A DI G TAL AUDI O SI GNAL GENERATI NG APPARATUS This invention rel ates

generally to apparatus for generating a digital audio signal and nor e
particularly, is 5 directed to a digital audio signal gen @%55'36(‘0
apparatus suitable in the application to electronic nusical inst

sound effect generator for anusenent machines and the like. 10 )
sound source for electronic nusical instrunents or sound effect sound .
source for amusement machines, the fol llowing one is proposed in the prior (3
art. According to this preV|oust proposed sound source, a rectangul ar wave
signal, for exanple, I | 3 frequency

di vi ders each havi ng =t ehis ; a+o—atd different duty
ratio. Sound 50ur§ﬁlgl£ﬂygn§ gﬁ f%l %gsCé@Aéy11!9l€ ;; d g respective
frequency dividers are synt he5|ze§ In a proper eveF I'n that case, the

original osciddneiratingay efigitalrmudieo aigndlamgd) aworeapartircuwlanlyei tal 20
wave or-the like. In sone nusical instrunment such as piano and druns, the

total sofind girfeckefnte fedisital awdipqgionad BFB?/‘?ad’é“ﬂ FRREAFEFs such as
attack period, Q)gsig P enadap St BaPEs | AidcRPEnihEBpcaper | 0d, and an

anpl i tude (Ieve e 25 5|gnaP I'n each interval presents a peculiar
changed condiirisztumdaEs;y diongl yef fectogend tabrAPGR {natement maebiyes sust ai n,
rel ease) control is perforned so as to cause the signal |evel of each voi ce
to be changed®nd FPera ?"SF On the other hand, as a sound source for nusical
30 Instrunments, a so-called FM sound source is known, in which

10 As a sound source for electronic musical instruments or e%%
‘ sound effect sound source for amusement machines, the

following one is proposed in the prior art. According to
this previously-proposed sound source, a rectangular wave
signal, for example, is supplled to a plurality of preset

15 frequency dividers each having different frequency-dividing
ratio and different duty ratio. Sound source signals (i.e.
so-called voices) from the respective frequency dividers are
synthesized in a proper level. In that case, the original
oscillation waveform may Be a triangular wave, a sinusoidal

20 wave or the like. |

In some musical instrument such as piano and drums, the

total sound generating period is divided to provide 4
intervals such as attack period, decay period, sustain
period and release period, and an amplitude (level) of the

25_ signal in each interval presents a peculiar changed
condition. Accordingly, a so-cél}ed ADSR (attack, dgcay,
sustain, reléase) control is performed so as to cause the
signal level of each voice to be changed similarly.

On the other hand, as a sound source for musical

30 instruments, a so-called FM sound source is known, in which



i

2 a sine wave signal is frequency-nodul ated (FM by a sine wave sign
having a | ow frequency. According to this FM sound source, a nodul ation
factor is nade as a function of tinme and various kinds of sound signals
(sound signal neans 5  an audio signal in this specification) can be
obtained by the | esser sound source. Thez2sound effect sound source may be a
noizinconponent (i.e. white noise conponent and the like). In order to

obt aifi real sounds of vari.ous Si.C ' using the-

af or e- ment i oneY HEECEF L 18?%%{%& o irggg%]gcﬁd' "3 gﬁ%@”@ﬁ‘?ff b?or?pf%&eqsi gnal
processing is fAisigeh e iNgE Aow BLegidryl.t Acctr@ing td1enaude® Signal
generating apparatus is made |arge. To solve the above-nenti oned problem
recently, a 15soundsgouxdd.cd Bedudiationofartoyodis eadesapryfmnsion rpfivhi ch real

ds of i O ical, i . Qj I . ' in
vemory (Rov. e S00 grsonP hCPcde: afie aShif pbRf S gidne' 70" ©

from thissmendgy audfot dlighal P! 1211 sS 8PEEh FiRakE6n) idanObéedbta@ngavsy t he 20
storage capacity of nenory, the digital audio signal is data-conpressed and
witten in thethmedesser aound sourceonpThs £oungdi ¢fifest sewphisopseel Ma¥om t he

menory i s datg-expanded and is re-converted to the original .digital sound
signal. Int hi6¥§e 2o 8815, fAappenents i Ungr 'S ARESH SOPRGPIY and, l??i cul ar

| oudness (pitciykdys Witten in the menory at every nusical instrunment, and

the signal read fromthe nmenory is pitch-converted to generate a

fundanent al frequedoyosdegmib oftaioumdahsdungsaofiasiriows [ngdeats. Further, a
he init%al 30 e of s%Pnd generation

ZL_S:SLC\S%IY):]; O[@%}@ﬁgﬁgﬁgg;ps ng the a ore—ment::o’.or?c-:tﬁa %o-calle
electronic sound source, very complex signal processing is
‘required and hence, the circuit scale of the audio-
signal generating apparatus is made large.
Io-solve the above-mentioned problem, recently, a
15 so-called sampler sound source is proposed, in which real
sounds of various musical instruments are digitally
recorded, written in a memory (ROM) and a signal of a
predetermined musical instrument is read from this memory..
In this sampler sound source, in order to save the
- 20 storage capacity of memory, the digital audio signal is .
N data~-compressed and written in the memory, while the
compressed digital signal read from the memory is
data-expanded and is re-converted to the original digital
sound signal. 1In this case, only the signal of sound having
25 pafticular loudness (pitch) is written in the memory at
every musical insérument, and the signal read from the
memory is pitch-converted to gene;ate_a fundamental.
frequéncy signal of'sound'having a desired loudness.
| Further, a signal waveform, appeared in the initial

30 stage of sound generation and'éeculiar to each musical



3 instrunent, is directly witten in the nenory and is read out of the
menory. This signal waveformis what m ght be called a formant, and the
formant neans, in the case of, for exanple, piano, a sound such as an
operation sound and the 5 | i ke generated when the pianist touches a i
keyboard of piano to cause a hammer tosstrike a key. In that case, a i
repetitive waveform portion of a fundanental cycle is witten in the nenory

only by one;gouclEnedtPudt @ndects, rehgatedly read fromthe nenory. 10 !
More speci f ical | y, upon regggsg%tY d’%,%eﬁsl%t’r'é\ﬁnmempdﬁ gndlis Sehgequent to a

formant conpatieot theohemdryr.t tThi® HYnh9d,aid.undamental frequency signal
conponent b, which is forned of repgni t?‘\v/%‘?e\f/g\'f'éf’cﬁ whap mightobeai ned and
thus a soun@abted aj&erpant nasdcehe ifrwsmanltrmuanﬁanirp‘i‘:hgb«g?slen%g' n. that

a nafu

event, 15 ' €.,6 f und o i ano or the I1iKke, % sound of
nusi cal i nsteﬁ%#tl gg& 'e%r Séﬁ%ﬁfé{é 8? ¥ dPgnrtiondeound@singgthbe | evel of

the wavef or mipe igeneeabédiamen vhé bianRseded pakned rule. According to the
above-nenti oned nusi cal instrunents, "l(?:lﬂlrf‘ngaal S‘é\)’BPﬁE‘? &L pharound or the

like is addt ¥3%né h¥PISdEiecttriks eakeynstnupkdE ogQuNd, then it will be

possible to ) ey aEELd varioys tones. In parffcular, when the
digital audféﬁg%ﬁg% véenerg{ﬁi ﬁértdﬁﬁ‘apgt%sf‘ﬁnéaﬁmadyegcm ithe sound effect

gentrating @bittemppatied wemboy GHIYSH ines, it is frequently
requested to add the reverberation sgﬁélﬁde {%(é?ﬁea"}"é‘ﬂ?‘omﬂzéé sound in order -

to gain pretePraredly| s9ad £5pM| fhe memory..
10 More specifically, upon reproduction, as shown in Fig. ;;

1, subsequent to a formant component 2 of short time perio;,

a fupdamental frequency signal component b, which is formed

of repetitive waveforms p, is obtaineg and thus a sound of a

desired musical instrument can be obtained. 1n éhat event
r

15 in the case of sound of piano or the like, a natural sound

predetermined rule.

According to the above-mentioneg musical instruments,
20 if a reverberation sound or the like is added to the
reproduced musical instrument sound,
possible to reproduce sounds of -various tones. 1n
particular, when the digital audio signal'generating'.
apparatus is employed as the sound effect generating
25 apparatus for amusement machines, it is frequently requested
to add the reverberation sound to.the reproduced sound in
order to gain presence satisfactorily.
When the feverberatiop sound is added to the digital

audio signal, however, the digital audio signal jig

30 temporarily stored in a memory such as a random access

then it will pe -’

2



When the reverberation'sound is added to the digital audio signal, however,
the digital audio signal is 30 tenporarily stored in a nenory such as a
random access 4 menory (RAM or -the like and is del ay-processed by this
menory, thereby generating a reverberation sound. This requires a nenory
of large storage capacity in which the digital audio signal is stored,
whi ch fact nakes the 5 appar atus conpligated in arrangenent. Further
accerding to the previously-proposed reverberating apparatus, when control
data from mexmry fRAM)O@ASs the liké {XPUs i Gebay-peocesdedcbausnRishe power
switch of the apparatus is just turned ON, a delay 10 . processing area is
er r oneous| pemeory,n therehyigenexating s arevexbepatiion séunde nEhidsy, which
- causes the apparatus to mal function. Further, when the FMoperation is
perforned KeBHEREs B RANATY NF oLATIQ FERY2ge t gRPAGHEY cinsWhighsthece, a

- signal 15 _ source for, frequency; nodul ation is reguired, which causes the
_circuit ar ta"fq}%(&‘&ﬁ?]ccﬂﬁ)lq‘ﬁ%ﬁ%‘az Wi eh et ask cmakpgnthae

i i t yde- nodul at.i AM. Jj s f d i d t hi f

ot yie il shion (A, o SRR L grder 1o achieve performnce
‘th whi ch il th dat d t

Lhe ey i o SRS e eLe? LIS RE ISR BB BRCON 1O
a relati VeE%Jeﬁ%%i:a%l ng‘%p;ééxg%éeddé}’ widh Cébx'x‘&@é!f' QR0L YeFHSEScbhfr§y T CUI

arrangenent to becone
processing unit (CPU) is not defined because the power

\oF switch of the qpparatus'is just turned ON, a delay

10 processing area is erroneously'set in the sound sourcé.data
writing area of the memofy, which causes the apparafus fo
malfunction. i .

Further, when the FM operation is performed in order
to gain varioué sounds in the sampler sound source, a signal

15 source for frequency-modulation is reéuired, which causes
the circuit arrangement to become complicated.

Furthermore, when the amplitude-modulation (AM) is
performed in order to‘achieve performance effect, there is
then presented a similér problem.

20 | In addition, the memory which temporarily stbres the
sound sourcé data and control program required when
processing the sound source data is requested to have a
relatively large storage capacity, which unavoidably causes
the circuit arrangement to becoﬁe complicated.

25 It is an 6bject of the present invention to provide a

digital audio signal generating apparatus which can perform
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25 It is an object of the present invention to provide a digital
audi o signal generating apparatus which can perform 5

anpl i t ude- nodul ation wi thout requiring a special signal source. According

to the present invention, there is provided an apparatus for generating
a-digital audio signal in which 5 & plurality of digital audio signals

are generated conprising a plurality of-digital audio signal generators )
each amputitude-tRidudet idbr aSRIRUY erafpit inglea apec il redgralwherein tYe -
out put of one of said anplitude control nmeans is supplied as a control

si gnabouercenot her of said anplitude 10 . control nmeans, whereby an

anpl i tude-nodul ated digital audio signal is generated fromsaid other
anpl i tude caccoxdingnit the present cinwentidn, fthererisicprovidddby way of
non- limtative exanple with reference to the acconpanying draw ngs, in :
whi chan appagatus for gepermting aGigikal andie sigeaknierwhiehrence will |
be made i.n expl ai nin operation of nusical instrunment sound,

a, .reproduci ng,
FPy. & ?ﬂb‘rﬁlé-rté( %o %%M’&lgﬁ RFS 9RRerdePdion of a digital .
audi 0 Shdndlasdenel AL PR o 20 ay AG00LST Dok PosSBROELIEM OF the
each of which includes a respecﬁive amplitude control means, -
wherein the output of one of said amplitude control means is -
supplied as a control sigﬁéi to another of said amplitude
10 control means, whereby an amplitude-modulated digital audio”
" signal is generated from said other amplitude control means.
The invention will be further described by way of non-
limitative ;xample with reference to the accompanying
drawings, in which:- - |
15 Fig. 1 is a schematic diagram to which reference will
be made in explaining a reproducing operation of musical
instrument sound; o
Fig. 2 and 3 are block diagrams each showing a main

portion of a digital audio signal generating apparatus s

20 according to an embodiment of the present invention,




Fig. 4 is a schemati'c bl ock di agram.showi ng a general or overal

arrangenent of one enbodi nent of the present invention; 5 Fig. 51is
a schematic diagram of an exanple of a random access nenory; Figs. 6A-6C
are spectrum di agrans of frequencies to which reference will be made in
expl ai ning the operation of the apparatusgof this invention; 10

Fig. 7 is a block dlagran1shomﬁng a main portion of an arrangenent of a
conp&tlngfﬁﬁﬁpentmwnhm,ls used to add a reverberation sound to a - digita
audio signal; Fig. 8 is a block diagram showing a main portion of an

arr angenent of a Bigput i i acschemathechlockadiagrameshoitingla general
frequency-nodul ation; Figs. 9A-9C are schematic representations to which
reference\ﬂqI°Wﬁ?§ﬁﬁk?#¢ﬁ¥ﬁ$#%?ﬁlﬂ§ ehe epbedimentopf: thecpmrpsenty section
of Fig. 8, respectively; Fig. 10 is a block diagram show ng an exanple of a
20 synch (%ﬁf Ri rcuit used in an apparatus enbodying the present

Imr;\(;:nf In expl ai ni r‘}gquhes é’%%r%ggﬁlﬁéﬁTéfﬁ Hgﬁﬁgg{“oﬂf;gﬂ\éme%ggeég gr&? 2I(;;ag'\.M I11) °e
ot or ence. G debpss memofy (N, 22 R ﬁrgeai whien an external
andom accees e ol e BhastLal a IPGEL  ¢roloRBRGHTS 10T
invention wHilch reference will be made in explaining the operation of

) the apparatus of this invention;

\4;10 Fig. 7 is a block diagram showing a main portion of an
arrangement of a computing section which is used to add a
reverberation sound to a digital audio signal;

Fig. 8 is a block diagram showing a main portion of an
arrangement of a computing section which is associated with

15 the frequency-modulation; |

Figs. 9A-9C are schematic representations to which
reference will be made in explaining the operation of the
computing section of Fig. 8, respectively;

g Fig. 10 is a block diagram showing an example of a

20 synchronizing circuit used in an apparatus embodying the
present invention;

Figs. 11A-11D are timing charts to which reference
will be madé in explaining the operation of the
synchronizing circuit of Fig. 10, respectively; and

25 Figs. 12A-12G are timing charts to which reference

will be made in explaining a timing at which an external



herei nafter be described with reference to Figs. 2 to 5. ° Referring to
the drawings, and initially to Fig. 4, a general or overall .arrangenent of
t he enmbodi nent of the present invention will be explained hereinbel ow
Referring to Fig. 4, there is shown a-sound source read 5 only menory
(ROM such as a ROM cartridge or the.li ke provided outside of the
apparatus. In this sound source ROM 1, sound data of, for exanple, 16 bits,
which aggngemeastessf mefoye’ Ehoa1dU bieC dontiTLLed N resputtdivelyyl | y recoed
as nentioned before, are reduced in bit rate to, for exanple, 4 10 bits
(i .e. BRR-encaredppardtusofer generating lan digitainiamdlicesigmalsi cal

i nstrunment tones such as tone of piano and so on are separately nenorized
(st or edaceardingf tenanf enbpdimente ofaltheo present davention owiddht conponent
in the early stage of sound generation and an interval conmponent 15

whi2h iBereinafksenbg desey withhxeferance & FigdfhothitdfSsound of
particul ar loudness. In Fig. 4, reference nuneral 10 generally designates a
di gital signal processing apparatus (DSP) which is provided as an

el ectronic nusical instrunent. This digital signal 20 processi ng
apparatus 10 includes a signal processing section 11 and a register random
access nenory (RAM 12. O sound data from various kinds of sound sources
stored in the ROM 1, a desired sound data is transferred through the signal
processing section 11 to an external RAM 14 under the 25 control of a
central processing unit. (CPU) 13. This external RAM 14 has a storage
capacity of, for exanple, 64 kilo bytes and stores therein, in addition to:
t he sound ' .



source data, programof CPU 13 and.del ay data used for reverberation sound
addi tion processing. They are 30 respectively used in a tinme-division
manner upon use. Simlarly, the register RAM 12, which stores various
control data and so on, is nade operable by both of the signal processing
section 11 and the CPU 13 in a tine-divis®on nmanner. 5 The sound
source data read fromthe external RAM 14 is decoded to the original sound

souree data by the BRE&§GAGI 1W-UheOBESPInYS , ahE N it if@;40 fhe -

af ore-nmenti oned BRR encodi ng- pr ocessi ng.ln%' necesslarlg,ijf?ﬁ!eo gégb ed %or i gi nal

sound source datgenendbrgoesevalli ansangément of el RMBoSiLINdhtass 1fhe the

above- nenti oned ADSR-ﬁr,ocessi ng, 'Ei t ch-conversi on processing and the I|ike.
M

The digital audi®*§PBhai"veRtLe esRee¥rdaippd her@inpbekowdi gi t al - t 0- anal og

(DIA) converter 2, i ' Id. oS .COpvent nal o di o signal and
is fed to a speaker ge gghg to FigThg' ﬁhreggg%gren w%f gas%"é‘%zs%?ﬁfogféﬁﬁ of

one enbodi nBnt @hlyheenprgs ¢ROM) Beent a®mn KoMl chetregkabnathe ke ref erence to
Figs. 2 and 3. In this_ enbodi ment, 8 voices of #A #B, ..., #H are
synt hesi zed or ArR¥Yded@ubaidritofelibasapraratafd rInglkhis \fPupgd sounseaROM|

di gital audio si,gn } git al [,Q Sl S of . the respective voices
and the respect il\?egéﬁnadnr?-egft}g %fr'e ftggn%ﬁ%%'nhg%itﬁé- Hpbﬁr}%i%ﬁ E‘ﬁ'?ﬁfé‘rt.edl n

order to gain afirent edrisudensdidvadi PEs®Of urleh®sPa s GitaMSN reebradd @@l Nary
hardwares of the same arrangenment are prepared for each 25 vol ce and
each channel inmppgsgnqg Brfloe, are reduced in bit rate to, for example, 4

W 10 . bits (i.e. BRR-encoded) and stored in block. 1In this
embodiment, musical instrument tones such as tone of piano
and so on are separately memorized (stored) in the form of a
non-interval component called a formant component in the
early stage of sound generation and an interval component

15 which is a fundameptal frequency signal of one cycle amount
of sound of particular loudness.

In Fig. 4, reference numeral 10 generally designates a
digital signal processing apparatus (DSP) which is provided
as an electronic musical instrument. This digital signal

20 processing apparatus 10 includes a signal processing section

Kbg 1l and a register random access memory (RAM) 12. Of sound
data from various kinds of sound sources stored in the ROM
l, a desired sound data is transferred through the signal
processing section 11 to an external RAM 14 under the

25 control of a central processing unit (CPU) 13. This

external RAM 14 has a storage capécity of, for example, 64
kilo bytes and stofes-thereih, in addition to the sound
source data, program of CPU 13 and delay data used for
reverberation sound addition processing. They are

30 respectively used in a time-division manner upon use.



13

In Fig. 2 (formed of Figs. 2A and 2B to permt a use of a'suitably |arge

scale), reference nunerals 20A, 20B, ..., 20H respectively designate signal
processi ng sections for voices #A, #B, ...,#H These signal processing 30
sections 20A, 20B, ..., 20H are each supplied with desired 10 sound

source data which are read froma sound source data storage section 14V in
response to sound source selecting fata SRCa to SRCh supplied to a terni nal
15 .of the external RAM 14. In this enbodi nent, the sound source data -
storage 5 gj hon J4V Wolp] i.ernal M.14 in which
there are \/\?Jl'“t?itq g%h?heth;éoagg?i%}?ggﬁdg?hqgﬁght teér%‘r;o‘ggrga’%uﬁaf%" 3°Yt he CPU 13.
I n this enbdeiarent, savven bssmaikl opagablaTbgt bétined, thaddpaadent |y stored in

t he sound source ROM1 in the form 10 of non-internal conponent and the

i nterval cORRSTERLNI HELLLPrdFREdtheLEY &4 ime kdRerdivdsian conponent is
supplied taoydhe,signal processing portion 20A of the voice #A. \Wereas, the
data of the Interval conponent is supplied to the signal processing

secti o8s 20B t oTRe@Hsmindosberce/ datasrddd fromnelny ekeOinl rAfi Loty 0l data
which will be explained |ater. The sound source data supplied to the signal’
processi ng 485OGeEntedhe erigifRli sauR sAYgRe Lada brhteBRR to a BRR decoder
21, in which dis;i.S_ - 1y a8 SEI aboye and is fed through a
buf fer RAM cEZIEch’t 3hg %ﬁ%ﬁgg’gﬁ\%ﬁg Pngs 2‘#089% rhcouil%g X2 -CreTREN R En [err] is
opened and/BRR ehoséthg-proesgminge t Df Qutieshrylaithe Kadbdde@yoIYimad KOF (key

OFF) supplied thereto fromthe regi ster RAM 12 (see Fig. 4)
sound source data undergoeés various data processings such as

10 the above-mentioned ADSR-processing, pitch-conversion A
. processiﬁg and the like. The digital audio signal thus

processed is supplied td_a digital-to-analog (D/A) cdnverter
2, in which it is cohverted tb an analog audio signal and is
fed to a speaker 3. ' |

15 The arrangement of a main component of one. embodiment
of the present invention will be explained ﬁith reference to
Figs. 2 and 3.

In this embodiment, 8 voices of #A,.#B, cesr #H are

synthesized or mixed and outputted as left and right-two

20 channel digital audio signals. The digital aﬁdio signals
of the respective voices and the ;espective channels afe
computed in a time-division manner. In order to gain a
better understanding of the present invention, imaginary
hardwares of the same arrangement are prepared for each

25 véice and each channél in Figs. 2 and 3.

In Fig. 2 (formed of Figs. 2A and 2B to permit a use

of a suitably large scale), reference numerals 20A, 20B,
«+or 20H respectively designate signal processing sections
for voices #A, #B, ..., #H. These signal processing

30 sections 20A, 20B, ..., 20H are each supplied with desired



through terminals 31a and 32a. The ,pitch converting circuit 23 is supplied
with pitch control data P(H) and P(L) from 25 the register RAM 12
through a control circuit 24 for conputing paraneters or the |like and a
term nal 33a, and the control circuit 24 is supplied with a signal such as
ot her voice #H through a terninal 34a and a switch [err]. The switch [err]
Is controlled in its connected state in rgsponse 30 to control data FMON
(FMMON) fromthe register RAM 12 through a term nal 35a. The out put of

the pi‘tch converti circuit 23.s supplied to a nultiplier 26 .and the
nul tiplier 26 ?%&"é]gogﬁ% #’%ﬁ %’f?f BERL TR 858%™ aEﬁﬁ’/‘"(‘!‘er?\?(‘a1 Sf)e(?actc?nt rol) and

ADSR ( ADSR- conigddalgel 5868il0AC1 €IS LeEp&HEY 18 Lurgbuisy Bebattingba and 37a,
control circuits 27 and 28 and a change-over switch [err]. The change-over

switch [err] idaeh&RGgdto SROQSsUpRAtednts aspensinalo 16hef ribet extepmalli cant bit
(MSB) of the c rgl 1 dat a ADSR. _Wh a_noise | S a ef f ect
sound source, g&&cﬁt'pu n Jihis; 8’?“%%3545?@?8% SR/#“é hoilcd Mta®Bcdiie

Series nol se generator,

t hough nots shoyketiion €49|dasednitsd @adapéa tdFe tREltdlitlerfdl tHAM D4 txh converting
circuit 23, and is then fed to the multiplier 26. 15 The out put of

the mul tiplierwikich $Shepemand yrithan the senndesomeradate ANddthel tiplier 29I
and 29r, and control gaga H%%h%l t} gound vol une) and control data RVL
(right sound vBF ¥ ffom¢ et 583r RAM 12 are supplied to t he
_rrul tipliers 291 andi2@hi¥i éhbolinemdl ¥hédSamaii¢adenst2Ument edpesfi vely. An
I nst ant aneous val ue QUTX of the output of the )
_ independently stored in the sound source ROM 1 in the form
- 10 of non-internal component and the interval component, are
. reproduced, data of the non-interval component is supplied
to the signal processing portion 20A of the voice #A.
Whereas, the data of the interval component is supplied to
the signal processing sections 20B to 20H of other voices
15 under control of control data which will be explained later.
The sound sdurce data supplied to the signal processing
section 20A is supplied through a switch 8, to a BRR
decoder 21, in which it is data-expanded as set forth above
and is fed through a buffer RAM 22 to a pitch cqnverting
, 20 circuit 23. The switch S1 is opened and/or closed in
A . a
response to control data KON (key ON) and KOF (key OFF)
supplied thereto from the register RAM 12 (see Fig. 4)
through terminals 3la and 32a. The pitch converting circuit
23 is supplied with pitch control data P(H) and P(L) from
25 the register RAM 12 through a control circuit 24 for
computing parameters or the like and a terminal 33a, and the
control circuit 24 is supplied with a signal such as other
voice #H through a terminal 34a and a switch §,,. The
swi£Ch S2a is controlled in its connected state in response

30 to control data FMON (FM ON) from the register RAM 12



multiplier 26 is supplied to the register .RAM 12 through & term nal 41a,
and is also supplied to a term nal 34b of t-he signal processing section
20B. A peak val ue ENVX of the 25 output of the switch [err] is supplied
to the register RAM 12 via a term nal «d42a. Further, an output at the
termnal 4la of the signal processing section 20A is supplied to a
termnal 36b of the signal processing section 20B. Tables 1 and 2 -

i Il ustr gheoltighS aOttetinadl 3%f.a on the register RAM12. . TABLE 1 Addr ews
Regi ster 5 00 LVL 01

RVL 02 The output of tid pitth converting circuit #{ Hs04
Voi ce #A ADSR(1) 05 ADSR(2) 06

ENV 07 supplied to a multiplde® % and the multiplier 2&N& 09
QUTX 10 10 - 19 Voi ce #B 20 ~ 29 Voi ce #C 30 ~ 39 Voi ce #D
5 supplied with control data ENV (envelope-control) and ADSR
(ADSR;control) froﬁ-the register RAM 12 through terminals
36a and 37a, control circuits 27 and 28 and a change-over
switch Sh. The change-ovér switch S;, is changed in position
in response to the most significant bit (MSB) of the control
10 data ADSR. |
When a noise is used as the effect sound source, an
output of, for example, én M-series noise generator, though
not shown, is employed instead of the output Qf the pitch
converting circuit 23, and is then fed to the multiplier 26.
15 The output of the multiplier 26 is commonly supplied
to second and third multiplier 292 and 29r, and control data
LVL (left sound volume) and control data RVL (right sound
volume) from the register RAM iz are supplied to the
multipliers 292 and 29r via terminals 38a and 39a, _
20 respectively. LN
An instantaneouS'value OUTX of the output of the
multiplier 26 is supplied to the register RAM 12 through a
terminal 41la, and is also supplied to a terminal 34b of the
signal processing section 20B. A peak value ENVX of the
25 output of the switch S;, is supplied to the register RAM 12
via a terminal 42a. Further, an output at the terminal 41a

of the signal processing section 20A is supplied to a



40 ~ 49 Voi ce #E 50 ~ 59 Voi ce #F 60 ~69 Voi ce #G 70 ~79

Voi ce #H 15 TABLE 2 Address Regi ster 0C NON 20
1C KOF 2C FMON 3C NON (Noi se ON)
aD MWL(L, R 1D 12 EVL(L, R 2D

EDL 25 3D EFB 4D EON
5D ESA OF ~~7F [err] (Coeffi cients) 30 The control

dat &-0n thetéilﬂ';ﬁai 36D RIECRNe & il aleg% HuEL {h rol data on
the table are commonly preparedTor Vol ces. gI'he control data bel ow the

addr ess OD are aseablesed wnah 22 iheEtrAtR0mEPs GMidkhtrdl dhtdish the

w Il be explained below Each of the registers on the tables 1 and 2 1s of
an 8-bit repeglisterRBRAMra2ng to Fig. 3, there are provided | eft-channel and
ri ght-channel signal processing sections 50L and 50R, respectively. The
out put of the second multiplier 291 of



10 t he signa
mai n adder 51nl of the | eft-channel
t er m nal

The output of the third multipl
adder 51nr of the right-channel
term nal

TLa, and is also fed to a sub-adder

si gnal
51el
ier 29
S|gna\g

processing section 20A of. Fig. 2 is directly supplied to a
processi ng section 50L through a
through a switch [err].
is directly supplied to a main 15
processi ng section 50R through a
TRa and is also supplied to a sub-adder 5ler through a switch

e

[err]. Simlarly, the respective outputs of the signal processing secti'whs
20B to 20H of the voices #B to #HTiéﬁﬁ?ﬁpplled to adders 51m, 5lel 20
and 51nr, 5ler of the |eft-channel i ght - channel signal processing
sections ‘SOL and ehes—-err—ecorresponrdi-rg—to—the sane voices of
bot h signal procesgsin ons 50L anﬁt re-each op¢ned and/or closed
ina 25 ganged relggﬁg%&h response gqgo%trol data EONa (echo-ON),
EO\|b, C ey EONh s pllcu t+heretp—fromtire |tg|aLC| RAM-1 2 thl’OUgh termnal s
61a, 61b, ..., 61h In pgat evept, when the sigRpgl processing of the
above-nentioned ngn-intgival copponent is perf d by|the 30 si gnal
processing section 20A gp the vpice #A, the swpig Is [err] are
controlled so as ot toggl ose, }hereby prevent@qm)a reverberating sound
(echo) from bei ng [addedpgo t he hoyohieeesnal coxparRand. [The out put of the )
mai n adder 51m ig suppbfed to g 5 mul tipli aps®r2)ang a control data ML
(naln sound vol ung) frooethe regi ster RAM 12 i gNwuppliefl to the nultiplier
52 07 SRC
08 ENVX
09 ouTX -
10
10 ~ 19 Voice #B
20 ~ 29 Voice #C
30~ 39 Voice #D
40 ~ 49 Voice #E
50 ~ 59 Voice #F
60 ~ 69 - Voice #G
70 ~ 79 Voice #H
15
TABLE 2
Address Register
o
ocC NON
20 ic KOF
2C FMON
3C NON (Noise ON)
0D MVL(L, R)
1D EVL(L, R)
2D EDL
25 3D EFB
4D EON
5D _ESA
OF ~7F Co~—Cy (Coefficients)

30



via a terminal 62. The output of the nultiplier 52 is supplied to an adder
53. The out put of the sub-adder 5l1lel is supplied through an 10 adder 54,
a |l eft-channel echo control section 14El of the external RAM 14 and a
buffer RAM 55 to a digital | ow pass filte( 56 such as a finite inpulse
response (FIR) filter. The echo control séttion 14El is supplied with
control data ESA (echo start address) and EDL (echo delay) fromthe 15
register RAM 12 through the termnals 63 and 64. In this enbodi nent, the

| eft-channel and ri qﬂg-g&mgxggldéa&hgnc??é rtcgblgegt;pen%g% ﬂedar}gﬁléagq sr eas

provided within the external RAM 14, necessary. speci
shown in Fig. Hoiidee stdrihgecomipadi Bytaform theunabloar age daimmor Dy st orage
section 14V of the external RAM 14 changes with_the sound source to be

enpl oyed. As a RERAFEd Lon fcuticesreaThe 2antrphi 8aa helev dhe 3fdress no sound
ol & o NGy o 0 AU ISR B 90,5000 o0

In that event, e annel "and rrg on

sections 14El andllBErexleifned beliohin Bdvh \GECahé mig@atddy .onStRét addresses
of the echo control sections 14El and 14Er are determ ned by the control
data ESA, and tiPl&folirandoR iRiRfeds Prbithir@gisk®echo control sections 14El

LIS 1 SR LS B RSB

30
data EDL. If the a ess i's I'Ci en h anount
will be increased aightehahfeErdighal i ProdesE@nyi ddcthenk suicangdsorief erring

back to Fig. 3, the lowpass filter 56 is.
o respectively. The output of the second multiplier 292 of
&4é 10 the signal processing section 20A of Fig. 2 is directly
supplied to a main adder élmz of the left-channel signal
processing section 50L through a terminal TLa, and is also
fed to a sub-adder 5lef through a switch S4a. The -output of
the third multiplier 29r.is directly supplied to a main
15 adder 5lmr of the right-channel signal processing section
50R'£hrough a terminal TRa and is aléo supplied to a
.sub-adder 5ler through a switch_SSa. Similarly, the
respective odtputs of the signal processing sections 20B fo
20H of the voices #B to #H are supplied to adders 51lmf%, Slef
20 and 5lmr, 5ler of the left-channel and right-channel signal
processing sections 50L and 50R.

Switches S4ar S5a7 Sgpr Sgpr eeor Spnr Sgpe
corresponding to the same voices of both signal processing
sections 50L and 50R are each opened and/or closed in a

25 ganged relation in response to control data EONa (echo-ON), -
EONb, ..., EONh supplied thereto from the regiéter RAM 12
through terminals 6la, 6b, ..., 61h.

In that event, when the signal processing of the

above-mentioned non-~interval component is performed by the

30 signal processing section 20A of the voice #A, the switches



supplied with coefficient data [err] fromthe register 5° RAM 12 t hrough
a termnal 66. The output of the lowpass filter 56 is fed through a

mul tiplier 57 back to the adder 54, and is also supplied to a multiplier
58. The multipliers 57 and 58 are supplied with control data EFB (echo

f eedback) and EVL (echo sound vol unme) f¥emthe 10 regi ster RAM 12

through termnals 67 and 68, respectively. The output of the multiplier &8
is.supplied to the adder 53, in which it is mxed to. the output of the
mai n adder S3anf"9 Hiseudhe 998t reAkedhEPeRs 3L adekare nEREEDIUt put i s

delivered tfr ; OVEle d Lige t Ut Pulagbgred nal 15
Lout. The xtegrgﬁ%%lvggaezfé?gg% 13&%% (ﬁ-‘?’g’ roq(é'l;r?g?{,fute one portion of
t he ext er nalheRAbMhdihtetvii Gomposenti.l arly to the external RAM 14V of Fig. 2

so that the signals are |nputted and/Qr outputted fpﬁr gach voi ce and each
channel in 20 The qutREt KL theprifaAfder Simh iR FUPRIABI R Rer RAM 22 of

Fig. 2gand ffig; '52RAMPR Qbntidl adea ®riR!(RQ1PRRuRBESFolvRed i Me-division
mannerssi m‘+d(}r flgygésreéezs'crlfgdga%ove. The operation of one enbodi nent of the
present i nvirum @he Wwddisber ®anl 22 niexd shpprkiedftioethe Multiplier 5Zhe sound

source data storage section 14V stores therein_sound source data of various
nusi cal i nsY¥ufefEEningdnéds FraRPtRI%xBhote ™Y RHRYIETaRH Yhe like. In this-

Chre Lo RBYEEE LS ey, pouce dals AT asslone TS 0! 247
pi ano and the |iTke euitpust of athe sub“adder 5lef is supplied through an _
10 adder 54, a left—channel echo control section 14E2 of the \QJ
external RAM 14 and a buffer RAM 55 to a digital low-pass |
filter 56 such as a finite impulse response (FIR) filter.
The echo control section 14EZ is supplied with control data
ESA (echo start address) and EDLn(echo delay) from tﬁe
15 - register RAM 12 through the terminals 63 and 64.

In this embodiment, the left-channel and right-channel
echo control sections 14EL and 14Er are provided within the
external RAM 14, if necessary. More specifically, as shown
in Fig. 5, the storage capacity of a sound source data

20 storgge section 14V of the external RAM 14 changes with the
sound source to be employed; As a result, a vacant area 1432
in which there are stored no sound source data and control
data is produced depending on the using condition. In that
event, the left-channel and right-channel echo control

25 sections 14E2 and 14Er are set within-the vacant area 143%.
Start addresses of the echo control sections 14Ef and 1l4Er
are determined by the control data ESA, and the amount of
address in which the echo control sections 14Ef and 14Er
follow from the star£ addresé is:determined'by the control

30 data EDL, If the address amount is sufficient, then the



in the storage section 14V so as to .have nunbers different fromthose of
the non-interval conponent and the interval conponent. 8 sound source data,
sel ected by the sound source selecting data SRCa to SRCh are processed by
the 5 si gnal processing sections 20A to 20H of respective voices in a
time-division manner. In this enmbodinent, a sanpling frequency fs is

sel ected to be, for exanple, 44.1 kHz and coHputlng processi ngs of, for
exampke, 128 cycles in total- are performed in 8 voices 10 and 2 channel s
wi thin ene sanpling cycle (1/fs). One conputing cycle is, for exanple, 170
nanoseconds. | ndebhag amdmndlmtmn.beunh¢ﬂ@hsbheaﬁu(Hhﬁaf§Véuthatiéﬂltﬂﬂ@ tches
Sla to Slh |nd|cat|ng the sound start (key ON) and sound stop (key OFF) of
respective voi c¥#dlirke dofeerareded by 15 use of different flags - I'n other

words, the control diﬁtt%ég (bka%\k Q\DE£1§ aﬁgql?é li%Y:— Fg fal:ht ’épar glstlvely

prepared. Both contr ita’are 8p TEh

regi sters, and bupﬁl:[ﬁ’ rw]ltafcmlacggm rd@k-_ade& acdzgzrggg‘prmetpe&%\éeg\l and key
OFF of each of the voices #A to #H 20 refore, the user (nusical

sof t war e prfi)duc@iﬁ)i %f@epghlaagermmﬁnﬁ-u nTlmé’ut*BWéé’ﬁ/\ﬁhehl?Vh@a%er want s

to key ON or ke IS h r.some- work
for making a pr m I'n \hh c?‘ud %P‘trgﬁlg E#élréﬁ Wel?/ae%?‘ytg %ﬁ/l ﬁﬁf nmusi cal
note, are termosatliﬁa Wsi b6 upplied to abﬂﬁﬁblﬁe_ﬂlﬁ £Lrohén this

enbodi ment, when the sound source data, separated in the form of

"non-i nt erval conpbh@itl%iﬁdﬂ randy §8 a@)rﬁpsnbiﬂd vith ‘F%‘t#rfeélu@%@ EFBe
DLV COTRERS NostBAc] SobChfy (LS YatiRp s e o1 o)

10 register RAM 12 through terminals 67 and 68, respect;vely.

l The output of the multiplier 58 is supplied to the adder 53,
in which it is mixed to-the output of the main adder Slml
through the multiplier-sz, and the mixed output is delivered
through an over-sampling filter 59 to an output terminal

15 Lout.

The external RAMs 14ER and 14Er of Fig. 3 constitute
one portion of the external RAM 14 of Fig. 4 similarly to
the external RAM 14V of Fig. 2 so that the signals are
inputted and/or outputted for each voice and each channel in

N 20 a time-diviéion manner. Further, the buffer RAM 22 of Fig.
2 and the buffer RAM 55 of Fig. 3 are also operated in a
~ time-division manner similarly as described above.

The operation of one embodiment of the present
invention will be explained hereinafter.

25 - The sound source data storage section 14V stores
therein sound source data of various musical instruments
such as piano, saxphone, cymbals and the like. In this
case, the above-mentioned sound source data are assigned
humbers 0 to 255, while sound source data having the

30 non-interval component such as piano and the like are stored



controlled to process the non-interval conponent a in the voice #A as shown
in Fig. 6A When the data of the non-interval conmponent a are fully read
fromthe RAM 14V, data of one cycle of the succeeding interval conponent is
5 repeatedly read, and one of the switches [err] of any one of vacant
signal processing sections 20B to 20H of voices #B to #H is controlled to
signal-process the interval conponent of _any one of the voices #B to #H"
Assum ng that the signal processing sectfon 20B of voice #B is vacant, Y
then the interval conponent b succeeding to the non-interval conponent a

wll be si I 9cHseed shheq & anal .p [ secti.op.20B _as-shown in
Fig. 6B. lgﬂf‘%g? event%",g ?%wetl}oﬁt éﬂ/%% cl?grrfogﬁga?{? E‘gnl‘bserc?oﬁ\l/gfr??g‘tto data of a
pr edet er m nExdmpthede f the rmuntdhtenraicebinpeheditr 844 tthe3 indbrval When
sounds of different |oudnesses derived fromthe sanme mnusical instrunent are
repr oduced POPRRCBYer BaSPERA SSUREE HAtRe EREEGHES| byl the &CPB%ent t one for med

of the non-&i‘%{tg?v%%&&hqggnggga §Rendtc'lt t&ggi nf er \é?kﬁggsrg%og)gnghg S reproduced,- |

as shown in e non-intetfva onhe Simlar to the
non- i niser vasighadppradissi ng Ss¢adddné r20n tthe2RAMEL 4¥spedtd viesvpitaazessed by t he
signal - processing section 20A of the voice #A. In that event, the interval
conponent bin & Faparpivisdendanngy -t he signal processing section 20B of the.

voi ce #B so that, a,j I s eQpope '..su din 25
non-i nt erval COI’H)]OFIién E\éfil“\]églhi:rﬁ;pr dcgségem(#lﬁyatﬁée%s%ﬁﬁﬁgl Es(|;r3‘(?§;cé"gls(lea:ﬁ’{g}%sect i on of

ot her vacantowd,C&or f@tampiappiel khe &idrRshpRHiAREpsbEOsAngEi o, 20C of voic
#C as shown in Fig. 6C. In that case, the interval conponent b' is '

converted t EOREXAAPLEy A28 CHPHAfe AR HPYHle2ERt PEuEoRmeRein B ¥P¥3FS component
10 and 2 channels within one.sampling cycle (1/fs). One

computing cycle is, for example, 170 nénoseconds.
In this embodiment, unlike the ordinary operation.
switches S,, to Sy indicating the sound start (key ON) and
sound stop (key OFF) of respective voices are controlled by
15 use of different -flags. In other words, the control data
KON (key bN) and KOF (key OFF) are respectively prepared.
Both control data are 8 bits and are written in separate
registers, and bits D, to Dy of each control data correspond
to key ON and key OFF of each of the voices #A to #H. _
20 Therefore, the user (musical software producer) may set o/
flag "1* oﬁly.in the voice which the user wants to key ON or
key OFF, so that the user is free from such a cumbersome.
work for making a program in which bits, not changed at
every individual musical note, are temporarily written in a
25 buffer register.- S ’ -
In this embodimeht, wvhen the.sound source data,
separated in the form of non-interval component and‘
interval—-component, are reproduced, the non-interval
ébmponent data is read from the RAM 14V and the switch §;,

30 of the signal processing section 20A of the voice #A is



>

30 b by the pitch converting circuit 23. Then, respective sounds are
added by the main adders 51m and 51nr or sub-adders 5lel and 5ler of the

| ef t - channel and right-channel signal processing sections 50L and 50R and
are reproduced as a double sound. 5 I n thi-s enmbodi nent, 8 voices of
#A to #H are processed in a tinme-division manner so that the pitch
converting circuit 23 perforns the interp ation conputing, i.e. -
over=ganpling on the basis of input data o precedi ng and succeedi ng 4
sanpl es, thus the pitch conversion being 10 - perforned at the sane
sanpling frequegsNtfs1128 t6Prdeess dHy nbheidtuwial dddnponthe £1a% kgd pitch is
expressed by the control data P(H) and P(L). If the lower stgnificant bit
of the control deice MA psishownl dutRiy.t 6Abe Fhed, theedatiat ofii the be possible

to avoid 15 t hat, t.he r olat on dat e ircegul ar ed and
rermxe:j. Thus, P?"l’sntﬁ6¥|§ b‘f°é-'P Beﬁ & Yok P‘P%Y Iﬁée u°§"oﬁlr'% %ﬂ ﬁigh qual ity
which is free fEQE’A\éfH? gaglevwra;é %ce@emgcﬁntm amp&wnrtchs[err] i's

cl osed by the contr fromthe termnal 35a, then the audio

si gnal dat& of , répeat@@ly readwphd, oneiofethe] swikgbes &y, dot tofr enynal 34a,
is added to the pitch control UdIO si gnal

P nd P
of voice #A is PP%q%é’@faﬁ’bcﬁ}igé‘f“igpm(ﬂ%)ssgﬁLfse(‘:IE%f’n%Bngé n si gnal has
a very l OW f reqU?{'ﬁe » £bOfg e%am&oli%l!ei@'s %ﬁﬁi-zprécléﬁB the 1@@%&'{[ ed
9|V ul

si gnal en vi brato. the no ation signal has an
audi bl e or | ow tomporesnty of t &rgn onbeof d:ﬂne yoitas W#Botot#ib rapswungethastound of
t he nodul at ed SI nal w || be changed.

xﬁ{ _ _ e signal processing section 20B of voice #B is vacant,

1o then the interval component b succeeding to the non-interval
I component a will be signal-processed by the signal
processing section 20B as-shown in Fig. 6B. In that event,
the interval component b is converted to data of a
predetermined pitch by‘thé pitch converting circuit 23.

15 When sounds -of different loudnesses derived from the
same musical instrument are reproduced as an overlapped
sound while the musical instrument tone formed of the
non-interval component a and the interval component b is
reproduced, as shown in Fig. 6A, the non-interval component

in 20 a' similar to the non-interval component g is read from the
RAM 14V, and is processed by the signal processing section
20A of the voice #A. 1In that event, the interval component
b is being processed by the signal processing section ZOB.of
the voice #B so that a interval component b' succeeding to

25 the hon;interval component a' is processed by the signal
processing section of other vacant voice, for example, the
signal processing section 20C of voice #C as shown in Fig.
6C. In that case, the interval component b' is converted to
an interval component'different from the interval component

30 b by the pitch converting circuit 23. Then, respective



Therefore, an FM sound source is provided by the sanpler system w thout
provi ding a sound source exclusively for 30 nodul at i on. The control
data FMON is witten in the register of 8 bits simlarly to the

af ore-nmenti oned data KON, and the respective bits [err] thereof correspond
to the voices #A to #H. I'n the multiplier 26, the |evel of the output
signal of 5 the pitch converting chgcuit 23 is controlled in tinme on the.
basis of the control data ENV on ADSR More specifically, when the VSB Wt

t he control data ADSR j.s. "1" then the switch [err] is connected in the
i 11 ust rat e8P 2§ 38859 By t?‘ﬁe’?%’d}/aﬂ PO iMtgarfemBsSrREcont rol . Wer eas,

when the MR 1Qager®fs1liCaki®Balp! oflalid APBR dhtinnél  addien the switch [err]
i's connected in t%e opposite state in Fig. 2, the envel ope control such as
t he fadi ng figthttblratdidle signgieprocassingrerctitmscAOB| axpd GORt &asd ,are nodes such

as direct designation, straight |ine or polygonal line fade-in and 15
strai ght |iTRPEOAUESD At FAPYe188UB%t can be sel ected by the upper 3 bits

of ‘thegcontrol ggt enFNnybBiddill, §358kcesnBe MLIRNenPEAK pBLUSdS CrP! Oyed

as the’initial val ue of each node. In the ADSR contro e signal level is
rectlineal | yn 20 timeidirizsdsadnamley so thHat ahé guikchecomteraidgi s exponential |y
decreased in the three periods such as decay period, sustain period and -
rel ease per¢bFuithd3 RAFCIBASERS ipkerral@dirh qRamuSdnand ade- out period are

Do el e R AR P Ehe B, e ARRRBRL O recedBRTRLT VA UES
succeeding 4 samples, thus the pitch conversion being ' \,J
10 performed at_the same sampling frequency f£s as that used for
" the input data. The desired pitch is expressed by the
control data P(H) and P(L).
- If the lower significant bit of the control data P(L)
is selected to be zero, then it will be possible to avoid
15 that the interpolation data are irregularly selected and
femoved. Thus, it is possible to obtain a reproduced sound of
high quality which is free from very small vibration in pitch.
When the switch 8,4 is closed by the control data FMON
from the terminal 35a, then the audio signal data of, for
20 example, voice #H, supplied_to the terminal 34a, is added to ' (>
the pitch control data P(H) and P(L), whefeby the audio
signal of voice #A is frequnecﬁ-modulated (FM) .
Thus, if the modulation signal has a very low frequency
of, for example,_several hertz, then the modulated signal
25 will be given vibrato. If the modulation signal has an
audible or low frequency, then the tone quality of the
reproduced sound of the modulated signal will be changed.
Therefore, an FM sound source is provided by the sampler
system without providing a sound source exclusively for

30 modulation. The~control data FMON is written in the



control data ENV. Sinmilarly, the durations of the attack period and the
sustain period are determ ned in response to paraneter val ues designated by
t he upper and | ower 4 bits of the 30 control data ADSR(2). Further, the
sustain | evel and the durations of the decay period and the rel ease
period are deternmined in response to paraneter val ues designated by 2 bits
each of the control data ADSR(1). In thi.s Znbodinent, in order to reduce

t he -nynber of 5 conputation, the signal level-is rectilinearly.increased
in the attack perjod of the ADSR npde. Alternatively, the ADSR node is
switched to thge%’rﬁﬁﬁroﬁg Srtids SRRy gbRAthe pRer e RrAtigneddintas made
correspondi ng { | t ge onential_ fade-out :node is
nmade correspon%?%bhfgﬁ%hgq§3£EE£g§%g§Q5e?Pd%?Q?hEQ%U?F%FHrHEFPGG.ﬁﬁd t he
rel ease peri odtheharicey thecABBR control can be manual ly perfornmed nore
natural ly. When the signal output of the nultiplier 26 and the envel ope
control input are sﬁi‘pﬁgFe‘EPlfhrlBEr??he%t'eFHPn’sﬁVseM?ﬁ ghe outpnl sjpnal coft he

regi ster M 1 r s 1.k ey SRVeL Y. ' .1od. and then a
pl urali ty@(g\f aﬁ%ﬁ ?%cgng?é%%h& h%vﬁégvgé yiédi%?P Ié#%%e%g:ib cﬁlenge g?e fener at ed

fromthe soundbssiy &F €hé acodtrol odatex NP 6n ADSR. S MGy dTdpe 68 idalSy | UNENL, it
beconmes possible to obtain an audio signal of desired 20 envel ope
charact eri st i cWign ftdeeMeB fofp fheheeirodetietaiAPSE AHSR "pathen thel n t he signal

P oo by Y ek B0, AP LonREofla Tndend 1l 18RS MakS ] A5 £7°"
, thereby performing the ADSR control. Whereas, when the MSB
- 10 of the control data ADSR is "0", then the switch S3a is

. connected in the opposite state in Fig. 2, the envelope
control such as the fading and the like is performed.
For the envelop control, 5 modes such as direct -
_ designation, straight line or polygonal line fade-in and
15 straight line or exponential fade-out can be selected by the
~upper 3 bits of the contrel data ENV. In that éase, the
present peak value is employed as the initial value of each
mode. ' '
Iin the ADSR control, the signal level is rectlineaily
s 20 increased only in the attack period and is exponentially :
decreased in the three periods such as decay period, sustain
period and release period.
The durations of the fade-in period and fade-out period
dre properly determined for each mode in response to
25 parameter values designated by the lower 5 bits of the
control data ENV. .
Similarly, the durations of the attack period and the
sustain period are determined in response to parametér
values designated by the upper and lower-4 bits of the

30 control data ADSR(2). Further, the sustain level and the



control data EON ([err]) fromthe termnals 6la to 25 61h, thus the

voi ces to be reverberated being selected. The control data EON are witten
in the 8-bit register as shown in the afore-nentioned table 2. The del ay
times of echoes given to the respective voices fromthe sub-adder 5lel are
designated to be equal in 30 the_J.,eft and right channels in a range of
from for exanple, . 22 0 to 250 nmi‘Tliseconds by the control data EDL :-
supplied to the echo control portion 14El fromthe term nal 64. Furt her ™

the anpli tngagﬁ;ﬂsoo@ftgéﬂ%egafcxggyllgg é..hcgg annepggg [eS determined to

be equal in phase in the left”and 5 e,control dat a

EFB of codddté&rnhined $nppdspedseéotd Ipa:auéteqolva&ueéﬁefsﬁgﬁatém byepm nal 67. The

control data ESA fromthe term nal bﬁéOVldeS t he upper 8 bits of the
starting aBéIF’éses’"(S‘f °f-hEh?)(S’r°PF6ﬂ1LF§§G ROdtrol the echo (reverberation) in
t he external sl The o fid t8h with the
coefficients [err] to %}b mggt(:jédl EH% rtcgm ?ﬁe th(%r %Hlﬁ%é 2’2 wher eby t he
pass- bsand cbapatdidonst tite afighhke Fdvelf ikt oectifihcaXigt @hbt éwdbas@nas to
provide a natural echo sound from an aud|t03¥ sense standpoint. 15

The echo sit§RaftiafksPeRtAd 9€d the ARRSpmPee: ¢ JLERENaRIVELp) i e 88SRi n which it
o T P et 4 b Ren 68N Bho @bl ASAID HE AVERE] e ET L NE

mul tiplied echo signal Ts su 8# it is added
with the nEadeaininbdei gaahadmlcohre@omdhhgpdo etlevattadkhpelfbod angontrol data

ML by the nultiplier 52. The control data ML
the exponential fade-out mode is made corresponding to the
10 decay period, the sustain period and the release period, et
. whereby the ADSR control can be manually performed more
naturally.
When the signal output of the_multiﬁlier 26 and the
envelope control input are supplied from the terminals 4la
15 and 42a to the register RAM 12, and are rewritten at every
sampling period and then a plurality of audio signals each
having very different pitches are generated from the sound
source data of, for example, the same musical instrument, it
becomes possible to obtain an audio signal of desired
20 envelope characteristic different from the predetermined
ADSR pattern.
In the signal processing sections 50L and SOR of Fig.
3, the switchs S, , Sg,: to S;,, Sg, are each closed by the
¢ontrol data EON (E:ONa to EONy) from the terminals 6la to
25 61h, thus the voices to be reverberated being selected. The
control data EON are written in'the 8-bit register as shown
in the afore-mentioned table 2.
The delay times of echoes given to the respective
voices from the sub-adder 5le! are-designated to be equal in .

30 the left and right,chanhels in a range of from, for example,



and EVL are 8 bits without codes and are nutually independent from each
other. They are al so i ndependent in respect to the left and right channels.
Therefore, the main audi o signal and the echo signal 25 can be

i ndependently | evel -controlled whereby a reproduced sound field is given-
full of presence as if the listeners wepe.in the original acoustic space.
According to the electronic nusical instrument of this enbodi nent, the
non-4~ht.erval conponent as the fornmant 30 . conponent is signal-processed
by the signal praee250 milliseemidsoby2tie afontb6l Vdxtae EBY Supp1tibe éqt erval
conmponent is signal -processed by any one of the vacant signal processing
sections 20B td&F Hcg‘P IR rObi RALioR MEY frophthehernivak d4nd of nusi cal

netTATEn 020 g Bk WSSOl PLLYo B Sne pHRARITLE ity o

i ncludi ng the non-i1nterv nponen seven erlap

at maxi num Corshgesnis \Getasmiydaoepe idualais aeasahehete M@EEESiPf t he
non-interval conponent and the interval conponent are assigned to each

sound, nuch noridoht ERTELEDE died centr e daba EFE ofr cededd bytshe use of
| ess voi ces. F%u%gﬂed AGF ehel tﬁﬁ%gg%%fﬂgg! Wé‘tt’erﬁ’gﬁée}stsspe reverberati on

sound addi ng procCessing Is pertor y thé signal p Ag sections 50L

and 50R, the digitaffthaudingérsi giadtla ESA dEdony €He Dy rin1RaliSE3 Yrobiges/apant area
of the 15 external RAM 14 which is used to store sound source data.

Theref ore, the WREErHNiRARE 1the staptinefeddcesy @ify thei portddnavska ite RAM

excl usively use | ayi he di gital audiaqg,.signal econes, usel ess.
Thpref ore, the ‘%ﬁ}g?él gtﬁugenéf:ﬂg &:e_%erf:weqrata.}Lon(gl in the xge:‘:nal?l %RM 14,

A 10 The FIR filter 56 is supplied with the coefficients C0

to C, of coded 8 bits from the terminal 66, whereby the
pass-band characteristic of the FIR filter 56 is determined
so as to provide a natural echo sound from an auditory sense
standpoint.

15 The echo signal thus obtained is supplied to the
multiplier 58, in which it is multiplied with the control
data EVL from the terﬁinal 68. .Then, the multiplied echo
signal is supplied to the adder 53, in which it is added
with the main audio signal which is multiplied with the

20 control data MVL by the multiplier 52. The control data MVL
and EVL are 8 bits without codes and are mutually
independent frbm each other. They are also independent in
respect to the left and right channels. '~

?herefore, the main audio signal and the echo signal

25 can be independently level-controlled, whereby a reproduced
sound field is given full of presence as if the listeners
were in the original acoustic spaée.

According to the electronic musical instrument. of this
embodiment, the non-interval component as the formant

30 component is signal-processed by the Signal processing



generating apparatus of this enbodi mrent can be produced by 20 the | ess
menories and the circuit arrangenent thereof can be sinplified. It is to be
noted that the storage capacity, which can be determ ned by the

del ay- processi ng echo control sections 14El and 14Er, is reduced in
accordance wth the increase of 25 .14® storage capacity.of the sound
source data storage section 14V. This di sadvantage can be renoved by ;l
considering the total storage capacity of the sound source data storage

section 14Gaid chngo#Ti0heN4idk 385 Rhe Lo IRY ddifontRy 0t exceed the

total storage capacity o ext erna en nusical software
to be storesignalt-peocessedubyl anyubse ¢0¢he vacamnsigndlipdcessihg 7 shows the
arrangenment of the conputing section associated with the addi ng process of

echo. | n Figpctions XeB e 2QH of theupifiesy B ote HEsewhersbygshe3 and 4 are
ked 5 .10 _fh t d I bed i
Gotar 1 rer3ind of usSE ELGGREESANbe BEFFALE, BRGIIGLTR,CDSD ! POd 11

suppl i &d Wi te Gamplés stunthsodndel hcRANINGSthe chon-fatédvalegi ster 85 through -
a bus line 72. This nultiplier 71 is_ 10 al so sugplie‘d with the output of
the regi st eponpepend of SSYSR everdappedicsornds Imd yeipes ak mawtmupyl tiplier 71

I's supplied | ste ng. Qf. reqgkst,er 82 is g
comonl y su%%ﬁ%&gflﬁ?}g'u%% g?lﬁ%avree?f ﬁbévtb% %Htggtu}ée%ea%g@%ﬁeesvg t"shnel fter 84 to
the YO regi adrerinterval [cmpbnémtgiandeth8G ntedval [cdmppndit arer egi ster 87. The

output of the register 85 is supplied through. the bus line 72 to the
nul tiplier y9signedote¢asbgsound, much more multiplexed sound can be

10  reproduced by the use of less voices. ~
. Further, according to this embodiment{ when the
revérberation sound adding processing is performed by the
signal procéssing sections S0L and 50R, the digital audio
‘'signal is delayed by the use of the vacant area of the
15 external RAM 14 which is used to store sound source data.
Therefore, the external RAM 14 is more effectively utilized
and the RAM, exclusively used for delaying the digital audio
signal, becomes useless. Therefore, the audio signal
generating apparatus of this embodiment can be produced by
20 the less memories and the éircuit arrangement thereof can be g;)
simplified. -
It is to-be noted that the storage capacity, which can
be determined by the delay-processing echo control sections
I4E2 ahd 14Er, is reduced in accordance with the increase of
25 the storage capacity_of the souhd.SQurce data storage
section 14V. Thié disadvéntage'cén be removed by _
considering the total storage.capaciﬁy of the sound source
data storage section 14V and the echo control sections 14E&L
and 14Er may not exéeed the total storage capacity of the

30 external RAM 14 when musical software to be stored in the



above. An output of the register 86.is delivered to the outside. The out put
of the register 87 is supplied to the buffer RAM 55, and is also comonly
supplied through a [err] 20 register 88 to the register RAM 12 and t he
external RAM 14. The operation of the main portion showm in Fig. 7 will be
expl ai ned bel ow. When the sound volunme of ke | eft thannel of, for exanple,
voice #A is controlled, a |left sound volune control 25 coefficient [LVL]
fromthé regist n | I omthe [err] register 85 are
mul ti pI i ed V\nthegeagﬁ%é%ecr% g()ﬁ 3 ?’N%ci‘gfgél When t he-sound .vol une of

t he right channel i srtontr @hbvwl th@ &t plrigement dof/ dheneommitting| sextdfohi ci ent
[RVL] fromthe register RAM 12 and signal data 30 Xe fromthe %err
regi ster 85 are aRSPEipreHikht the20A1ing I*PéPcﬁﬁs of eglom, i Blger? 71ikqhe
conmputi ng seque a 5 y I b n 1,QnS nd (4) xe
[LVL] + [err] Sr})%(?:%s E@r:ﬁ@é@ Fé@ﬁdt? fﬁeérA% l%or thgr Q%%ggg %ﬁec?a#H t he

sound vol ungs ofyittheth&fdamdndef ér@nes it ¢her 8f cx eC ABEA QldteBesSasddrabby as
descri bed above. According to this enbodinent, the follow ng conputation 10

is further perfdrrrréét?hlorder to add the reverberation sound to the digital
audi o signal. Wen tgﬂ nai.n s rrt f. al kﬁ% hannel s
are controlled, the fer%%ﬁn ﬁg' q%ﬁF% coe |C|enQiF ﬁ romt he
regi ster RAM 12 afidnt D8 &Sip@22bd with outputs of the buffer RAM 55 and a ¥
register 85 through a bus line 72. This multiplier 71 is

0

&MZ 10 also supplied with the ouﬁput of the registe; RAM 12 through
T " a bus line 73. The output of the-multiplier 71 is supplied
to a C register 82, and the output of the C register 82 is
commonly supplied through an overflow limiter 83 and a lével
shifter 84 to the Y, register 85, a Y; register 86 and a Y,
15 register 87. The output of the register 85 is supplied
through the bus line 72 to the multiplier 71 as deséribed
above. An output of the register 86 is delivered to the
outside. The output of.the register 87 is supplied to the
buffer RAM 55, and is also commonly supplied through a Z4
20 registgr 88 to the register RAM 12 and the external RAM.14.
(Y _ The operation of the main portion shown in Fig. 7 will
be explained below. B |
When the sound volume of the left channel of, for
example. voice #A is controlled, a left sound volume éontrol
25 coefficient [LVL] from the register RAM_12 and signal data
xe from the Yo register 85 are multiplied with each other by
the mﬁltiplier 71. when the souné volume of the right
channel is controlled, a right sound volume control
coefficient [RVL] from the register RAM 12 and signal data

30 xe from the ¥, register 85 are multiplied with each other by -



15 data [err], expressed by the equations (3) and (4) and derived from
the [err] register 85, are multiplied by the multiplier 71. The resulting
multiplied result is tenporarily stored in the register 82. Wen on the

ot her hand the sub-sound vol uires of the 20 | eft and right channels are
controlled, the audio data [err] and [erg$ of the voices to be selectively
added with echoes are processed by the |low pass filter as descri bed 7
herei nbefore. Then, the thus processed audio data [err] and [err] are
respectivel yhaumblpiprikrwzih an echo feedback 25 coefficient [EFB],
added with the selected audio data [err] and [err] and are then fed to the
external nenori e¥he/EImpaking AeQuepgeh are ¢8PELssedehy thee folliowindat a [err]

t hus processg €,4,0 ass filter are multiplied with the echo sound
vol ume 30 e%‘@% ‘r’%? d) %IPB e

coefticient [EVL] and are added with the
af ore-nmenti oned wei-nisaund x0 yne, #a. The conpytattdns as descri bed above
are expressed by the follow equaltons (5) and (8). [err] 10 The

r esul ts5_corrput ed*By Il ubgj.ans+&6) and (8)--ar-e_-suﬁ)ﬁl ied to in the buffer
RAM 55 via tg %‘Eﬁé?tnxg@[icﬁl P 3 98 Sl Eﬁ&‘-viq‘bﬁggks éé‘%@?f&ﬁ”t ' nvent | on

e
is applied to the sanpl’e sound sogr&e as ‘descri above, [iT15s needless to
say that 15 and thghr&sdnbls MRNtbALr ARSI mIIArAR! Xs a¥ckesed 0 desired

sound sources. As described above in detail, the echo signal del ay
above.
According to this embodiment, the following computation
10 is further performed in order to add the reverberation sound A
to the digital audio signal. '
When the main sound volumes of the left and right
channels are controlled, the main sound Qolume control
coefficient [MVL) from theé register RAﬁ 12 ahd the signal
15 ~data X; and xp, expressed by the equations (3) and (4) and o
derived from the Y, register 85, are multiplied by the
multiplier 71. The resulting multiplied result is
temporarily stored -in the register 82.
When on the other hand the sub-~sound volumes of the
20 ~left and right channels are controlled, the audio data X B \;;
and X, of the voices to be selectively added with echoes
are processed by the low-pass filter as described
hereinbefore. Then, the thus proceésed audio data Yip and
Ypp are respectively multiplied with an echo feedback

25 coefficient [EFB], added with the selected audio data X g i
and Xpp and are then fed to the external memories 14E& and
14Er, respectively. . _
Then, the audio data y;p and ypp thus processed by the
low-pass filter are multiplied Qith the echo sound volume

30 control coefficient [EVL] and are added with the



area is provided in the vacant area.of the menory in which the sound source
data are stored and there is provided neans 20 - for inhibiting the

provi sion of the delay area, whereby the delay area can be prevented from
bei ng i nadvertently provided in the nenory at its area in which the sound
source data are witten. Thus, the menory exgd usively for echo signal
becones unnecessary and the digital audio signal 25 gener ati ng apparat us
can ke provided, which can stably and positively effect the reverberation.
A schemati ¢ bl oc@fcdezmpgrdiioned maig SHupd othmevsdaka.arr angenent of the
conmputing section asgociated wi.th the frequnecy nodul ation (FM_. In Fig. 8,
|i ke parts 30 corf‘b%&?ﬁﬁ?‘f‘?g“t"Bst%sd@sﬁgl?? .ab?vﬁr%r‘?rﬁtxf?éés%dt RYt he sane

references  and tRRrgdordwiRgechdiohe @9sghabes) in detail. In Fig. 8, it
will be seen that the nultiplier 71 is supplied with the outputs of the

regi ster RAM 12 and ghie- iBfBEM Rﬁg/l.zzer%r ough the.bus.J.ing)72. This
multiplier 71 5 1$ al'so supplied wt utputs of ROMs 74 and 75 through
the bus lime 73. An ¥mtpd®Ve} a ROW76S s lsuppl i ed.thraudlya bus line 77 to
an adder 81, and theyout Rt Pl khe-myltiplfier 71 is supplied to the adder
81. The output of tﬁyé'Fad er 81 is supp?l"F'e to the C register 82. The output
of the C 10 regi sygf - 3EFBB -l-sutggl-i—egerhrough the.bus .l itk 77 to the adder
81, and is also commonly suE lied through the overflow [imter 83 and the

| evel shifter 84 to ’Eme’[[EV f regi 5tet ©85,{ the [ert].r.egit8rer 86 and [err]
regi ster 87. The outputs ecredisters B5 and 87 are supplied to the
multiplier 71 via 1§RF t[ﬁ‘féLfn[}scl ines 7% ahd 73, and the output of the

regj ster 860 The results computed by the equations (6) and (8) are

supplied to in the buffer RAM 55 via the register 87 and
stored therein. ‘ |
While the present invention is applied to the sample
sound source as described a;ove, it is needless to say that
15 the present invention can be suitably applied to desired
sound sources. |
As described above in detail, the echo signal delay
area is provided in the vacant area of the memory in which
the sound source data are stored and there is provided means
20 for inhibiting the provision of the delay area, whereby the
delay area can be prevented from being inadvertentiy
provided in the memory at its area in which the sound source
data are written. Thus, the memory exclusively for echo
signal becomes unnecessary and the digital audio signal
25 generating apparatus can be provided, which can stably and
positively effect the reverberation.
A schematic block diagram fo}ming Fig. 8 shows an
arranéement of the computing section associated with the
fréqunecy modulation (FM). 1In Fig. 8, like parts

30 corresponding to those of Fig. 7 are marked with the same



is fed to the outside. The operation of the main portion shown in Fig. 8

w Il be explained below In the case of frequency nodul ati on, assum ng that
[err] 20 is the instantaneous value (OUTX) of the audio signal of
precedi ng voice, for exanple, voice #H, P is the value of pitch indicated
by the P(H and P(L) registers and that £mis the value of pitch indicated

after the frequency nodul ati on, then the conputation for frequency —
nmodul ation 25 - wll be expressed by the followi ng equation (9) Pm = P(Ne+
[err]) references and therefore nded) nbtirb@escepisdinindgddialh SL is the

pitch data (slot_value) on the RAM 22, then a pitch data (sl'ot val ue) of
the next sanplin®® g@G-08rviY Wikt ks meessthpththehpuXthiplder ML 3@ equat i on
(10) SLm_=: Sk: £+ P ; . . Caxu vm (10) The resul tant
SLmis used stug%le%de_r";a{{tg B%roélggu%tog SPétﬁ%g’ﬁﬁﬁ/fz%%r}a %ﬂ% them 76 for pitch
conversion cafpei ARz tMAWRYtEeNREAL NG 1Ne eRPYnudRE g Af, the pitch
converting 5 circuit 23 and its pitch conversion filter coefficient. In

practice, tHE abipruPRyiedquidhcestrnts of RQMs Bdsand 75t berewsgethé FMON, a
coefficient / | s .gengrated from:t /4, and this coefficient [1/2]
is multipli é’héwﬂ’h‘é ts’ﬁe‘ iﬁ%t%‘%?&%e%ﬂ]? g§1"5§egw [&r FYPRIiednEhEouphar of voice #H
10 from bhe g 177r egi &t @@adh 4y, bhe #ad tohgbﬁ@rqf7§ged;rt ; igﬂ%ri plied

ed to eac

result and the constant [1/2] fromthe ROM76 are 'a ot her by
the adder 871 dhefulp)iafd tnttdeneddest 8lval The enppwsEdthy ddaarf el | owi ng

equation (13) L&bﬂ!ﬂe%tgg it ¢ register 82. The output of the C
10 register 82 is supplied through the bus line 77 to the adder Q_f
' 8l, and is also commonly supplied through'the overflow
limiter 83 and the level shifter 84 to the Yo register 35,
the Yl register 86 and Y, register 87. The outputs of the
régisters 85 and 87 are supﬁlied to the multiplier 71 via
15  the bus lines 72 and 73, and the output of the register 86
is fed to the outside.
The operation of the main portion shown in Eig. 8 will
be explained below.
In the case of frequency modulation, assuming that yo'
20 is the instantaneous value (OUTX) of the audio 'signal of
preceding voice, for example, voice #H, P is the Qalue_of
pitch indicated by the P(H) and P (L) registers and that Pm
is the value of pitch indicated after the frequenéy
modulation, then the computation for frequency modulation
25  will be expreséed by the following equation (9)
“Pm = P(1 + §0) Ceenes (9)
Further, assuming that SL is.the pitch data (slot
value) on the RAM 22,_then a. pitch data'(sloﬁ value) of the
next sampling period will be expressed by the following

30 equation (10)




the Y2 register 87 via the Cregister 82. 15 [err] x 1/2 + 1/2
[err] (2 + [err])/2 ..... (11) Then, this internedi ate val ue and
the pitch value P fromthe register RAM 12 are nmultiplied with each other
by the nultiplier 71. The multiplied result and the constant [0] fromthe
ROM 76 are added to each other by the adder 81, 20 and the conputed

val ue expressed by the follow ng equationg(1l2) is witten in the C register
82. R-x (1 + [err])/2 + 0 [err] Pm2 (12) Further, the
slot vatlue SL on the RAM 22 and the coefficient [1/2] fromthe ROM 74 are
multiplied with eachSiag= SLot R by the nultiplier 71. -<Fhe fAMtiplied

result and the conputed val ue, expressed hy.the equatio 12).and.supplied
through the bus Ii ng'h‘ﬁ rFfB#ﬁ%eép'ég"rsstuengﬁ? e ﬁgﬁe r%sga%%aof’fﬁwer by

the adder 81, angletRgy 39dafa @rlRbui F6 HeRPpiesh [d¥nQEBL dhonmtiatich, 82 and
the like to the level shifter 30 84. Is level shifter 84 perforns the

| evel -shifting theopky atenenatofngx the inmtedotsuphithenpiteh canypentingxpressed
by the follow ng equatiqn 3)., through the reagi r 87 ta.the RAM 22. (SL
Xy1/2 + PM%) X%rgfgt-rrzﬁ gﬁ%n:i?ts p:L{:ch gccnvez:s:lr.o f}éﬁeg coef%;c{]eqtf. t he (

i nstant aneous val ue ix?rﬁ:]aceicé,h%hev&&ﬁﬁtiiag_ Ségiedceb Sase aat gs11kan 0 ([err]
> 0) for the nodul ated 'signal as shown in Fig. 9B, then the instantaneous

frequency will be inn ahecdags ofh®MON; 2 Eogff Dient| 1142l isngermriadndous

value [err] is less than O err]. < 0), then the insiantaneous frequency 10
wi |l be decreasddoRsthg &M Hv |ng. this %fgég’c‘?’ftbéﬁ%ﬁdxfe,’““b\ﬁ’é’ldﬁf’put of

th? plurality (ﬂQith the instantaneous value Yo of the signal of voice #H
~ io0 from the Yo register 85 by the multiplier 71._ The
- multiplied result and the constant [1/2] from the ROM 76 are
“added to each other by the adder 81, whereby an intermediate
- value expressed by the following equation (11) is written in
the Y, register 87 via the C register 82.
15 Yo x 1/2 + 1/2 —> (1 + yg)/2 ceees (11)
| Then, this intermediate value and the pitch value P
from the register RAM 12 are multiplied with each other by
the multiplier 71. The multiplied result and the constant
[0] from the ROM 76 are added to each other by the adder 81,
\_ 20 and the computed value expresséd by the following eguation
(12) is written in the C register 82.
Px (14yg/2+0—> Pw/2 ..., (12)
Further, the slot value SL on the RAM 22 Aﬂd the
toefficient [1/2]1 from the ROM 74 are multiplied with each
25 other by the multiplier 71. The multiplied result and the
computed value, expressed by the gquation (12} and supplied
through the bus line 77 from the register.82, are added to
each other by the adder 81, and the added result is supplied
through the register 82 and the like to the level shifter
30 84. This level shifter 84 performs the level-shifting



B

pitch converting nmeans or the anplitude control means is supplied to other
pitch converting neans or anplitude control neans as the control signal so
as to obtain the 15 digital audio signal thus frequency-nodul ated or

anpl i t ude- nodul at ed. Thus, the signal source, exclusively used for
nodul ati on, becones unnecessary so that the digital audio signal generating
apparatus of this enbodi nent can be sigplified in construction. 20 S
Fig. 10 shows an exanple of a synchrorizing circuit, by which the dlgltﬁ$
si gnal processing apparatus (DSP) 10 and the central processing unit (CPU)

13 can writ @pdpheidnodnd/ Dy th@?ébﬁ%ﬁa@ﬁifﬁf@ taheoﬁ?fﬁtﬁ-.r n@'xppé%éeallb%n

ti me-division manner. 25 I's enbodi nent, as shown 1h Fig. 10,
respective lkhe foXeoying eqvatbop (3 antih ronghCiebe 18egisb et ofihaot ehle t 0 t he

ext ernal RAM, 14 |a | atch circuits 10a and 13a and switches 97, 98 and 99.
Mor e speci f ?y, address bus |line, data bus |ine and control bus line of

the DSP 10 are cinechies «3®m/2) throough &fie | atch cirguit¢i¥a to first fixed
contacts 97a, 30 98a and 99a of the bus line change over swi tches 97, 98
and 99.5 Addr ess Hudhej hestaakaneonss vialne ¥nofcohe mdudasion mdgnil t he CPU 13

are connect ed thrqy% ﬁhe |l gtch circuit 13a to_second fixed contacts 97b,
98b and 99b 28f ITFRFERERAR O lde 3 O fop; the modydateds sigRahs shejmbl e )

contacts 97y PEM 3R] OPEH Ghet NERRANCIHESHLFrAduedy 3181 He are connected to
address bus line, data bus |line and control bus line of the external RAM
14. increased as shown in Fig. 9A. If the instantaneous value

Yy is less than 0 (y; < 0), then the instantaneous frequency Q_J

10 will be decreased as shown in Fig. 9C. _' “

. As described above, one output of the_plurélity of
pitch converting means or the amplitude control means is
supplied to other pitch converting means or amplitude
control means as the control signal so as to obtain the-

15 digital audio signal thus frequency-modulated or
amplitude-modulated. Thus, the signal source, exclusiQely
used for modulation, becomes unnecessary so that'the'digital
audio signal generating apparatus of this embodiment can be
simplified in construction. |

20 Fig. 10 shows an example of a synchronizing circuit, by -’
which the digital signal processing apparatus (DSP) 10 and
the central processing unit (CPU) 13 can write data in
and/or read data from the external RAM 14 in a time-division
manner.

25 In this embodiment, as shown in Fig. 10,.respective.bus
lines of the DSP 10 and the CPU 13 are connected to the
external RAM 14 via latch circuits 10a and 13a and switches
97, 98 and 99. More specifically, address bus line, data
bus line and control bus line of the DSP 10 are connected

30 through the latch circuit 1l0a to first fixed contacts 97a,



A frequency signal froman oscillator 91 connected wwth 10 . a quartz
oscillator 91a i's supplied to first and second frequency dividers 92 and
93. A frequency-divided signal fromthe first frequency divider 92 is
supplied to the DSP 10 as a clock signal and is also supplied to a
time-division control circuit 94 as a control clock signal. The switches 15
97, 98 and 99 are- changed in position ip response to a swtching control
signal derived fromthe tinme-division ¢ontrol circuit 94. A tine-division
signal fromthe time-division control circuit 94 is supplied to one input
ternminal of a cAffarRfodEf thebusndine RhANIRCORSK ISHisFRAMP7H r Hinankde CPU

13 i supplied 1 N8aBLLGY lBPYind COILLUcO shSROIBREALOLLES e,

conpar ator 95 det'ects a phase ence Dbet Ween the SW

the switches 97 gxe QPuarsl dreecomediited enEduyhothé MatohlUecirbuidntasupplies its
coi nci dence detected 25 signal to one input term nal of an AND gate 96.
A frequency- di visreond; §ingd ronkacisc9%bedtth RrRdotne@f theichangeSovesr suppli ed

to the otheg input, .termpal  of t%eé ANDM a%)-%. éntou% ut 9§i gnaé?%f t he AND
gate 96 is éupplﬁ"é‘d"cgsst d _&glfll_ 3§_ a ‘2‘[ (é‘l? SPRYRI-S Bm. wand e

operation of theysyheBs Odiiizch8s A7,CYblafd 951 Bre lébnneckbd ltdPaagxdAbAgd Wi th
reference to timng charts formng Figs. 11A to 11D. Let it be assuned that

a clock signal (¥FHing., da¥e buahlime radutertialobusriqecnf ythe extiernplt RaM
frequency si gnal 4Qf the 5 oscillator 91 by the first frequency divider
92, is supplied ¥ the DsP 10. Then, the output signal of the first

: A frequency signal from an oscillator 91 connected with

N 10 a quartz oscillator 9la is supplied to first and second
frequency dividers 92 and 93. A frequency-divided signal
from the first frequency divider 92 is supplied to the DSP
10 as a clock signal -and is also supplied to a time-division
control circuit 94 as a control clock signal. The switches

15 97, 98 and 99 are changed in position in response to a
switching control signal derived from the time-division
control circuit 94.
A time—divisioq signal from the time-division control

circuit 94 is supplied to one input terminal of a comparator

U 20 95 and a machine cycle signal from the CPU 13 is supplied to
the other igput terminal of the comparator 95. The
comparator 95 detects a phase difference between the
switching timing of the switches 97 to 99 and the machine
cycle of the CPU 13, and supplies its coincidence detected

25 signal to one input terminal of an AND gate 96. A

frequency-divided signal from the.second frequency divider
93 is supplied to the other input terminal of the AND gate
96. An output signal of the AND gate 96 is supplied to the
CPU 13 as a clock signal.

30 The operation of the synchronizing circuit of Fig. 10



frequency divider 92 is supplied to the tinme-division control circuit 94,
and this tinme-division control circuit 94 carries out such a

ti me--di vision-control that 8 periods 10 of the output signal fromthe
first frequency divider 92 are taken as one period. Consequently, the
time-division control circuit 94 generates as a tine-division signal a
signal which, as shown in Fig. 11B repgatedly goes to high level and | ow-
| evel .at every 4 periods of the cl ocK signal 15 of the DSP 10. The -

Frequency-di vi.ding_rati cond freq ency djvider 93 is selected to
be four ti n‘% lt hg ?’r‘alalgﬁgym(fi vfﬁ?ﬁﬁer}c g e® #’?’Ffsst tprRififency di vi der

92, wherebyridie seaopyl 1hpequency divider 93 generates a 20 frequency
S|gnal having a frequency of 1/4 of that of the clock signal fromthe DSP
10. This frequebey % deahstumeduphit cal dlockheiddRl (Bigs 1AAk| aitichi gnal as

shown in Fig. C._.ln that even cle of the CPU 13 becones a
si gnal whi eﬁesé‘?\liﬁg%?“} r“r%?ﬁﬂﬁyohﬁgf#wgcnﬁgfhg‘ "‘?‘/?Ec&l‘?/ilgé‘la&nMZEF he sjgnal as
shown isn FigseciliBeor WieByt fife RQWBE SMiduelcPlaividedi 68 | alks eek%{a el gnal .
generating apparatus is ¥urned ON and so on, if the conparator 95 detects

that the tiirre-tdtiewﬁ?drﬂ-mghm &hd owteputaehgmal ®fckhe Siigstl are inverted in
phase, then_the coin dgnce detecte not supplied to the 30

AND gate 96°XEFUERSY BHCR ifgRPP ’sedgﬁﬁpﬂfeed‘lf‘ﬁ'q - sERR 13 fromthe

AND gat e 96cgit¥oliELrculi® 94 hearnd"‘Qﬁfi§ timdCaH AGIonSESA01( Bl fou331C) Of the
CPU 13 |l oses its pul se shown by a broken |ine because the tine-division

si gnal and ¥heamnies meltcyud:te astgmaM:an&mdn#émﬁmﬂ timtplsaperiodaus, the .
nachlly% of the output s1gna1 from the flrst frequegpy divider 92 are | d
taken as one period. Consequentiy, the time—division

control circuit 94 generates as a time-division signal a

signal which, as shown in Fig. 11B repéatédly goes to high

level and low level at every 4 periods of the clock signal
15 of the DSP 10.

The frequency-dividing ratio of the seeond frequency |
diviéer 93 is selected to be four times the
frequency-dividing ratio of the first frequency divider 92,
whereby the second frequency divider 93 éenerates a

20 frequency signal having a frequency of 1/4 of that of the
clock signal from the DSP 10. This frequency signal is
supplied to the CPU 13 as a clock signal as shown in Fig.
11C. 1In that event, the machine cycle of the CPU 13 becomes
d signal which changes in synchronism with the time-division

25 signal as shown in'Fig. 11D. When the power switch of the
digital audio signal generating apparatus is turned ON ana
so on, if the comparator 95 detects that the time-division
signal and the machine cycle signal are inverted in phase,
then the coincidence detected signal is not supplied to the

30 AND gaﬁe 96 so that no clock signal is supplied to the CPU
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5 cycle is noved by half cycle and is placed in a normal condition.
Further, the operation in which data is witten in and/or read out of the
external RAM 14 by the DSP 10 and the CPU 13 in a tine-division manner wl|l
be explained with 10 reference to Figs. 12A to 12G In this enbodi nent,
one access tine of the external RAM 14 is s,eé cted to be about 330
nanoseconds and one nenory access tine of th SP 10 is selected to be
aboyt-.240 nanoseconds. Further, one machine cycle.of the CPU 13 is 15

sel ected to be3saeuh wHeeANDCgareg6Nshymbrabouln JEbenannsissothls dleckne

machi ne cycle are enpl oyed as one rrermrﬁ access tine. Let it be assuned
that the abovesigpali E‘ﬁ@d 316k ipfokhe i GRY 4P 40FeS JitsFPYtse FhgeRH¥afes t he

cl ock si gnal %ibgﬁgoiiéehgﬁpaﬁﬁselghﬁtgu)?nec_ldqggs%,grgqbn_gi e B Ydchignd the

ti me-division 1=7Tn € nor ma ates as shown in Figs. 12A, 12B and
12C. Then, in dyale S¥gnall, ag@cdifrepeny iac phase perlihnd, Mheomathing€PU 13 is
provided in the second half portion of one machine cycle S as shown in Fig.
12D. Then5 25 cyclasisimowedi by fiadf cpele apd &Enpharedcte s 19EPRbds [err] of
the DSP 10 are provided in the first half portion of one nmachine cycle S.
On the ot her H’éﬁ’@,"‘tbﬂ%' access time of the external RAM 14 is about 330

nanoseconds soO thapyr@ferSheN® dgerbtdon 42Cwh3bh datahisewdareasiweriods [err]
each havi ng equal 33 interval are provided in one machine cycle S as
shown in and/or read out of the external RAM 14 by the DSP 10 and the
CPU 13 in a time-division manner will be explained with
\w/ 10 reference to Figs. 12A to 12G. '
. In this embodiment, one access time of the external RAM
14 is selected to be about 330 nanoseconds and one memory
accesé time of the DSP 10 is éelected to benabout 240
nanoseconds. Further, one machine cycle of the CPU 13 is
15 selected to be about one microsecond and about 375
nanoseconds in one machiné cycle are employed as one memory
access time.
Let it be assumed that the above-mentioned
synchronizing circuit of Fig. 10 generates the clock signal
20 of the DSP 10, the clock signal of the CPU 13 and the
time-division signal in the normal states as shown in Figs.
12A, 12B and 12C. Then, in that event, each memory access
period Mc of the CPU 13 is provided in the second half
portién.of one machine cycle S as shown in Fig. 12D. Then,
25 as shown in Fig. 12E, two memory access periods MDl and MD2
of the DSP 10 are provided in the'first half portion of one
machine cycle S.
On the other hand, one access time of the external RAM

14 is about 330 nanoseconds so that, as shown in Fig. 126G,

30 three access periods MDl" Mpo ' and Mo' each having equal



Fig. 12G Wiile the access periods of the DSP 10, CPU 13 and the external
RAM 14 are not coincident as described above, 5 according to this

enbodi ment, the above-nentioned di splacenment of the access periods can be
properly adjusted by the switching control of the switches 97 to 99 by the
time-division control circuit 94 and the latch operations of the latch _
circuits 10a and 13a. To be nore @crete, the 10 time-division cogjrol
circuit 94 generates such a switching control signal shown in Fig. 12F that

oh the basisepéal el bitided! Bl YheShd ih Fig 12C_the novabl e
contacts é?nf d%n1aﬁdb99#|of t he gﬁ#tc é§§3%?95§p§ﬁdg§ L8 connected to
t he first Figxele@ontacts 97a, 98a and 99a during the 15 first access

period [err] and the second access period errl of the external RAM 14 and
that the novabVelleofhacdesessnpeifdsanl then te CPHi 12 and ghe 08 and 99

t d.fi t 8h, apd 99b during th
Thi 1 acooeiachdl HR IFARULRL PAGEIREAL e WBoe 8 BBRYS o tho 20 Dop

10 i ssadapicedritnd1@odehie enbpathentsURRkI ssbvchmeneibdelde bus |ines during the
first access period [err] of the DSP 10 until the first access period [err]
of the extdspiprceueut]of|thepgeass RaFirds taro badppered lyoadistethe signal s

supplied thr h the.bus l|ines,duri.ng the seco access period MD2 of 25
the DSP 10% P ?‘F.J’g“’gé’c‘%ncc?“&éc?és%f B:é‘r%i 8‘81?‘2‘}% ggft? 98 By Hhal RAM 14 | S
ended. |n dineeadyiBivacEontl kateliCionCHRd thin160a0ekedeishd Bg CPU 13 is
adapted to hold the signals supplied through the bus lines during the

access perthsd lpgeh |ciglouite JO0RUang 1aw.i | Tehke mivredcarsress, perd od [err] of \g)
the %.)6'[ er -ni?il.mel?—%g/lv%sd'igns chrlli(;jreo . ciIQgitl %tl}c Geggfartaetsi' gﬂgh OaT sgrggching
" control signal shown in Fig. 12F that on the basis of the
time-division signal shown in Fig. 12C, the movable contacts
97m, 98m and 99m of the switches 97, 98 and 99 are connected
to the first fixed contacts 97a, 98a and 99a during the
15  first access period Mj,' and the second access period My,
of the external RAM 14 and that the movable contacts 97m,
98m and 99m of the switches 97, 98 and 99 are connected to
the second fixed contacts 97b, 98b and 99b during the third
access period M.'., The latch circuit 10a connected to the
20 DSP 10 is adapted to hold the signals supplied through the Q_i
bus lines during the first access period MDl of the DSP 10
until the first access period MDll of the external RAM 14 is
ended, and is also adapted to hold the signals supplied
through the bus lines during the second access period My, of
25 the DSP 10 till the second access periogd Mp;' of the
external RAM 14 is ended. 1In likg a manner, the latch
circuit 13a connected to the CPU 13 is adapted to hold the
éignals supplied through the bus lines during the access
period M, of the CPU 13 until the third access period My' of
30 the external RAM 14 is ended. The latch operations of the
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latch circuits 10a and 13a are controlled by, for exanple, the CPU 13. As
descri bed above, the DSP 10 and the CPU 13 can share the single external
RAM 14 in a time-division manner, 5 wherebyathe external RAM 14 can be
utilized nore effectively. Thus, the external RAM 14 for processing the
data of the DSP 10 and the CPU 13 can be constructed by | ess nenories.
Further, thza@chfeiceuitecesa pad ada eire kondPB11eE MY | ForRkakpyd &
adjusted to be equal and in this 10 enbodi ment, one accessing is
perfornmed athevePY psri od of about 330 nanoseconds Therefore, the nenory
apparatus of relative | ow accessing speed, which can be relatively

i nexpensi ve, can B& éﬁppﬁybedaebpwg.e%m@rmﬁP RAviand the |GPU 8 can
above- nenti oned enbodlnent utilizes_the 15  conbination of the DSP 10 of
rel ativel y Ah@Reatbessinglepexternal; RANCAS 1 2o tdmendivisian aanmer,

he acchss BRRFSHY e BEtarapl péuad 40638 Hen SHIIgARhEBE (1 the accese
d of th h d t.h
For t her mor coT SRRRARRAY T o TERE T %ﬁ%%ﬁa%é Fatde SHE B ARs o
this embodi ggL. o$! BhS BQ? 6t %ﬁak:h@'@’try 135, ébr}éﬂéd&eﬁ%%éqtl‘@s ets
mean hé 20 nore ertecttv y and

of data executl ng can be uti

the 25  negppyr§el, beF&g‘éﬁ@r thét 8 aldetd gﬁ:ﬁ%&éﬁ%ﬁ & 'Ysto

copendi ng appllcatlons ich describe and clai maspeCts of the above
10 and the CPU 13 are adjusted to be equal and in this

\_ 10 embodiment, one accessing is performed at every period of
about 330 nanoseconds. ‘Therefore, the memory apparatus of
relative low accessing speed, which can be relatively:

. | inexpensive, can be employed as the external RAM 14.
While the above-mentioned embodiment utilizes the

15 combination of the DSP 10 of relatively high accessing speed
and the CPU 13 relative low accessing speed, this invention
is not limited to the above-mentioned combination and the
access periods can be properly adjusted in accordance with
the access speed of the combination of the data executing

20 means and the memory.

Furthermore, according to the digital audio signal
generating apparatus of this embodimenf; since one external
memory is commonly utilized by two sets of data executing
means, the memory can be utilized more effectively and the

25 memory can be saved.



descri bed apparatus. British Patent Application No 8924630.0 5

(Publication No. 2226683) describes and clains a digital audio signal
generating apparatus in which a vacant _area of a tenporary nmenory used in
synthesis of a digital audio signal isggsed as a delay area for performng
del ay processing to produce a reverberation signal. 10 British

Pat ent Appl i Gettertidn [i93@iS8dteéd to the] £6PLbWingt copehlding )
describes and clains a digital audio signal generating apparatus in whi®h

t he outapplidatimnsfwvhichindescoibeianh chaimraspgechsanf theuabdves a
control signal input to another of themto produce a frequency 15 nodul at ed
di gi t aldeseribed ARParaEkWs; sh Patent Application No [ 9304330.5 ]

(Publication No,. . *@gescribes and clains a data processing
circuit in whckish Ratkentidpplication NpcB33#628<Q%0r and a digital signa

ﬂ%rﬁésﬁuﬁf%?fﬁpﬁ?%f BRI AdeeF 1o gﬁéﬁ%iiiﬁé’ﬁ?gaifséﬁ'a . Laf-,h:mﬁ e
of p?;“é?a‘%‘ii’%?%%%‘% Sentitind S8 LafhE PRIAREE ﬁﬁ?ﬁgééééggslép@%g ve
cont ol pGfibl Sty HEfGey UELE ! I npHOREL OF 8NQig1ead dudll (UCR o
10 cQphgrpla B8 \Faed V66 o4Yadl ek éd UsS: TR ERGng] doiay audi 0 signal s

generated fromsaid other anplitude contr means. n appar at us
accor digibdds£ing ntd , pro@h sl #dr&véfberation signal. '
10 | British Patent Application No [ 93©433|-3 ] o/
(Publication No. ) describes and claims a digital

audio signal generating apparatus in which the output of one
of a number of pitch converting means is used as a control
signal input to another of them to produce a frequency

15 modulated digital audio signal.

British Paﬁent Application No [ §304330-5 | ]
(Publication No. : ) describes and claims a data
processing circuit in which two executing means, a
microprocessor and a digital signal proceésor access a

20 shared memory in a time-division multiplex fashion.
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6rocessing apparatus conprising:- 15 v (1) first executing neans
having a first execution cycle to execute its operation in accordance with
said cycle and for witing in and readinﬁgout-data f+oma COMON NEeNory;

(2) second executing neans having a seco executing ' ent
fromsaid first execution cycle to execute its operat iﬂ!mmgmmmmuﬂ W th
sai d second cycle and for witing in and readi ng out Lom sai d *common
meme¥y; (3) selecting nmeans for sel ect CBBEM8connecti ng one of said first
and second executing neans to said common nmenory 25 © so that data i's
witten in and/or read fromsaid common nenory by one of said first and

second executing means; (4) control nmeans for controlling_said, selecting
nmeans so tHat dat® ARPIARS (UG Jenerating 2 4igitad savdiecsignakeddry by

1B DA Ty s R a8 et iad.
reans, 37k A TR PLAY, SECoRELUEE 818, SSS0RT, BERRMLARRT" TS,
SCEOS XA SR bl Bipd Sl i £ "Bl SRR R

substantially es w al d non-dtcess perl

accordi ng LihddiinN the VB ME SFoé 6Fsdfa amgEftha8IcoRErS1! Rednd! §k! @l

si gnal processor.
supplied as a control signal to another of said amplitude

9 10 control means, whereby an amplitude-modulated digita1 audio

signal is generated from said other amplitude control means.

2. An apparatus according ﬁo claim 1, including data
proéessing apparatus cémprisingi- :

15 (1) first executing means having a first execution
cycle to execute its operation in acéordance.with said cycle
and for writing in and reading out data from a common
memory;

(2) second executing means having a second executing
\_ 20 cycle different from said first execution cycle to execute
its operation in accordance with said second cycle and for
writing in and reading out data from said common memory;
(3) selecting means for selectively connecting one.of
said first and second executing means to said common memory

25 so that data is written in and/or read from said common
memory by one of said first and second executing means;

(4) control means for controlling said selecting
means so that data can be written in and/or read from said

common memory by said second executing means during a non-
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access period in which data is not written in and/or read
from said common memory by said first executing means; and
(5) holding means provided between said second |
executing means and said common memory for holding data so
that a period in which said secoﬂd executing means writes in.
and/or reads data from said common memory substantially

coincides with said non-access period.

3. Apparatus according to claim.Z, wherein one of the

executing means is a digital signal processor.




