use of software comprising a series of steps; or a
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t hrough the approxi mate sound integral, it is also possible to use

the potentials determ ned through another suitable cal cul us. .
Further, the above dividing operation is a conventional 10 mat hemat i cal
di viding operation in vector. Consequepgly, even in case that the

| oud speakers in the real space is — three-dinensionally disposed, it
I's possible to d&ternine t he entials for the individual |oud

Ot .
speakers by TORAUEET ng~t HERe °thertY§§§}H§Pﬁéﬂ§?oWkﬂh TRCAEAES i%oD eyrTR By

operation in v r_whe 15 each of the potentials ss through a space
defined by tHrf g"‘%“”‘“%? créjs?egfl??lep?c?ﬁ&ugﬁgﬂeqée. Usa 68%he Then, a

met hod fof T ghsdiRheg-BRLAGIYAL nEQNL R, the use

After completion of the processing procedure "D, step 49
5 shown in Fig. 1 follows it. In step 49, in order to determine the
acoustic characteristics of a direct 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
10 sound reaches the observation point P.

Fig. 6 shows a graph of a series of the sound ray vectors
and the transignt responses of the direct and the reflected sound
both to be determined, illustrating their total potentials at the
observation point P versus time. More particularly, in the

15 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 a
whole. The processing procedure "D" and adding of the direct sound

20 | 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 orthodox
calculus called the virtual-image method. On the other hand, Fig.

25 7(b) shows an amplitude wave shape of the transient response
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of the transient response signal, which is prepared by summ ng up

the potentials allocated to the individual |oud speakers, wll be 20
described with reference to Fig. 17. Shown in Fig. 17 are: a
sound output unit 150 with four{pen Dol by surround output channels
SP1 to SP14; fifty-six sum of - preducts cal cul ators 152 with

convol ution-cal cul us function conprising A/D converters and D A

converters; sagmk@ctusdly gpbtaimed thrpghy thee 28aVH URPRCISSFANg hrrocedures.

sum of - products cal culators 152 to ) )
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

5 shapes. As is clear from this fact, the present invention realizes
reproduction of the amplitude wave shape of the transient response
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

10 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

15 thus processed in the calculator 72 is then issued to an amplifier
B0 in an analog mode through a line 79 and amplified therein. The
thus amplified sound signal is finally supplied to a loud speaker
B2 through a line 81, so that the sound is reproduced. The
sum-of-products calculator 72 comprises: a central processing unit

20 (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 a 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

25 equipment 70 issues its output signal in a digital mode, it is




- 56- prepare signals supplied to the individual |oud speakers; four
anplifiers 156 for the individual |oud speakers; and, four |oud

speakers 140a, 140b, 140c, 140d. Incidentally, in the real space 144,
there is also provided a tel evision sejg.di sposed in front of 5 the

| i stener 142, the television set being used to reproduce the pi cture
of a novie. he.l qud speakers f he
channel “at‘é‘ﬁi‘ ﬁhatthte:hes }vbd ‘%&F’%ﬁ#gun t lf58em% S %ﬁs =h g. :aﬂ-‘flﬁr 8%a§§

in vag i_ttua el Qg £4L 008, ience

through its {J/Iglr‘?fo[?%% OCI cf)uotaé:%%'lllé R_fi.1 nthrs cjg t,a ealcl{%%i °nv°lung“

potentials %E:Scé”éé&c%bﬁdltﬂhf?‘%h wRich Nes T0WrokQlE SRGAKCESfrom a company
called the Lake DSP Pty. Ltd.

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

10 As shown in Fig. 9, a discrete signal 85 is a discrete
representation of the analog signal on the time base and appears
on the line 71. Data as teo 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 response signal determined

15 through the above processing procedure for generating the
transient response signal or through any other proper processing
procedures. In order to determine an actual discrete digital
signal 86, all the data of the discrete signal 85 (which is
inputted in real time to the CPU 76) for its every divided

20 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 corresponding 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

25 discrete signal 85 for its every discrete time interval is summed
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as described with reference to Fig. 16(a). Consequently, such

potentials allocated to the four | oud speakers are sumred up with

respect to each of the |oud speakers, so that four pieces of the 15
transient response signals for the indiggidual |oud speakers are

prepared and stored in a first to a fourth one of the sum of - product s
cal cul ators 152, respectlvely As Is in the above channel SP1, in
each of the renalnln channel s SP14 of t sound. out put unit
750, Cher o HPeih B Getvebiioh sessufismnrtiog B9 ny,p aliBRbUGONY tines

| cul 152 for the individual . Co tly, th
necossary niBarer RE K ‘é?fsaa%?ci U Bupner 4% AT ecet of

reproduci ng.all {heptrapsient,d &3 ”§§éfﬂfﬂﬁ%hsas For example, in order to

reproduce the sound in frequency up to 20 KHz, it is necessary to
S use 65,536 pieces 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 to sum up the data as to 65,536 pieces
of the taps for every 20.8 microseconds (i.e., 1/48,000 second) so

10 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 product supplied from a company called the Lake DSP
Pty. Ltd.

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

Fig. 10(a) is a logarithmic representation of the
amplitude of the transient response signal on the time base, which

20. signal is generated through the same method as that 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

25 shown in Fig. 7(b). In the followzng description, a _discrete time

REPLACEMENT SHEET]
14 MAY 1997 -}




Is fifty-six (56), because 14 x 4 = 56, where 14 is the nunber of
the sound sources, i.e., loud speakers in the virtual space; and, 25 4
is the nunber of the actual |oud speakers for sound
-57- reproducti on. -4fhe output signal issued fromthe
sound output unit 150 to t he sun¥of=products calculators 152 is
processed in these - cal cul ators 152 and issued therefromas a virtual
sound si gnal , :
interval of the transient response signal is set at 20.8
microseconds corresponding to 48 KHz sampling times, and the
duration time in reproduction is set at 1.3 second, so that the
total number of sampling times of the transient response signal on
5 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 transient signal is
produced at the sound source is defined as a sampling No. zero
10 (0), and the wave form of the transient response signal subsequent
to the sampling No. 0 is illustrated. As is clear from Fig. 10(a),
essential pulses are concentrated in a front half portion of the
graph up to approximaﬁely the sampling No. 4,000. On the other
hand, as is clear from Fig. 10(b), attenuation in the transient
15 response in the graph on the time base is marked at about 60 dB at
a sampling No. 65,536. Consequently, although such attenuation in
the transient response depends on the size of the space, materials
in the wall defining the space ﬁnd like factors, it is apparent
that the duration time of 1.3 second is sufficient for the purpose
20 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. 11(a), essential pulses exist in a

range of the sampling numbers up to about No. 4,000. Of these

25 essential pulses, ones with particularly large amplitudes exist in
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5 according to the process having been already described with
reference to Figs. 8 and 9. The virtual sound signal thus issued
fromthe sum of -products cal culators 152 is then inputted to the
m xer 154 and subjected therein to nixHEg operations for the

I ndi vi dual | oud speakers After that +he- sound signal thus 10

subjected to t erations i ssued fromthe mxer 154 to

t heJ anpl i fiét ufgg‘era Ja *PPEq- tﬁkﬁr&fﬁreTh%“JMl%‘aaﬂﬁF?‘Hséﬂc ones °fsound
signal is s lied fromthe . amplifige 156 to the .indivi

spgakers 1407,° PH0BSS 1FHE™ ﬂi‘gg"gas é%amﬁr?neﬁﬁa"tf? sgo%arfatan“her “et‘he

o 2 PRl 53R AP uced e ahovpin A5 SETHL
listener 14&&héﬁ egﬁgytﬁu§3é§%%ggtég éggisggngyresponse signal is used as the
5 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

10 after the elapse of a predetermined time can stimulate the
listener's sense of hearing. In contrast with reverberations such
as echoes which merely attenuate in an exponential mode and have
been widely used to produce a three-dimensional reverberation
effect, the above pulses enable the listener to enjoy the

15 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

20 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

25 comparison with the characteristic pulses.




surround node as if he were in the novie theater. In the above
enbodi nent of the present invention, there are used four pieces of
the | oud speakers for reproducing the sound. However, it is also 20
possi ble for the present invention to yse any ot her desired nunber
of the | oud speakers such as two, eightT—channels or nore. Further,

in the above enbodigRRhepf {?%5%‘8?%&514 ’1:‘69’}Eic8_81&i§é tﬁoﬂglﬂ?%geimage of | OUd

speakers are disposed In a plane, I.e., are two-di nensi ona

oS o TS S IO e B S YA Lo fhug o
the negative and the positive pulses, the positive pulses being
followed by the negative pulses. In effect, by using the negative

5 pulses, it is possible to take out the components in frequency of
the transient response, and also.possible to have the listener
recognize the three-dimensional shape of the space and especially
its intermittent boundaries, because, as is clearly derived from
the above equations 2 énd 3, the negative pulses represent

- 10 discontinuous portions of the boundaries. In other words, these
negative pulses are produced by predetermined portions of the
boundaries or wall surfaces defining the three-dimensional space,
which portions comprise convex intersectional area formed between
the boundaries, and some areas of the boundaries where the

15 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
reproduction of the three-dimensiocnal sound.

20 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 transient response
signal; and, reproducing the characteristic portions of the sound
with the use of the thus extracted characteristic pulses of the

25 transient response signal. Further, it is also possible to
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of which speakers thus three-dinmensionally disposed is a piece of t he

vel ocity potential affecting the observation point, the piece bei ng
prepared by dividing the velocity potential. Such division _ of the
velocity potential may be perforned thygugh the 5 mat hemat i cal divi sion
in Vector which is publicly well knownTas descri bed above.

I nci dent al | remb Bk BE Gredfuckhs L&Y 118l dREACEHRSIJIGiHG! (S.e., theWhRiibAQzual |y
perform the convol ution cal cul uses bei ng perforned
the transient response signal data to be summed up) by: extracting
the data for preparing a new transient response signal from a
large number of the transient response signal data.

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

PROCESS (1) :
The characteristic portions of the transient response
10 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 prevent the
15 number of the pulses to be sampled from infinitely increasing, 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.
20 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 absoclute value of their amplitudes are

sampled in the order of time in a condition in which a sound is

25 = . produced at a time corresponding to the origin of the time base of
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in the sumof -products cal culators 152, it is possible to use the 10
multi-tap delay circuit 110 which is already shown in Fig. 13 and

nore inexpensive. By the use of such inexpensive multi-tap delay

circuit 110, it is possible for the ligyener to enjoy the sound at

his home in the Dol by surround node for*rhe novi e theater. As

d bed t th
movi e theat ahsaEh ¥ N, prAchER 04 Eant BF, AL By iy B Kpeq,
real space (Ja@&glgaéeﬂtlmﬁf SELEDE Qoffa! Beourrence 287 QUMM Oltbortant,

speakers), it Is necessary to: define a desire vi e theat’er an

like halls agag vi!ttid poRaES; né%“ﬁ@é@hﬂﬁgtﬁﬁb threshbl&N 1R akESRODSE
signal for each of the reproducing |loud ~20 speakers of the real space,

t he transi eRiseFggponse si gnal being

S 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

10 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

15 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,

20 the time intervals between these pulses may be often below a
predetermined value which the listener's sense of hearing can not
detect. Consequently, it is not necessary to reproduce or sample
all the peak points of the pulses. In other words, it is
sufficient to sample one of these peak points of the pulses, which

25 one is sufficient to enable the listener's sense of hearing to




derived fromthe transient signal which is generated at the sound
source by the | oud speakers of the novie theater (hereinafter

referred to as the installation | oud speakers so as to be

di stingui shed fromthe reproduci ng | ougsspeakers) to affect the 25

| istener as the transient response sigmat; and, performthe

-59- convol ution cal culuses with respect to the stereo sound or

detect it. For example, as is clear from the well-known "Haas"
effect, it is not possible for the 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
5 ‘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):

10 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 the sound

15 affecting the observation point is determined. Under such
Circumstances, after the elapse of a predetermined period of time,
the energy of the wavé source damps, which makes it impossible to
obtain a sufficient peak value in the pﬁlses. For example, as is
clear from Figs. 10(a) and 10(b), energy attenuation at the

20 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. 65,530. In the above, based on the
energy attenuation, the duration of each of the processes (1) to
(4) is determined. It is alsc possible to determine the duration

25 of each of the processes (1) to (4) on the basis of the magnitudes




Dol by-surround sound signals allocated to the individual I nstallation
| oud speakers. The above is adequate for sound repr oducti on by neans
of the reproducing | oud speakers of the real 5 space so as to have the
listener enjoy at his hone the sound 4. existing in the novie theater
and like halls in the virtual space. —— Furt her, the present

i nvention is effective also in preparing a new sound source. For

exanple, in i $aENEEle HMKeCpulses. AssABAART ik TP’ 20YL) d
affecting the Iigtenerewho enj 8§38e510 *the rrjbv%élg%g gﬁ%’co@d‘g?g?a‘?' 2

envi ronment fishirghgd Néh 19 EEme BERA Y the pul K6OR)ieH d%ﬁt}l@uﬁegng dher

objects affect the Iistener, it is ~ necessary to: ne such SCehe of
the movie astdl ol mbr@l LEAATRD05 exterd sUBstARLPOSIY uBNEo Ofnd REMBEOR) Gio .

animal s and other objects in
4,096. In other words, there is no pulse equal to or more than
5 0.005 in amplitude in a second range beydnd 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
10 pulses, it is preferable in effect to sample the negative peak
pulses together with the corresponding positive peak pulses. As
described above, tﬁe negative peak pulses cooperate with the
corresponding positive peak pulses, which makes it possible to
reproduce their frequency components and alsc to enable the
15 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
20 high-performance sum-of-products calculator, the sound on the
basis of the transient response signal after completion of the
above sampling of the 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

25 sum-of-products calculator 100 is used in the present invention.
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the acoustic environnent as the positions of sound sources in the 15
virtual space; and, apply the sane synthetic process as that

described in the above to the virtual space with respect to the r eal
space. Fig. 18(a) shows a position relqylonshlp bet ween t he

reproduci ng | oud speakers 140a to 140d—and the listener in the r eal
space when ttwe |sQHl§.l§p@?Id§@r§JnS%fd bepARAS cA1EREa ¥ F 1Rl céﬂaﬁ@seSZQ of the
novi e theater and |ike | I's descri bed above serve as th ound
sources. Fi gnulli(Hehpshersy aiRuiiti 010/ & deiapsbiPriiat \y%eemn 120, Ehﬁ an
reproduci ng | oud speakers 140a to 140d and the listener in the r eal
space when aeqedneenfl13aonovie is forned in the virtual space with an

acoustic environnent in which people and ani mals serve as
The multi-tap delay circuit 110 comprises a delay line

5 112, 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 adding portions 118.
The signal is transmitted from the delay line 112 to the output
lines 115 of the adding portions 118 through the weighting

10 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 response signal

15 prepared by sampling the transient response signal shown in Figs.
11(a) and 11(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

20 P30) . Consequently, the total number 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
represents a direct sound reaching the observation point, and

25 corresponds to the sampling No. 793. The duration of the pulse P1
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25 t he sound source. - 60-

A difference between Fig. 18(a) and Fig. 18(b) is that the sound
sources of the virtual space in Fig. 18(a). are the |oud speakers thus
fixedly installed, while the sound sounges of the virtual space in
Fig. 18(b) are the people and the anin both 5 novabl e. However, since

any of the isudcherefikees T fli Xed Y000 = 16.52 milliseconds. The delay
line 112 thus set receives a signal from the input line 75, and
issues the signal to a first one of the weighting portions 114
after the elapse of the delay time thus set.

5 Further, the magnitude of the signal to be reproduced is
set, and controclled in the weighting portions 114. In this case,
the amplitude of the pulses in the transient response 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

10 maximum in amplitude. Consequently, the amplitude of the pulse P1
is so set as to be approximately 70 percent of the pulse P29. As a
result, in the first one of the weighting portions 114
corresponding to the pulse Pl, the signal supplied from the delay
line 112 is weighted in amplitude by a weighting ratio of 70

15 percent, and issued to the 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 ocutput lines 115 after the elapse of 16.52 milliseconds. The
thus outputted signal has its amplitude so weighted as to be 70

20 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 sound.

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

25 one of the output lines 115. A delay time to be set is 22.16




installed and the people and animals both novable fornms the sound

source in the virtual space, it is possible to carry out the pr esent
i nvention in both cases shown in Figs. 18(a) and 18(b). As for each
of the nmovabl e sound sources such as “f#%e peopl e and the 10 animals in
the virtual space, it is necessary to calculate the position of each
of such novabl e sound sources in the virtual space every desired tine
i nterval so(aseto OEI/ABRe0Ghanitlldrecends. In thiesgaawe thegnalghtever y
desired tinme interval, which transient response signals are derived
from t he sogatitc denéSapetdcentt Mue lfassudh settdabgeul titiet] pessiblorfoxt ¢hef f ect
the listener. Consequently, in the present invention: their
potential s disterar e galickvarfinsdsichagcteristic sound in 22.16

milliseconds from the occurrence of the sound at its sound source.
5 In the same manner as that described above, setting is
conducted as to each of the remaining 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
10 the multi-tap delay circuit 110, the signals, which correspond to
the individual delay times having been set for the individual
output lines 115, are saquentially issued from the output lines
115.
In general, the input signal on the line 75 is a
15 continuous 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
20 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 one is issued from a second cutput 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

25 interval which is, for example, 1/48,000 second when the sampling




time interval; and, then, based on the thus determ ned potentials,

the transient response signals are generated every desired tine

i nterval according to the process described above. The inportant 20

thing here is that application of the:ggyable sound sources in the

present invention may realize a neans reproducing a realistic

sound in conputer graphics that is now already in the linelight,

whi ch nmakes_it possible to automaticall proQﬂge and edit the sounds

in future nDRAREPFYdREL Fish 1PPHCESS Xt ana2g 1s 48 KHz. Al 5o provided in the
present invention ('33 g’xedyoqgrgrchggg,ndin 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
5 portion 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 signal processed every sampling
frequency in the multi-tap delay circuit 110 exponentially damps
10 with respect to time. In this case, the reverberation time and the
damping characteris;ic 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
15 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 groupé of signals is selected.
The signal with reverberation is inputted to the equalizer
20 130 through the line 117. The signal appearing on the lines 116,
| 117 comprises the sampled pulse-like characteristic signals only,
and, therefore comprises extremely many high-frequency components.
The equalizer 130 serves as a low-pass filter to remove these
high-frequency components, and controls the frequency

25 characteristics of the output signal issued to the line 77.
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-61- whi ch makes it nore effective to change a plurality of the

vi rtual spaces. Now, a nethod of sound reproduction in the plurality
of the virtual spaces, which are changed according to the scenes of
the novie and not limted to the virtual.space of the novie 5 t heater,
wi |l be described. Fig. t9-shows the rel ati onship between an
acoustic virtual As despailsed Zhoval yofiga lalriyer AGHISEE O theNBusE anl €AL
space 144 in such acoustic virtual space 158. More particularly, at a

tinme T1, trangsient respoese 1signial,t bely edle shasactasiaites bhaselde in a
selected and sampled to prepare the new simple transient response
signal, which realizes a so-called three-dimensional sound

S 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 possible to use a
very simple sum-of-products calculator or a popular tap/delay
system with the limited number of taps in sound reproduction in a

10 three~-dimensional virtual space.
Now, a method for generating the transient response signal
used in sound reproduction in the virtual space by the use of a
plurality of loud speakers disposed in a real space will be
described. The method for generating the transient response signal
15 is adapted for the real space for reproducing the sound, and
enables the listener staying in the real space to enjoy the sound
reproduced in the virtual space.
Fig. 15 shows a plan view of a movie theater, illustrating
a plurality of the audience seats and a plurality of loud speaker
20 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. These loud speakers are
denoted by the reference characters SP1 to SP14, and so disposed
as to surround the audience, as shown in Fig. 15. Sounds issued

25 from the loud speakers SP1 to SP14 form direct sounds and

e




10 substantially central portion of an elongated virtual space in a
condition in which the real space 144 is conbined with the virtual

space 158 in a manner such that: the four |oud speakers 140a, 140b,
140c, 140d installed in the real spacegl44 in which the | i stener 142
stays reproduce the sounds issued frormrthe virtual 15 space 158
surroundi ng LEf. L&l sBARGE AAdh WwAR1ENerideuikaRd o Rflectea ddutRsT2, the
real space 144 is conbined wth a corner portion of the virtual
space surroupdad dhe auRbheds SITICRIeRaSIS Al hakldnce to en§HAHR %Qﬁgﬁ 'n
plan view. Further, at a tinme T3, the real space I's Conbined wth an
upper porti @Rh&fedthanVicthbUsbvdaseaveih a 20 consi derabl e height. The
virtual space described above is set according to the scenes of the

novie. As describedrab@der té ddtually reproduce such sound which the
5 audience may enjoy, it is necessary to generate a potential
serving as a component of the transient response signal, which
potential reaches the audience in sound reproduction. One of
methods for generating such potential is the same as that for
generating the transient response signal which is described in the

10 above with reference to Figs. 7(a) énd 7(b). In this method, 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

15 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 response signal actually
affecting the audience in the movie theater.

20 For example, in Fig. 15: a sound ray vector of a direct
sound from the loud speaker SPl affecting 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

25 the listener P is denoted by the reference character ¢ . The
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possi ble for the listener staying in the real space to enjoy the

opti mum sound adapted to every scene of the novie when the real space
is conmbined with a desired portion of the virtual space, the 25 desired
portion varying with respect to tine. _4xnsequently, for

- 62- exanple, in a w de scene of—ttie novie such as a prairie scene
and the like, it is possible for the listener to enjoy such a w de

feeling thrwpeli%léi‘:{)epégebm:q.atlh%; E&RSP ‘Eﬂ%ego&x&gr?&h? rofWiI;fmgI érbceir\g' qgansient

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.

5 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
virtual sound field of the movie theater in a sound field formed
in a real space. Incidentally, the sound field thus synthetically

10 produced in the real space is hereinafter referred to as the
synthetic sound field.

The Virtuallspace 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 space.

15 Shown in Fig. 16(a) is a real space 144. A listener 142 in the
real space 144 is superimposed in position over the audience P
shown in Fig. 15. Disposed in the real space 144 are four pieces
of loud speakers denoted by the reference numerals 140a, 140b,
140c and 140d. As shown in Fig. 16(a), the listener 142 is

20 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

25 space are the relative positions of the listener 142 and the loud




scene of the novie. In another case, for exanple, it is also 5 possi bl e

to produce a novie in a manner such that: the nore the scene of the
novi e beconmes serious, the nore the virtual space is enlarged to

increase its reverberation effect so ag.to increase t he seriousness
I n the scene. Fig. 20 shows a bl ock di agram of an apparat us

Lo 100 HRRREHTH AR, SOHBK, B O IR IS RORIER D LRI ed B
0t Of TR 138k RRChch 300 B A8 AL EAUEL couge s
160 of the 3pparahlised Mitn' BLOLIR! 't8NeRS A A8 S¥RsDr oni zing
In Figs. 16(a) and 16(b), the potential "¢ (1, 1)" shown
5 in Fig. 15 is illustrated in detail. This potential "¢ (1, 1) is
divided into a plurality of pieces allocated to the individual
loud speakers 140a, 140b, 140c, 140d. As shown in Fig. 16(a),
since the potential "¢ (1, 1)" reaches the listener 142 by passing
through a space between the loud speakers 140a and 140b, the
10 potential "¢ (1, 1)" is divided into two pieces allocated to these
loud speakers 140a, 140b.
Now, with reference to Fig. 16(b), such method for
dividing the potential "¢ (1, 1)" will be described.
In Fig. 16(b): the line a-a' passes through a center of
15 the loud speaker 140a and a 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 "¢e" of the potential "¢ (1, 1)" which has a
starting point "®b". One of the lines a-a', b-b' is moved
20 parallel to its original position 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 vector having a
potential parallel to the line a-a', which potenﬁial is used at
the loud speaker 140a. On the other hand, the line G-"@e" forms a
25 vector having a potential parallel to the line b-b', which

P T



15 signal is used to synchronize the reproduced sound with the scene
of the novie. In the input portion 160, the input signal 172 is
denodul ated or sanpled in frequency within a predeterm ned band to
obtain a sound signal 180 and a synchrgi zi ng signal 174 each of

which is divided and inputted to both—=a%/ A converter 168 and a 20

control portion 162.. The reason the DDA converter 168 is shown
in dotted I‘?‘?ﬁ?nithaii 1 wird &% e ‘{“‘Jiq§pﬁ§€‘é’§s£4r to show that the

D) A converter 168 [ s not. reguired en the input,.signal.172 i f .
G gital data O tREch R SEer At Ag=bEBi SRR § aidigtea witn
signal 174 thus i.nputt I.n the control porfion,l62 .the_caont.rol 25
portton 162 THRGE. A ohi P PEFaREHIz7e RECh PR te thoV-ERMED

ﬁ%anmmpr|o

response signal affecting the audience into the plurality of

5 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 calculus.
Further, the above dividing operation is a conventional

10 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 wvector when

15 each of the potentials pass through a space defined by three
pieces 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

20 described with reference to Fig. 17.

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

25 mixing the outputs from the sum-of-products calculators 152 to
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- 63- 164 and a central processing unit portion 166. Previously stored
in the nmenory portion 164 are a plurality of the transient response
signal s being used by the central processing unit portion 166. O

t hese transient response signals, one_gpecified by a 5 control signal

I ssued fromthe control portion 162 isTEtrieved fromthe nenory

PO 15 e RaR AP SHRES A s ons ood VRIS, TBRRO"e
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

5 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
10 through its various velocity potentials. In this case, each of
such potentials 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 speakers, so that four pieces of the
15 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 SPl4 of the
sound output unit 150, there are provided four pieces of the
20 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,

25 4 is the number of the actual loud speakers for sound




Is issued fromthe nmenory portion 164 in real time. Incidentally, I n

the nmethod for specifying the predeterm ned one of the 10 t ransi ent
response signals in the above, for exanple, it is also possible to
sequentially retrieve the transient regponse signals upon occurrence
of the synchronizing signal. Alternat+vety, it is al so possi bl e that
the synchrondegirBdustiddtal conprises address I nformation for
identifying a predeterm ned one of the transient 15 response signals,

t hrough which i nf ored icutpultespgedetiesibdetiron the sbuAdShiputl 88PN to
signal is specified. In the central processing unit portion 166,
accor di ng t ccHehsunenf fproducgBatalldifiatessell5s2 rimprocessed hicn abakeol portion
162, an additionally issued one of the transi ent response signal 178

Is set. The eArulatops AGRSandgissidd therefrom as a virtual sound signal,

S according to the process having been already described with
reference to Figs. 8 and 9. The virtual sound signal thus issuéd
from the sum-of-products calculators 152 is then inputted to the
mixer 154 and subjected therein to mixing operations for the
individual loud speakers. After that, the sound signal thus

10 subjected to the mixing operations 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. 17, so that
the sound is reproduced by these loud speakers.

15 As described above, according to the present invention, it
is possible ﬁor the listener 142 to enjoy the sound in the Dolby
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

20 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 emboediment of the present 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

25 three-dimensionally dispose the loud speakers, allocated toc each




20 portion 166 has two functions which are: the substantially sane

convol ution cal culus function as that of the central processing uni t
portion 76 shown in Fig. 8, and, a setting function in setting an
arbitrary one of the transient responsg, signals 178 i ssued fromthe
menory portion 164, according to the CBhAtrol 25 signal 176. It is easy
for those skilled in the art to realize

- 64- 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 through the

5 mathematical division in wector which ;s publicly well known as
described above.

Incidentally, in place of the central processing units
which actually perform the convolution calculuses being performed
in the sum-of-products calculators 152, it is possible to use the

10 multi-tap delay circuit 110 which is already shown in Fig. 13 and
more inexpensive. By the use of such inexpensive multi-tap delay
circuit 110, 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

15 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
movie theater and like halls as a virtual space; determine the
transient response signal for each of the reproducing loud

20 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 reproducing loud speakers) to affect the

25 listener as the transient response signal; and, perform the




t hese setting function and the convol ution cal cul us function by
nmeans of a comercially available DSP (i.e., digital signa

processor). In the central processing unit portion 166 in which t he
predeterm ned transient response signagg.is thus already set, a 5

digital sound signal 182 is subjected“To a convol ution cal cul us based
on the transient response signal according to the processes whi ch
have been albiganYtd8aCELPEM ddbd e RO WL Rol BAETHAGR! Sound or FI 0S. 8
and 9. The resultant signal thus obtained through the convol ution

cal cul us i spbNIRA uSSHEAd QR N8 ghEDS rAl1J25a0e8SEs Nhe 1RdivitidL pPortion 166
to the A/D converter 170, as shown in Fig. 20. Consequently, the

sound repr ogdugtd 103 t3bANBbud Gpdakasd FHOMHNE is adequdhP £OPVRIUner 170
represents a sound corresponding to a virtual
reproduction by means of the reproducing loud speakers of the real
5 space so as to have the listener enjoy at his home the socund
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 reproducing sounds affecting the listener who enjoys
10 the movie in an acoustic environment in which the sounds caused by
people, animals and other objects affect the iistener, 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
15 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 listener in the
real space when the loud speakers SP disposed in the virtual space
20 of the movie theater and like halls described above serve as the
sound sources. Fig. 18(b) shows a position relationship between
the reproducing loud speakers 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

25 the sound source.



space which is set according to each scene of the novie. This “sound
reproduction signal 186 (hereinafter also referred to as the 15 ° virtual

space sound) is then issued to the | oud speakers through t he
anplifiers so that the sound is repraoggced, which enables the

i stener to enjoy the sounds corresponding to the individual scenes
of the novie. Although described in the above is a setting of
the 20 transi ent [es onse si correspaondi ng to the virtual spac

whi ch vari o GEF F%%‘i}‘ec?@%r’ﬁe‘h% 1B AL 2 gt 1Bhat KhehBFothng

I nvention is ahfo applicable to ano%? case in. whic transi ent

response si 3R (SOVECPSHBY WG YIFSURT HRASE £R FHE: {d1a)"Sre the 10u

speakers thus fixedly installed, while the sound sources of the
virtual space in Fig. 18(b) are the people and the animals both
5 movable. However, since any of the loud speakers thus fixedly

installed and the people and animals both movable forms the sound
source in the virtual space, it is possible to carry out the
present invention in both cases shown in Figs. 18(a) and 18(b). As
for each of the movable souﬁd sources such as the people and the

10 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

15 calculated positions to affect the listener. Consequently, in the
presedt 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

20 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.

25 Also provided in the present invention is a dynamic sound
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virtual space, as is in case that the sound sources are noved with 25

respect to tine. - 65-
Incidentally, in the today's w dely used novie video tape LD and the
like, there is no synchronizing signalgj.Consequently, in picture
reproduction in this case, tine is cownted froma start of such

picture repraderthdies S& Bk &FHFREO0Er €6 AUGeLB pOdrality of the virtual
spaces. Now, a method of sound reproduction in the plurality of
the virtual spaces, which are changed according to the scenes of
the movie and not limited to the virtual space of the movie
5 theater, will be described.

Fig. 19 shows the relationship between an acoustic wvirtual
space 158 varying with respect to time and a real 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

10 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 speakers 140a,

 140b, 140c, 140d installed in the real space 144 in which the
listener 142 stays reproduce the sounds issued from the virtual

15 space 158 surrounding the real space 144. On the other hand, 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

20 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 stayiﬁg 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 the virtual space, the

25 desired portion varying with respect to time. Consequently, for
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5 controls the previously stored transient response signals so as to

be issued fromthe nenory portion 164 to the central processing unit
portion 166 according to the scene of the novie varying with respect
to the time thus counted. Consequentlyp.in this case, the I nput

portion 160 is negligible. In other words, a trigger signal 10
generat ed ale,LAB18! A LhideClife 'RPERAUSEAD duh ARUL (9t el Bene and

control portion 162, so that the control portion 162 starts time

counting acc@ediige! 0id hg Poks8¥bie Fodthe 4E&IndNeCLARSE RHehda wide
predeterm ned period of tiime, the control portion 162 issues a

control si gnede1t AgPOAFbudhe tRBNBEIND HhluisORegfdtititd tBGeEfdE halth ERe wide
processing unit portion 166. As for thé various transient
response si gdahe SEOfIRM nid¥ie. In another case, for example, it is also
5 possible to produce a movie in a manner such that: the more the
scene of the movie becomes serious, the more the wvirtual 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
10 reprodﬁcing 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 signal is inputted to an input portion
160 of the apparatus. The information as to the synéhronizing
15 signal is used to synchronize the reproduced sound with the scene
of the movie. In the input portion 160, the input signal 172 is
democdulated or sampled 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
20 control portion 162. The reason why the D/A converter 168 is shown
in dotted line in Fig. 20 is that it is necessary 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

25 portion 162 issues a control signal 176 to both a memory portion

InNDT ASTAMEMNT CLUTCT
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the menory portion or neans 164 in the above, in case that a video
signal is reproduced through signal transm ssion froma renote

| ocation, it is apparent that the transient response signals are 20
transmitted to the menory portion 164 gyior to transmssion of the

vi deo signal . Accordi ng-to-the devel opment of nultinmedia in
future, 164 HGAEERER PipHddiskahg L&Y idr@BoR! PEEIC 2LV DGus BN & thiRed
devel opnent in transmtting and receiving techni ques of "video/ sound

signals 25in tHdm@mBby 08dAiciRieasSateH leedei betyrameC iR &Ny, the input
response signals being used by the central processing unit portion
166. Of these transient response signals, one specified by a
L] control signal issued from the control portion 162 is retrieved

from the mémory portion 164, so that a predetermined one of the
transient response signals 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 predetermined one of the

10 transient response signals in the above, for example, it is also
possible to sequentially retrieve the transient reéponse signals
upon occurrence of the synchronizing signal. Alternatively, it is
also possible that the synchronizing signal comprises address
information for identifying a predetermined one of the transient

15 response signals, thfpugh 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 one of the
transient response signal 178 is set. The central processing unit

20 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 from the memory portion 164, according to the control

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




- 66- portion 160 may be properly nodified in design. For exanple, it
S possible to nodify the input portion 160 as follows with respect
to MPEQ standards in the | SO standards. The concept of
signal transm ssion using the MPEG2 _g4. standards w |l be now descri bed
with reference to Fig. 22. Avideo ™ signal and a sound signal are

separat el y ieRaUL Sk liebhBESSH and tneCBSORANTIBHI £ die caRCEMS, Sjonal s

separately. Each of the encode signal is packed for its p
transm ssi Ofebfs Ot M dommercidl APSRALLABLE aRgR ((E9k. MbidiHagXkDgndini t of the

MPE& and a

processor). In the central processing unit portion 166 in which
the predetermined transient response signal is thus already set, a

5 digital sound signal 182 is subjected to a convolution calculus
based on the transient response signal according to the processes
which 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

10 unit portion 166 to the A/D converter 170, as shown in Fig. 20.
Consequently, the sound reproduction signal 186 issued from the
A/D converter 170 represents 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

15 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.

Al though described in the above is a setting of the

20 transient response signal corresponding to the virtual space which
varies with respect to time, it is apparent that the 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

25 respect to time.



10 program stream (PS) nultiplexing unit of the MPER, issued from

each of which units is an actual streamsignal (TS or PS). TS packet
conprises in construction: a packet header; an adaptation field,
and/or, a bay load (i.e., data portiomgs. The adaptation field
conprises tinme information, i.e., a standard tine of a 15 program cal | ed
PCR (i.e., Program d ock Reference). On the other hand, the bay | oad

e o TS VRPN, RTBIY eye oS SSRUSL WSS ST
oSS! bl Sk, Bhere o oS MRS EMERA T oM SRR b
Incidentallgh ﬂi@tﬁpésréﬁggauction in this case, time is counted from a start
of such pidture reproduction, so that the contreol portion 162
5 controls the previously stored transient response signals so as to
be issued from the memory portion 1€4 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 160 is negligible. In other words, a trigger signal
10 generated at the start of picture reproduction is inputted to the
control portion 162, so that the control portion 162 starts time
counting according 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
15 processing unit pertion 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

20 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

25 through data compression/encode between computers, the input
REPLACEMENT SHEET
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"since the input signal is a packed streamsignal, it is naturally
necessary to use a function for decoding the actual video signal

al so necessary to separate the signal for synchronization, whi ch
be realized by properly nodifying thegglecodi ng/ sanpling 25 contro
accordi ng to a transmtted protocol 1h ot her words, the

-67-
provi des a

10

15

20

25

FEH 1oBVBRY 60 gl ISR i Be-rLESRI DN
possxble 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 inputted to different
encoders which issue encode signals separately. Each of the encode
signal is packed for its packet 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 information, i.e., a standard time of a
program called PCR (i.e., Program Clock Reference). On 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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arbitrarily changing the virtual space with respect to tine accordi ng
to each scene of a novie, and, therefore is not limted 5 to the bl ock

di agram shown in Fig. 20. The bl ock diagram shown in Fig. 21
may be al so used, provi ded thafe_ﬁ'zé achi eves the objects of the
present invention. di fferenc tween the bl ock di agram shown in

A
Fig. 20 and{;ﬁ%ﬁaér%tﬁfg.anBtiof'i% c?\;r&?tézqqedt bg LAl hél§g‘gl§eltnp%.n §Q$¥%m t he

port ion so transient response Signha S | Ssue

control porLiQfges a moQ-@?ctlgﬂ-ith&Et L¥old il 216881 SRl 3 IFAGEESLAGMNI T portion

166. In this case, e transient response signal for each scene of a
movi e 1s arbitJa%&QyVéﬁaMi@%hbn{’lﬂétmr tseaBe 160H M, Braps idipdt signal

192 conprising a video signal and a sound signal both issued froma
according to each scene of a movie, and, therefore is not limited

5 to the block diagram shown in Fig. 20.
The block diagram shown in Fig. 21 may be 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

10 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 and a souqd signal both issued from a

15 broadcasting station, a Karacke master station, a picture CD, or
the like. In the input portion 160, the input signal 192 thus
received therein is then divided inta a sound signal 180 and
another signal 194 comprising the transient response signal 178,
so that the transient response signal 178 is supplied to and set

20 in the central processing unit portion 166 through the control
portion 162 under control petformed by the control signal 176
issued from the control portion 162 to the central processing unit
portion 166.

Incidentally, the central processing unit pqrtion 166

25 shown in Figs. 20 and 21 may be replaced with a proper means




15 broadcasting station, a Karaoke master station, a picture CD, or

the like.

In the input portion 160, the input signal 192 thus

received therein is then divided into a sound signal 180 and anot her
signal 194 conprising the transient rggponse signal 178, so that the

transi ent

response signal 178 is supptied to and set 20 in the central

processi ng welihgPehé i Hdinel GorivBL QEDdh tda8 coR0LT Bhnction asPEkdt QF 12 under
control performed by the control signal 176 i ssued fromthe control

portion 162cdrtrallepfedddAlngdiAE €SS IANILDO with a RARDLONiIdbGFunction
Incidentally, the central processing unit portion 166 25 shown i n Figs.
20 and 21 néyowdeihepi@cerB WiwhAchR RiPpRRaliRansn inexpensive

10

three-dimensional sound reproduction in an easy manner.
Consequently, it is possible for the 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., fifty-six pieces) of the sum-of-products
calculators shown in Fig. 13, and, therefore makes it possible to

apply the present invention to the consumer products.

L N TN
P T



- 68- hm convol ution cal culus function as that of the
central proce “Iumu n 100 with a sinplified functlon shown
in Fig. 13, Wmllmml\z an i nexpensive three-dl 9' E\-’f- %URgN
reproduction i ah ehsy" menner . 5 _.ggonsequently, it is pOSSI 5’ é@
present invention to provide a ‘tonsuner products for horre
Particularly, since a sound out put acconpanied with a noving picture
as isin a = LISE Vi ep0 ;

1. In a sound simulation method for determining a transient

10

15

20

25

response signal affecting a predetermined observation point when a
transient signal generated at a sound source located in an
arbitrary position in a virtual space which is an arbitrarily set
is propagated in a wave motion mode in said virtual space, the
improvement which comprises the steps of:

representing said transient signal by a plurality of sound
ray vectors which are generated at said position of said sound
source to radiate therefrom in all directions in said virtual
space; and

deterndningla potential reaching said observation point
from a portion of a boundary defining said virtual space, each
time each of said sound ray vectors is reflected from said portion
of said boundary and further advances.
2. In a sound simulation method for determining a transient
response signal affecting a predetermined observation point when a
transient signal generated at a sound source located in an
arbitrary position in a virtual space which is an arbitrarily set
is propagated in a wave motion mode in said virtual space, the
improvement which comprises the steps of:

representing said transient signal by a plurality of sound
ray vectors which are generated at said position of said sound
source to radiate therefrom in all directicns in said virtual

space;
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instrument and conputer is of a two-channel node, lmmﬂmnlmmmﬂll
reproduced by four |oud speakers using the central 10
portion 166 provided with eight pieces of the sum of-pfodhct’
cal cul ators, the nunber of which cal cigators is considerably |ess
t han t hat (i.e., fifty-six pieces) of~the sum of - products
cal culators showmn in Fg. 13, and, therefore nmakes it possible to
apply the present sbweEiTd enpropadeticonbistorprdatackach time said sound
ray vectors are incident upon and reflected from portions of a
boundary defining said virtual space, said propagation history
data comprising data of an incident one and a reflected one of
5 said sound ray vectors and data of said portions of said boundary;
and
determining a potential reaching said observation point
from each of said portions of said boundary on the basis of both
said propagation histofy data and each of area of said boundary,
10 said area being occupied by each of said incident one and said
reflected one of said sound ray vectors in each of said portions
of said boundary.
3. The sound simulation method as set forth in claim 1 or 2,
wherein:
15 a memory portion formed into a time series array is
provided; and
of individual portions of said array in said memory
portion, one allocated to a delay.time caused by said potential
for reaching said observation point stores said potential through

20 an addition process, so that said transient response signal is

determined in a time series mode.

4. A sound simulation method comprising the steps of:

(a) setting a virtual space which is an arbitrary space:;

{b) setting a predetermined real space in which a plurality of
25 loud speakers are disposed;

REPLACEMENT ¢
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69 CLAI M5 1. A met hod of producing new transtent

response signal from original transient response signal enting
acoustic 5 characteristics of sound generated |nml|m ﬂ ﬁ§ Ei

conpri si ng: sanpl i ng S|gnab_pulses fro

ori gi nal transi ent response si gn.a}—al n descendi g order of positive
val ue in anplltude eak of pulses of said orlqlnal ranS|ent response
si gnal . (c)y ~ syp ig¢ cﬂﬁ?&r‘ﬁﬁ%@%?‘?% anfa} s‘ﬁxfﬁé‘é sFTRFCER

according 10 _to.claim1l, further ris a step of sanpling negative
pul ses ON&F ot ge'f‘ﬁlg FEOSPE PR s@igp@a %% A nethod of

now transi ol 1 ospUREETING SoPorheda oyt ERECTRS Radd obSSHatigh PRHER | n
claim1l or g%ter the elapse of a delay time corresponding to a transient
5 signal which is generated at a sound source in said virtual space
and propagated therein;
(e) dividing said potential looking toward said observation
point into a plurality of pieces allocated to said individual loud
speakers disposed in said real space thus superimposed; and
10 {£) determining a transient response signal for each of said
loud speakers by adding said pieces of said potential so as to
correspond to said delay time.
5. The sound simulation method as set forth in claim 4,
wherein:
15 said step (d) is a step for determining said potential as
set forth in claim 1 or 2.
6. The sound simulation method as set forth in claim 4,
wherein said step (f) is a step for determining said transient
response signal in a time series mode for each of said loud
20 speakers through the steps of:
" providing a plurality of said memory portions formed into
a time series array with respect to each of said loud speakers;
and
adding and storing said pieces of said potential thus

25 allocated to each of said loud speakers in one of said memorxy




A met hod of reirodu0|ng sound according to claim3, further

15 4.
i ncluding a u ,ﬂu uﬂ uﬂl filter to the sound to cause
attenuation i

requency conponents of the sound to be
r epr oduced. A ‘met'hod of reppoduci ng sound according to claim 3,
further 20 |nclud|ng a step of addrng-reverberation to the sound to be
r epr oduced. - 70-

storing a propadation dat a. each tine sound vectors
are inci derk® %p% Sand T 4 S4SFFHTR 5 rrtaP’Onwg%b?h pne corx %‘iﬂ?&é% g8t ni ng

sai d V'rtUa%ef%%a%ﬁmesééﬁkéﬁ‘ﬂ%agéiacgbééﬁﬁfaiywhen said potential reaches

said observation point;
whereby said transient response signal for each of said
5 loud spéakers is determined in a time series mode.
7. The sound simulation method as set forth in any one of
claims 4 to 6, wherein:
said sound source comprises a plurality of sound sources;
and |
10 said transient response signal for each of said loud
speakers is determined as to each of said plurality of sound
sources. |
8. The sound simulation mgthod as set forth in any one of
claims 4 to 7, wherein:
15 a desired one of existing halls is set as said virtual
space; and
| said sound source is located at a position of said loud
speaker installed in said hall.
9. The sound simulation method as set forth in any one of
20 claims 4 to 7, wherein:
said virtual space is variable in size; and
said steps (d) to (f) are conducted as to each phase of
- said virtual space variable in size.
10. Thgesound simulation method as set forth in any one of

25 claims 4 to 7, wherein:



dat a comWnci dent one and a reflected one of 5 said

sound ray vectors of said portions of said boundary; and
determ ni nmmﬁ“\ ching sai d observation point from each of
said porti urtdary on the_pasis of both sai d propagation

hi story datd afnd each of area of sai a¢—boundary, 10 sai d area being
occupi ed by each 0fa$ai L 1sd8Rtbe 0N AHaB800in its 10b8ELI&EL €d one of said

sound ray vectors in each of said portions - of sai d boundary.
3. The gound sinul ation nethod as set forth in claiml or 2,
wher ei n:

said steps (d) to (f) are conducted as to each location of
said sound source variable in its location.
5 11. The sound simulation method as set forth in any one of
claims 4 to 7, wherein:
said virtual space is variable in size;
said sound source is present in each phase of said virtual
space, and variable in its location; and
10 said steps (d) to (f) are conducted as to each location of
said sound source variable in its location and present in each
phase of said virtual space variable in size.
12. A sound simulation method comprising the steps of:
sampling a predetermined signal pulse in a transient
15 response signal representing acoustic characteristic of a space;
and
determining a new transient response signal on the basis
of said predetermined signal pulse thus sampled.
13. The sound simulation method as set forth in claim 12,
20 wherein: |
in said step for sampling, a plurality of said
predetermined signal pulses are sampled in said transient response
signal in ascending order of absolute value in amplitude peak of
said pulses, said transient response signal varying on a delayed

25 time base.
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ér50vi ded; anda ey port! O(r)]f f ?L(r:lrF\cjl hﬂiﬂo SOH irrgn:e(r)ic e:aﬁmm/mmmmmum

menory ‘portion, one allocated to a delay tinme caused

potenti al for reaching said obsgjation point stores sald potentlal

t hrough 20 an addition process, so that said transient response signal
i's def er m N@de | doudhd isTRUSLELSS maREBd as set fbrth inA:13QWNd2,

si nul ati on met hod conprising the steps of: (a) setting a virtua
space whi chylexedn:arbitrary space; (b) setting a predeterm ned

real space in which a plurality of 25 | oud speakers are disposed,

in said step for sampling, a plurality of said
predetermined signal pulses are sampled in said transient response
5 signal in ascending order of positive value in amplitude peak of
said pulses, said transient response signal varying on a delayed
time base; and
said step for sampling is also conducted as to negative
pulses following said positive pulses.
10 15. The sound simulation method as set forth in claim 12,
wherein:
in said step for sampling,
a threshold value corresponding to a delay time at which
each of pulses of said transient response signal occurs is set;
15 and
of said pulses of said transient response signal, 6nes
exceeding said threshold value in absolute value of their
amplitude peaks are sampled.
16. The sound simulation method as set forth in claim 12,
20 wherein:
in said step for sampling,
said pulses of said transient response signal are divided
into a predetermined number of pulse groups; and
in each of said pulse groups, at least one pulse is

25 sampled.




(c) superi servatlon point in said virtual space over
a |listening p&'ﬂ[’ M@J’ space (d) determ ning a potenti al
af fecting sai after the el apse of a delay tine
corresponding to a tranS|ent Lg al which is generated at a sound
source in said virtual space aﬁ§~propagated t herei n; (e)

dividing said potential |ooking toward sai d observati on
17. The sound simulation methed as set forth in claim 12,

wherein:
in said step for sampling,
said pulses of said transient response signal are divided
5 into a predetermined number of pulse groups;
in each of said pulse groups, at least one pulse is
sampled; and
a negative pulse following said one pulse thus sampled is
also sampled.
10 8. The sound simulation method as set forth in any one of
claims 12 to 17, wherein:
said step for sampling is conducted with respect to said
transient response signal only within a predetermined period of
time.
15 19. The sound simulation method as set forth in any one of
claims 12 to 18, wherein:
saild transient response signal is determined through the
method as set forth in any one of claims 1 to 11;
said transient response signal thus determined is then
20 subjected to said step of sampling.
20. A sound reproduction method comprising a step for
generating a sound by using a transient response signal determined
through the methoed as set forth in any one of claims 1 to 19.
21. A sound reproduction method comprising the steps of:

25 setting both a delay time of each of pulses of a transient




point into a pruraity u1 pkcbes all ocated to said individual |oud

speakers di space thus superinposed; and 10 ()
determ ni ngimm mﬂf nse signal for each of said | oud
speakers by addi¢cngtsanm pleces of saiggpotential so as to correspond
to said delay tine. The—sound si nul ation nethod as set forth
in claim4, saf, a4y Lse & p;fo
det er mi ni ng %55035 ¥{§§$%Jhete¥§lned throu ort% ﬁ%#ﬁ% a?n1 é% 5?£ﬁ ih ény

The sound siqul.at .9 1:@#%@%955&3 fzprzteria'tﬂvglﬁhﬂﬂ:ude value WICLELR SA d :
step (f) is a step termning said transient response signal in

a time serigg4migsber each of said |oud

issuing individual sound signals according to said
S relative amplitude value every said delay time, said sound signals
being.subsequently inputted; and
preparing a new sound signal by summing up cnes of said
individual sound signals, which ones are issued at the same time.
22. The sound reproduction method as set forth in claim 21,
10 wherein:
the method further comprises a step for applving a filter
to said new sound signal to cause attenuation in predetermined
frequency components of said new sound signal.
23. The sound reproduction method as set forth in claim 21,
18 wherein:
the method further comprises a step for adding
reverberation to said new sound signal.
24. In a sound reproduction method for setting a transient
response signal in a sum-of-products calculator for reproducing a
20 sound, the improvements which comprises the steps of:
generating a plurality of said transient response signals
varying according to said sound being reproduced;
storing said plurality of transient response signals; and
setting said transient response signals thus stored

25 according to said sound, in said sum-of-products calculator when




20 speake Iumm | l ﬂltps of : providing a plurality of
sai d nenory atinme series array with respect to
a

each of said Ioué spe ers; and addi ng and storing
said pieces of said potentlal thus 237. allocated to each of said |oud
speakers in one of said nenory I
-72- said sound is reproduced.
25, In a sound reproduction method for setting a transient
response signal in a sum-of-products calculator for reproducing a
sound, the improvements which comprises the steps of:
5 generating a plurality of said transient response signals
varying according to said sound being reproduced;
storing said plurality of transient response signals;
adding a synchronizing signal to a sound signal of said
sound being reproduced; and

10 setting a predetermined one of said transient response
signals thus stored according to said synchronizing signal thus
added, in said sum-of-products calculator when said sound signal
is reproduced.

26. In a sound simulation apparatus for determining a

15 transient response signal affecting a predetermined observation
point when a transient signal generated at a sound source located
in an arbitrary position in a space which is an arbitrarily set is
propagated in a wave motion mode in said space, the improvement
wherein the apparatus comérises:

20 a first memory means for storing both a plurality of sound
ray vectors and coordinates of each of a plurality of boundaries
assuming polygonal shapes to define said space, said sound ray
vectors radiating from said position of said sound source; and

a processor means for determining a potential with respect

25 to each of said plurality of sound ray vectors each time each of

14 MAY 1997




ortions in SZ d tinme series array, which one correspond to said

b . ! ! .
st oI 2 525 peiened e e

each of said 5 | 6ud® speakers is degermned in a time series node.
7. The sound sinul ati on nethod as—set forth in any one of cl ai s
4 to 6, wherein: sai d sound source conprises a plurality of

sound SOUrCeSid sound BYveldfors is refleSfdd! dlcana! £5E J&§§g@n§§l§|gnal for

each of said |oud speaﬁers Is determ ned as to each sald

plurality oho3Q48fies and further advances, said potential reaching said
observation point from said portion of said boundaries defining
said space.

5 27. In a sound simulation apparatus for determining a
transient response signal affecting a predetermined observation
point when a transient signal generated at a sound source located
in an arbitrary position in a space which is an arbitrarily set is
propagated in a wave motion mode in said space, the improvement

10 wherein the apparatus comprises:

a first memory means for storing both a plurality of sound
ray vectors and coérdinates of each of a plurality of boundaries
assuming polygonal shapes to define said space, said sound ray
vectors radiating from said position of said sound source; and

15 a processor means for determining a propagation history
data each time eﬁch of an incident one and a reflected one of said
sound ray vectors is incident on or reflected from a portion of
said boundaries and further advances, said propagation history
data comprising said incident one and said reflected one of said

20 sound ray vectors and an incident portion and a reflected portion
of said boundaries as to said incident one and said reflected one
of said sound ray vectors; and

a second memory means for storing said propagation history

data;

25 whereby said processor means determines a potential




sour ces. Hyﬂ “ﬂ"m d si rruI ation method as set forth in any one
of cl ai m,mﬂr n: a desired one of existing

halls is set as said"viftual * space; and sai d sound
source is located at a position of s | oud speaker installed in
said hall. 9. The sound sl ation nmethod as set forth in any

variable in size: are conducfed as

to each phagguaries, ofi®kfk Wdsi¥abhe SPAGE PiRLaARE A hiSithey data and an

one of = 20 reaéﬂfﬂgn§g§dt85;;:0@%&58'Bolnt(from sal?dﬁn?fﬁgpg)¥bf£fgﬂ pace s

area on said boundaries, which area is occupied by said incident
and said reflected one of said sound ray vectors in said incident
5 portion and said reflected portion of said boundaries.
28. The sound simulation apparatus as set forth in claim 26 or
27, wherein:
the apparatus further comprises a third memory means with
a time series array capable of adding and storing said potential
10 in a time series mode corresponding to a delay time caused by said
potential when said potential reaches said observation point.
29. A sound reproduction apparatus comprising:
a sound output means with at least one sound output;
at least one sum-of-products calculator for performing a
15 convolution calculus of a sound signal according to a transient
response signal having been set, said sound signal being issued
- from said soﬁnd output, said sum-of-products calculator
corresponding, in number, to both said sound output and at least
one loud speaker; and
20 said sum-of-products being provided with a memory portion
for storing a plurality of said transient response signals;
whereby any one of said plurality of transient response
signals is retrieved from said memory portion and set as a

parameter in operation of said convolution calculus of said sound

25 signal.




10.  TEh sound—simitatien—method as set forth in any one of 25 cl ai s

4 to 7, wherei sai d sound source is variable in
its Iocation mmllml"’wulunmmjg sal d steps (d) to (f) are conducted
as to each |ocarlon 0 d souggl source variable in its location. 5
11. The sound sinul ati on net hod as~set forth in any one of

30. In a sound reproduction apparatus for issuing a new sound

signal prepared on the basis of a transient response signal by
processing a sound signal supplied from external means, the
improvement wherein the apparatus comprises:
5 an input portion to which a synchronizing signal

transmitted together with a sound signal is inputted;

a memory portion for storing a plurality of transient
response signals therein; |

a sum-of-products calculator in which said sound signal

10 supplied from said external means is subjected tc a convolution
calculus according to a set one of said transient response signals
so that said new sound signal is prepared, said new sound signal
being issued from said sum-of-products calculator; and

a control portion for retrieving a predetermined one of

15 said plurality of transient response signals from said memory
portion and setting said predetermined one in said sum-of-products
calculator according to said synchronizing signal thus inputted;

whereby said new sound signal varying according to said
synchronizing signal is issued.

20 31. In a sound reproduction apparatus for issuing a new sound
signal prepared on the basis of a transient response signal by
processing a sound signal supplied from external means, the
improvement wherein the apparatus comprises:

an input portion to which a transient response signal

25 transmitted together with a sound signal is inputted;




clainms 4 to 7, wherein: sai d V|rtu?uulnﬂﬂﬁl ﬂﬂt Ie in
Si ze; _ sai d sound source is present sai d

vi rtual space, and variable in its |ocation;* afd “10" sai d
steps (d) to (f) are conducted as to ggch | ocation of sai d sound
source variable in its location and present in each phase of said
virtual space vari ablsem-8fSprRiucts calcildtor iA #RUEH ssiBUkStADsigRRNOd
conprising the steps of: sanpling a predeterm ned signa

pul se in a bapplEieRNfrohmSsaid ISRAASE HeHiNlis epbfactdd M acedvwtdlution
characteristic of a space; and

calculus according to said transient response signal having been
set in said sum-of-products calculator so that said new sound
5 signal is prepared, said new sound signal being issued from said
sum-of-products calculator; and
a control portion for setting said transient response
signal in said sum-of—éroducts calculator having been inputted;
whereby said new sound signal having new acoustic
10 characteristics according to said sound signal having been

inputted is issued.




determ ning a new transi ent response signal on the basis of said

predeterm ned signal pul se thus sanpl ed. 13. The sound sinmul ation
met hod as set forth in claim12, 20 wher ei n: in said
step for sanpling, a plurality of saigs. predet ermi ned signal pul ses
are sanpled in said transient responsg signal in ascending order of
absol ut e vaETEOD TANDTAHFARIACUS CRIR GIMULATING A SQUUIDS €8, VIRTUALL S2ARSE eTd
response signal varying on a delayed 25 ti me base.

HAVE A LISTENER ENJOY ARTIFICIAL EXPERIENCE OF THE SOUND

ABSTRACT OF THE DISCLOSURE
Sound simulation of the present invention enables a
5 listener in a real space to enjoy a sound of an arbitrarily set
virtual space as if he were in the wvirtual space. In the
simulation, a transient signal generated in a sound source located
in an arbitrary position in the virtual space is propagated in a
wave motion mode in the wvirtual space, so that a transient
10 response signal affecting a predetermined observation point is
determined as follows.
In the simulation: the transient signal is represented by
a plurality of sound ray vectors radiating in all directions from
the sound source in the virtual space; a potential is determined
15 with respect to each of the plurality of sound ray vectors each
time each of the sound ray vectors is reflected from a portion of
bound;ries and further advances, the potential reaching the
observation point from the portion of the boundaries defining the
virtual space; and, the transient response signal is determined by
20 summing up the potential on a delay time base. Further, in the
simulation: the observation.point in the virtual space is
superimposed over a listening point in the real space; a potential
is determined, the potential affecting the observation point after

the elapse of a delay time corresponding to a transient signal
REPLACEMENT SHERT
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-74- 14. The sound sinulation nethod as set forth in claim12,
wher ei n: In said step for sanpling, a plurality of said
predeterm ned signal pulses are sanpled in said transient response 5
signal in ascending order of positive.gsalue in anplitude peak of
said pul ses, said transient response signal varying on a del ayed
ti me base; winicth is generated atsai sowidempoueresinpddind viixtabbspaduaied as
to negative pul ses followi ng said positive pulses. 10 15. The
sound si nul ptopagatetdhtiexsirsetthkopdtentiadl Abokilg toward said observation
point is divided into a plurality of pieces allocated to the
individual loud speakers disposed in the real space; and, a
5 transient response signal for each of the loud speakers is
determined by adding the pieces of the potential soc as to

correspond to the delay time.

{See Fig. 5)

~——
——
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wher ei n: in said step for sanpling, a

t hreshol d val ue corresponding to a delay tine at which each of
pul ses of said transient response signal occurs is set; 15 and
of said pul ses of said transient response signal, ones exceedi ng
said threshold value in absolute valug of their anpl i tude peaks are
sanpl ed. 16. The sound si mitati on nethod as set forth in claim
12, 20 wher ei n: in said step for sanpling,
FIG.1
Processing procedure A
1
Initialize
| 2

Execute allocation of memory area
for each variable

n=0

Calculate direction vector Dn of the n-th vector

Select boundary B intersecting a radiating sound ray vector
(i.e., one extending from coordinates of a wave source
in direction Dn) at an intersection point

Is there no boundary B having
the intersection peint?

Did the boundary B present its back
to the radiating sound vactor?

'Processing procedure C

L

n=n-+1

Does the number of n of Mo

radiating sound ray vectors
having been processed exceed N?

pre— Yes

Processing procedure B 10

Processing procedure D

49
Process a direct sound

End



sai d pul ses of said transient

response signa

are divided into a

predet er m ned nunber of pul se groups; and In each of said
pul se groups, at |east one pulse is 25 sanpl ed.

- 75- 17. The sound sinmulation nmethod as set forth in claim 12,
wher ei n: in said step fog sanpl i ng,

Yes

Processing procedure C i

Does boundary B complataly
absorb wava mation?

11
(]

Calculate the total propagation distance d
between a wave source and an intersection Q

3
Yos Does total propagation distance d permit
the el_apsed time of the wave motion for
r,u reaching the point Q to exceed the duration T

of the transient response?

14

Calculate the incident angle ¢
of the incident sound ray vector (direction En,r)
upon the boundarv B

of the incident sound ray vector

Calculate the direction vector Fu,r of a reflected saund ray vector

upon the boundary B

{A vector, witich passes through the
intersection point Q in direction Dr,
is called the reflected sound ray vector )

Store the following data in memory or
external memory units and the like:
the arrangemeat No. B of boundary B;
the total propagation distance d between
the wave source and the inersection Q;
three-dimensional coordinatas of the
intersection Q;
direction vector Ea,r of the incident sound
ray vector; and,
direction vector Fa,r of the reflected sound ray vecior;

18

Select a subsequent boundary B intersecting the
reflected sound ray vector at an intersection,
and denote such intersection by a new Q;

Is there no bouzndary B
having the intersection?

with respect to the incident
sound ray vector 7

REPLACEMENT SHEET
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said pul ses of said transient response signal are divided 5 into a

predet er m ned nunber of pul se groups; I n each of said pul se
groups, at |east one pulse is sanpl ed; and a negative
pul se follow ng said one pulse thus sanpled is al so sanpled. 10

18. The sound sinmulation nmethod as set forth in any one of

clains 12 to 17, wherein: -3- said step for sanpling i s conducted
with respect to said transi ent response signal only within a
predet er mi ned pFIGE of time.

Processing procedure D | start l

Retrieve coordinates of the first observation point 21

P for calculating the transienit response
N}

|
=0

5

i
Retrieve the first data of the propagation history
of the n-th radiating sound ray vector

Nt/

Is there any other propagation 32
history still remaigiog Retrieve the data of the propagation history of
to be retrieved 7 the radiating sound ray vector following the
a-th radiating sound ray vector
Is the observatioa poiat P 2
in a front side of the boundary B ?
25

Calculate the direction vector R of a vector

connecting the observation point with the

intersection Q on the boundary B recorded

in the propagation history

26

Caiculate the distance RD between the

observation point P and the intersection Q
Does a straight lina connecting
the observation point P and
the intersection Q intersect
any other bouadary ?

No Does the wave motion reach
the observation point
7 within time T 7
Rt 29

a=n+1 Processing procedure "E”

Calculata and integrats the potantiat affecting
thie obsecyation point each tirze the sound ray
wactar is refl d at the b dary

sound ray vectors, o, having been
processed exceed N ?

Was the transieat respoase calculated
at every observation point ?

1+
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15 19. The sound sinulation nethod as set forth in any one of

clains 12 to 18, wherein: said transient response signal is
determ ned t hrough the nmet hod as set forth in any one of clains 1 to
11; said transient response signal thus determned is then
20 subj ected to said step of sanpling. 20. A sound
reproduction nmethod conprising a step-4or generating a sound by
using a transient (ﬁ;fi&gonse si gnal determ ned t hrough the nethod as
set forth in any A claim 1 to 19. 21. A sound reproduction
met hod conprising the steps of: 25 setting both a delay tine of
each of pul ses dtrogessingiprocedure E Start '
41
Calculate the first integration term of equation 3
l 42
Calculate the second integration term of equation 3
- 43
Calculate, at the point Q of the boundary B, an
area A S of the boundary surface represented
by the sound ray vector
44

Determine the product of the calculation result

of step 41 and the A S , and process the product
and the initial value of the sound sourceby the use
of a convolution transform

L a5

Determine the product of the calculation result

of step42and the AS , and process the product
and the derivative value of the sound source’s
initial value by the use of a convolution transform

Calculate the arrival time Dt of the wave motion
to reach the observation point P, based on
distance DD which is the sum of the total
propagation dlstaﬁche d up to the intersection Q

|

Determine the array position J corresponding to
the arrival time Dt in a numerical array storing
the transient response that is being calculated

T

Sum up and store the time series data from

steps 44, 45 in the array position J in which the
transient response is stored; and, when some value
is already stored in the array position J and the
like, sum up the time series data and such value

46

47

48

End




- 76- response signal determ ned through the method as set forth in
any one of clains 12 to 19 and a relative anplitude value of each of
sai d pl uses; i ssui ng individual sound signals according to
said 5 relative anplitude value every said delay tinme, said sound

signal s bei ng subsequently inputted; and
new sound signal by summing up ones ofSsaid I ndi vi dual
whi ch ones are issued at the sane tine.

FIG.5(a)

Micro-area element
Boundary]

.
>

Sound ray vectors

Potential issued from
the micro-area element to
affect the observation point

FIG.5(b)

Aq area size of the micro-area element
in the wave froat, defined by a single
sound ray vector

Sound ray vectors

|
\
1
\
\
1
Y
@)
Observation point

Potential issued from
the micro-area element to

preparing a
sound signal s,

\( Reflected sound ray vector

Observation point

Micro-area element

‘/ Boundary

Reflected sound ray vector

affect the observation point




22. The sound reproduction nmethod as set forth in claim?21, 10

wher ei n: the nmethod further conprises a step for applying a
filter to said new sound signal to cause attenuation in predeterm ned
frequency conponents of said new sound signal. 23. The sound
reproduction nethod as set forth in claim?21, 15 wherein:

the nmethod further conprises a step fqﬁ&adding reverberation to said
new sound si gnal . 24. In a sound reproduction nethod for setting a
transi ent response signal in a sumof-products cal cul ator for
reproduci ng a

FIG.6

Poten!:ial calculated at the obser
each time the sound ray vector i
the boundary

Souand ray vector 1 rfﬂ1 il]{np—{"“j?*@,—__,
e

Sound ray vector 2 ”{hw d]l'ﬂ]’" "'ﬂ*_,_u,_ dr

vation point
s reflected at

Sound ray vector 3 ﬁ”l‘U‘" .1 S —dh A

Sound ray vector N

/. Simultaneous potentials

%

are summed up

Transient response
to be determined

Direct sound Reflected sound
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20 sound, the inprovenments which conprises the steps of:
generating a plurality of said transient response signals varyi ng
according to said sound being reproduced, storing said
plurality of transient response signals; and setting said
transi ent response signals thus stored 25 according to said sound, in

sai d sum of - products cal cul at or when
-77- said sound is reproduced.

FIG.7(a)
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FIG.7(b)
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25. I n a sound reproduction nethod for setting a transient
response signal in a sumof-products cal culator for reproducing a
sound, the inprovenents which conprises the steps of: 5

generating a plurality of said transient response signals varying
according to said sound being reproduced;. - storing said
plurality of transient response signal=8-_ adding a
synchroni zing signal to a sound signal of said sound bei ng
reproduced; and 10 setting a predeterm ned one of said transient
response S| gna| mth s-Stare Fl("COI'd ng to Sa| d SynChI‘OI’li Zi ng S| gnal
t hus added, in gaid} sum of -groducts| cal cul at or when said sound
si gnal S reprodqiid. .
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26. In a sound sinulation apparatus for determining a 15 transi ent

response signal affecting a predeterm ned observation poi nt when a
transi ent signal generated at a sound source | ocated in an arbitrary
position in a space which is an arbitrarily set is propagated in a
wave notion node in said space, the inprovenent wherei n the apparatus
conprises: 20 a first nenncﬁ:neans for storing both a plurality
of sound ray vectors and spaiigat es of each of a plurality of

to define said space, said

boundari es assum ng—pal ygana
sound ray vectors radiatifgg fromsaid position of said sound source;
and a processor Ans for determning a potentiaIENtt1
respect Q

©

68

|
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¥8
]
l
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25 to each of said plurality of sound ray vectors each tine each of

- 78- said sound ray vectors is reflected froma portion of said
boundari es and further advances, said potential reaching said

observation point fromsaid portion of said boundaries defining sai d
space. 5 27. In a sound sinulation apparatus for determning a

transi ent response signal affecting a fgdledet erni ned observation

FIG.10

(a)

53]

a

-]

E .

g 32768 49152 65531
<

() o 16384 32768 49152 6553
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poi nt when a transient signal generated at a sound source | ocated in
an arbitrary position in a space which is an arbitrarily set is
propagated in a wave notion node in said space, the inprovenent 10

wherein the apparatus conpri ses: a first nenory neans for
storing both a plurality of sound ray vectors and coordi nates of
each of a plurality of boundaries ﬂg:assuning pol ygonal shapes to
define said space, said sound ray vectors radiating from said
position of said sound source; and 15 a processor neans for
determ ning a propagation history data each tine each of an incident
one and a reflected one of said sound ray vectors is incident on or

refl ected fronﬁéo:[ii on of

(a)

8 0.005;

D 4

E 0_‘ .

g ] 1024 2043 072 4h96
<-0.0051

(b) '

2 0.02- 2 P4 ‘\
A T T
= 0] y e 11 il IJ , l

% o1 1024 12048 3072 4bg6

p3 \ p30




sai d boundaries and further advances, said propagation history dat a

conprising said incident one and said reflected one of said 20 sound
ray vectors and an incident portion and a reflected portion of said
boundaries as to said incident one and said refl ected one of said
sound ray vectors; and a second nmenory nmeans for storing said
propagati on history data; 25 2= wher eby sai d processor neans
determ nes a potenti al
FI1G.12
(a) 90
]
20002-
P
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~ 01 » Y S —
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<
(b) 0.002
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-79- reachi ng said observation point fromsaid incident portion on

sai d boundari es, on the basis of said propagation history data and an
area on sai d boundaries, which area is occupi ed by said incident and
said reflected one of said sound ray vectors in said incident 5 portion
and said reflected portion of said boundaries. 28. The sound
sinmul ati on apparatus as set forth in m 26 or 27, wherein:
t he apparatus further conprises a third nmenory nmeans with atinme
series array capable of adding aRd storing said potential 10 inatine
series node corresponding to a del me caused by said potenti al
when said potential reaches said obs { on point.
Z
50
NZ o
<E -
= & -
~ M A
\-

REVERBRA-
TION . .

PORTION
120

- e o = —— - e o] e oo — — e 3

jo

112

DELAY LINE

FI1G.13
15



29. A sound reproduction apparatus conpri sing: a sound

out put nmeans with at |east one sound output; at | east one
sum of - products cal cul ator for performng a 15 convol ution cal culus of a
sound signal according to a transient response signal having been
set, said sound signal being issued fromsaid sound output, said
sum of - product s cal cul at or corre@ﬁpnding, in nunber, to both said
sound out put and at | east one | oud speaker; and 20 sai d
sum of - products being provided with a menory portion for storing a
plurality of said transient response signals; wher eby any one
of said plurality of transient response

FIG.14
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signals is retrieved fromsaid nmenory portion and set as a par amet er

I n operation of said convolution cal culus of said sound 25 si gnal .
- 80- 30. In a sound reproduction apparatus for issuing a new
sound signal prepared on the basis of a transient response signal by
processi ng a sound signal supplied from external neans, the
-15-
FIG.15
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i nprovenent wherein the apparatus conprises: 5 an input portion

to which a synchronizing signal transmtted together with a sound
signal is inputted, a nmenory portion for storing a plurality
of transient response signals therein; a

sum of - products cal culator in which said sound signal 10 supplied from
said external neans is subjected to a-ggrvol ution cal cul us according
to a set one of said transient response signals so that said new
sound signal is prepared, said new sound signal bei ng i ssued from
sai d sun}of-gip@uysgaz?lculator; and a control portion for
retrieving a predeterf ned one of 15 said plurality of transient -

response signals fromsaid nenory
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¢ (1. 1)

FIG.16(b)



portion and setting said predeterm ned one in said sum of-products
cal cul at or according to said synchronizing signal thus inputted;
wher eby sai d new sound signal varying according to said

synchroni zing signal is issued. 20 31. In a sound reproduction
apparatus for issuing a new sound signal prepared on the basis of a
transi ent response signal by, aﬂﬁiessing a sound signal supplied from
external neans, the Tprovenent wherein the apparatus conpri ses:
an input portion to m@%ch achra | 25 transmtted
together with a sound &ign [ npukt ed;
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- 81- _ a sum of -products cal cul ator in which said sound signa
supplied fromsaid external neans is subjected to a convol ution

cal cul us according to said transient response signal having been set
in said sumof -products cal cul ator so that said new sound 5 signal is
prepared, said new sound signal being issued fromsaid
sum of - products cal cul ator; and -18- a control portion for setting
idt I ent [ | i id f- duct | cul at
ﬁgbingrgQZhePnSH$?g%E¥§3 signal in said sumof-products cal cul ator
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wher eby sai d new sound signal having new acoustic 10 characteristics
according to said sound signal having been I nputted is issued.

FIG.19




¢81l gg1

981 v8lL 99 f f 081
7 | =
UILIAANOOK T NOoTZHOd TINn [~ HELYIANOD!
a/v DNISSAO0Ud v/
TVEINTD “
NOLLYOd
LOJdNI
: NOILHOd
3| TOYINOD \
8L1 Atd’\
NOLLYOd \ \L
AHOWIAN 9'/ | I#hroor
\/\\ 291l
91

¢l

0Z'DId



981

OL1

¢81

9L 1

78 1L 99 _./,\/ 8 mn 08 L
/ _ 7
HAILHAANOD Aldry
RS o = 7 R
TVHLNIO NOILHOdJ
| LNdNI
W @ NOILLHO
A 7—IO"YINOD /
.. {
o, .:. se, 09

¢c6 1l

13" OId




11NN
INIXITdILINKN
Sd

¢O3di

1INN

ONIX31d 1 LINK
S1

¢93di

A

f

ONI LINOVd

14 MAY 1997

REPLACEMENT SHEET

3009N3 IOV

P —

ONILINIVd

WNDIS aNNOS

J000N3 JNLIId

P E——

TVNOIS 03QIA

GG DI



10

15

20

G76p47- 2
Tras

5 LT

CLAIMS :

' 1. A method of producing new transient response signal from

original transient response signal representing acoustic
characteristics of sound generated in a virtual space, comprising:
sampl:l.ng signal pulses from the pulses of said original

transiernt response signal in descending order of positive value in
.amplitude peak of pulses of said original transie:}t response signal.

2. Amethod of producing new transient response signal according
to claim 1, further comprising a step of sampling neg'a.tive pulses
following the positive pulses. |

3.. . Amethodof rebroducing sound comprising a step for generating
sound by using a new transient response signal produced by the method
as set forth in claim 1 or 2. '

4. A method of reproducing sound according to claim 3, further
including a step of applying a filter to the sound to cause
attenuation in predetermined frequency components of the sound to‘
be reproduced. '

5. A method of reproducing sound according to claim 3, further
including a"st'ep of adding reverberation to the sound to be
reproduced. ' |

REPLACEMENT SHEET
24 UL 1999

Ate o 494~
243 (a9



