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-A DIG TAL AUDI O SI GNAL GENERATI NG APPARATUS This invention_Lel ates .—
general 'y to apparatus for generating a digital audio srgmal~and; nore

particularly, is 5 ° directed to a digital audio signal generating
apparatus suitable in the application to-electronic nusical instrunments,
sound effect generator for amusenent machines and the |ike. 10 - As a

sound source for electronic nusical instrunments or sound effect sound
sour-ce for anusenent nmachines, the following one is proposed-in the prior
art. According to this previously-proposed sound source, a rectangular waye
signal, for example, is supplied to a plurality of. preset 15 frequency*™ -
di vi ders each havi ng =& 3@;£§&prp:§,_ SNAL GENERATING APPARATY fferegt du?y
rati o. Sound sourge.signals _(i.e. .sQ-called voice fromthe respective
frequency di vi derg‘géfeggyﬁ?%%rf Z&135§ 5, 95055 h¥e€él?pp?ﬁa?%tfe‘i’gse, t he
original osci @ el oA &l LhaRg r , .éﬁfﬁ? | 4

wave or the Ig:ek%%h?%nggﬁeéﬁgﬁlyaﬁg rs Eﬁg%t& ghgh fg@i’%i%ﬁgﬂan rlﬁfr's,l?s?he
total sgund gepecaeingoperdightl duvdidedignapr gehéeadihdt fppadfeudich as
attack period, decay period, sustain period and rel ease period, and an
anplitude (| swditpbde ihetls applsicptdlon tocedkctnorigahupiexient s’ a pecul i ar
changed condition. Accordingly, a so-called ADSR (attack, decay, sustain,
rel ease) contiPStruBepEss o?‘h‘g'ba/s"d‘-%?sctt gepgrakorn£ok; gRusenerte | maghings, voice
to be changed ﬁinhgaigxe On the other hand, as a sound source for nusical
30 i nst r uffé t§, a“50-tall ed FM sound source is known, in which a sine
wave signal is frequency-nodulated (FM by a sine :

10 As a sound source for electronic musical instruments or
' sound effect sound source for amﬁsement machines, the
following one is proposed in the prior art. Aécording to
-  this previously-proposed sound .source; a recfangular wave

signal, for example, is supplied to a plurality of preset

15 frequency dividers each having différent frequency-dividing
ratio and different duty ratio. Sound source signals (i.e.
so-called voices) from the respective fregquency 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 péri§d 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-called ADSR (attack, decay,
sustain, release) 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 séund source is known, in which



wave signl having a |ow frequency: Acéording to this FM sound source, a
nodul ation factor is made as a function of tine and various ki nds of sound
signals (sound signal nmeans 5 an audio signal in this specification) can
be obtained by the | esser sound source. The sound effect sound source may
be a noi se conponent (i.e. white noise conponent and the like). In order to
obtain real sounds of various nusical 102 instruments by using the

af ore-nmenti-oned so-called el ectroni c sound sour.ce, ver¥ conpl ex si gnal
procesging i sar ednereavernionadcds £requeneyrrodidatedo(FMhebyuai 8in¢ gnal
generating apparatus i s nmade Iarae. To sol ve the above-nentioged robl em
recently, a 1¥ave §igRy Baingfnlor EEEAMCRAr cLGOrFA880L84tRTR Fhich real

sounds of variuRaTksheal, |NIAITRR 8n 2k ol {2ldaga" 8200dBMncHbh LR [0 @

menory ( ROV (il erm ned nusi C I'nstrunen S read

fromthis memgye %ﬂat@sﬁm&%ssBﬂnéoﬁmr%nﬂ% qed@hdl 8i§ANE hén0
storage capacity of nenory, the digital audio signal is data-conpressed and

witten isn th@nmagaiy, sidndle inhehdenppesseicaltiprilalcan heabbteined ripyn t he

menory i s data-expanded and is re-converted to the original digital sound

signal. In thithecieeseprgounchsosirgral Bhe sgeund efifiecd sound pevrce nay

| oudness (pitch) is witten in the nennrg at every nusi cal insérwgent, and
hi Jthe

the signal reR§ frBaiseccoRpANant {inpr (¥BLER\RR18%) GOPPYRRBE ARR

fundanental fre uzncy signal of sound having a desired | oudness. Further, a
si gnal mavefo}ﬁge ppeared in the initial 30 stage of sound generation

and peculiar to eagf §HgéFfalo obtain real sounds of various musical
| 10 ihst;uments by using-the afore-mentioned so-called
electronic sound source, very complex signal processing is
required and hence, the circuit scale of the audio '
signal generating apparatus is made large.
To solve fhe above-mentioned problem, recently, a
15 so-called sampler sound source is proposed, in which_reai
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 samplér sound source, in order to save the
20 storage capacity of memory, the digital audio signal is
data-compressed and written in the memory, while the
compr;ssed digital signal read from the memory is
data-expanded and is re-converted to the original digitél
T sound signal. 1In this case, only the signal of sound'having
25 particular loudness (pitch) is written in the memory at
every musical instrument, and the signal read from the
memory is pitch-converted to gene;ate a fundamental
frequency signal of sound having a desired loudness.
Further, a signal waveform, appeared in the iﬁifial

30 stage of sound generation and peculiar to each musical



instrument, is directly witten in the menory and is read out of the :
menory. This sigral 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 géRerated when the pianist touches a
keyboard of piano to cause a hamer to strike a key. In that case, a
repetitivelvﬁﬁﬁﬁmﬁﬂﬁ'péﬁtﬂéﬁeétlxiWnﬂutmmEEhakhggﬁéﬁbis witten in the menmory
onl.y by one cyc# 1_‘am)u.nt and is repeatedly read T oM 13 Hense§d 10 :
More speci $ieat 3" LUPSHOFEpr o%i%w,nadswahemrzh-nifi“q,ﬁtl?n%%gs%%uent tg a
requ

formant co t jort fi eriod, a fundanent ency si gnal
conponent g Eﬁl c%%iogn? g?he%n%ftrp}aee%é’ﬁnﬁp%mﬂavei ofmEtlR dageOBERI BgF and
thus a sougghmiled, §aaNn6§daNBshidlsddistiunent can be obtained. In that-
event, 15 in the case of souncfdo tpalsaﬂB BPe¥afeion |epund maiuthé sound of

nusi cal i nkitkeirganera&edbeherptiveysetiky g5 |y .decreasing the | evel of
the waveform P in accordance with a predetggir’:%’]e% W arfcefrpiageto the

above- ment¥@RENSAUS bammenste (shike, a2Rey. ifnayfvelheration sound or the

. 2}

li ke is added t.q.the regtoduced nmusi cal 1 nstrunment sound, 3then it will be
possi bl e tX BB IIGc HALBERAER RArtien efsat BundamdritNardicgyl 5, when the

digital augl | I _' ratus is enployed as the sound effect
generating 2 appar at us S fegnount andl fgquently
L L R S eormiamornn cad! (soon

request ed fepead@dipe resdes P agﬂeomﬁﬁlgg?d to the reproduced sound in order
to gain presence satisfactorily. en"the reverberation sound is added to

the H0gital audoresspaaifidaliyeupohhee gg&&@-.audi o signal is 30 .
t enpor ari Ily st%r ed intatmem)fry such as g random Hc&8s8hown in Fig. -
.subsequent to a f . '
' q ormant Gomponent 2 of short time period,

a fundamental frequgnc’y signal component b, which is formed

of repetitive waveforms R is obtained ang thus a sound of a

.desired musical instrument can be obtained. 1In that event
: i - * ’

15 in the ane of sound of piano or the like, a natural sound
og_musiqal instrument can be reproduced by gradually
decreasing the level of the waveforpm P in a0cordanc§ with a
predetermined rule. '

According to the above-mentioneg musical instruments,

20 if a reverberation sound or the like is added to tﬁe
reproduced musical instrument sound, then it will be

‘possible to reproduce sounds of various tones. 1In
particular, when the digital audio signal generating
apparatus is employed as the sound effect generating

25 apparatus for amusement machines, it is frequently requestéd'
to add the reverberatipn sound to the reproduced sound in
order to gain presence satisfactorily.

When the reverberation sound ig added to the digital
audio signal, however, the digital audio signal jis

30 temporarily stored in a 'memory such as a random acc
ess
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4 nmenory. (RAM) or the like and is del'ay-processed by this nenory, thereby
generating a reverberation sound. This requires a nenory of |arge storage
capacity in which the digital audio signal is stored, which fact nmakes the’
5 apparatus conplicated in drrangenent. Further, &ccording to the

previ ousl y-proposed reverberating apparatus, when'control data froma
central processing unit (CPU) is not defined because the power switch of

the appar ahefoly J(HAM)! drNeheMNike MY sl Geldf-IrssddiedBR this

erronegusly set”in the sound source data witing area of the nmenmory, which
causes themgfpeyyt therebylgemetlatinhg @A idRirbetetidhesdihd@perehion is

performed in order to gain various sounds in the sanpler sound source, a
signal 15 peguieeboa memguenoOf TatYenlstordge rcapaciy ishiwlhichuthe t he
circuit arrangenent to becone conplicated. Furthernore, when the

anpl i t ude- digakafli endiaMsignalerifsomtextrad, ovhiierh tfack imakes pelhé or nance
effect, there is then presented a simlar problem 20 -~ - In addition

t he nefior yapparhtusnpompliiicpted i anrangamentource data and control
programrequired when processig%1the sound source data is requested to have

a relatively |ar fursheragacesrsing, takhe REANARRN TPERRE’t he circuit
arrangerent {o becare SoTDLSANSE, Shen cortrd? EbSESSE & cllieRi oo
processing unit (CPU) is not defined because the power
‘ switch of the apparatus is just turned ON, a delay
10 processing area is erroneously set in the sound source data
writing area of the memory, which causes the apparatus to
malfunction. |
Further, when the FM operation is performed in order
to gain various sounds in the sampler sound source, a signal
15 ° source for frequency-modulation is required, whicﬁ causes

the circuit érrangement to become complicated.

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

20 In addition, the memory which temporarily stores the
sound source data and control program required when
processing the sound source data is requested to have a
relatively large sﬁorage capacity, which unavoidably causes

the circuit arrangement to become complicated.

25



| nproved digital audio si.gnal generating apparatus of "sinplified
arrangenment whichr can add a reverberation sound to a sound wi t hout

provi ding a special nenory. 5 - According to the present invention,
there is provided an apparatus for generating a digital audio signal
conprising: (a) nenory nmeans. for stoging a digital audio signal; (b)
control neans for controlling a reading of said 10 digital audio signal
from sai d neferismaansbiject of dhel peaentsiiteititn ftY cfﬁ%\fﬁé_né}g a-
predeterm ned synthesis of said digital audio signal read by said contwol
means impgévea Aligited, awdioepigthad! igehedfatityy sppaatus ssgind in a desired
voi ce. 15 (d) tenmporary nmenory nmeans used in the synthesis in said
cont r obimpaifieddarrangengnd! whiche canngddeanreverbemtimumoind setting a
delay area in a vacant area of said tenporary nenory neans so as to perform
a del apopaoseupdnyithiout prowidimer & ispeciiadnmemaryadded to the 20 digital
audi o signal processed by the synthesis in said signal processjng neans.

6 A plural it dceprding: 0 ihe present dnveptionye thenads preyidedective
pitch converting neans, and negns may, .be provi ded for supplying the output
of one2Bf 2BRAYA PFCﬁ°EbHﬁqu#EFﬁ%§h§Hﬂ}€%4(ﬁﬂﬂ§°(ﬁ1qqﬁ;pitch converting
means 5 as_a _control signal, whereby a frequency-nodul ated digital audio
signalc?gpﬁéﬁépgfed fromsaid other pitch converting neans. Simlarly a

pluralitY-Of(gsgih@ho%&dh%aing%Esé@%%fﬂa a digital audio signal;

(b) control means for controlling a reading of said ;)

10 digital audio signal from said memory means;

(c) signal processihg means for performing a
predetermined synthesis of said digital audio_signal read by
said control means so as to produce, on reproduction of the
signal, a sound in a desired voice.

15 (d) temporary memory meansrﬁsed in the synthesis in
said control means and said signal processing means; and

(e) means for seiting a delay area in a vacant area
of said temporary memory means so as to perform a delay
processing, when a reverberation signal is added to the

20 digital audio signal processed by the synthesis in said

signal processing means.



generated using respective anplitude ¢ontrol neans, and 10 neans nay be
provi ded for supplying the output of one of said anplitude control neans to
an other of the anplitude control neans as a control signal, whereby an
anpl i tude- nodul ated digital-"audio signal is generated from said other
anplitude control neans. 15" ° An egbodinent of the invention may be

1 npl enent ed using data processing apparatus conprising: (1) first executing
means having a f4 lofdEity 6F 8Y§1€al 0aBie6ULEghhIsORAAbed gerdray dance
wth sgikd cycle an ?or wlting ih and reading out data froma conmon 20
menor y; (@sﬁ@%fé@ﬁﬁé NgitEANEoheErEng MeaRBY anacuicams may’ by/cle
different fromsaid first execution cycle to execute its operation in

accor danc gprviaédi £or esapplgingethadohieputr bfi bgei ofasaidepditah out data
fromsaid common nenory; (3) selecting neans for selectively connecting one
of 5 sai d donwdrtaing sseans tacant obhereafisthe pditchccomvertimy wmeansne of
said first and second executing neans; (4) control neans for controlling
sai d $el e@s ray eonksokosignal davbherehyba frecuencymmedylatede sigitad said
common nenory by said second executing neans during a non- 10 access
period inawdis sitgnalsisogenerated fromngprdd PEhEr! PdifchaicPrVSHio%enory
by said first executing neans; and (5) hol di ng neans provi ded between said
second exd@qANHg nmeans and said common nenory for holding data so that a

Gata from sai d reRBLYSEBoRREREAL) SFoPRoRage tal dualo' Bigrdih Hay S

\ generated using respective amplitude control means, and

10 means may be provided for supplying the output of one of
said aﬁplitude control means to an other of the amplitude
control means as a control signal, whereby an amplitude-
modulated_digital audio signal is generated from said other
amplitude control means.

15 ' An embodiment of the invention may be implemented
using data processing apparatus comprising:

(1) first executing means having a first execution
cycle to execute its operation in accordance with said cycle
bl and for writing in and reading out data from a common

20 memory;

(2) second executing means having a second execution
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wi th said non-access period. The invention will be further described by way
of non- linmitative exanple with reference to the acconpanying draw ngs, in
whi ch: - 20 Fig. 1 is a schematic diagramto which reference will be
made in explaining a reproduci ng operation of nusical instrunent sound;

Fig. 2 and 3 are bl ock diagranms each showing a main portion of a digital
audi o signal generating apparatus 25 according to an enbodi nent of the
presentcydlerdipferentr eopncsai@l girstgexdcutionsepenet te ekeelted agram
showi ng- a general or overall arrangenent of one enbodi nent of the presént

i nvent ity dperation ingaccordancecwitht saidi agcandotyeadecandplferof a .
random access nenory; Figs. 6A - 6C are spectrumdi agranms of frequencies to
whuchrwﬁx#xngxnmmamdbeeméu@guqutxgatﬁnfngmtﬁeldpepumponmsmorwe appar at us
of this |nvent|on Fig. 7 is a block_diagram showi ng a main
portion of an(3k aﬁ%%ﬂ%ﬁ%nﬁfmﬁaﬁﬁnﬁeflﬁg1§§§#V6ﬁ¥mﬁpﬁﬁep§10§eGn?o°§dd a
reverberation, sound to a digital audi o si naI %8698 is a block dlagram

sh&Wlnf%%4m§¥F$Br??%ns%?°% %?Fﬁﬂﬁéﬁﬂn e ps atPo |ﬁ8m§88tpﬁﬂ°ﬁﬁlch i s
aSSOC|§H?d W th enc 9A - 9C are schenmtic

du
repres eﬁ?%wﬁﬁt%?ﬁﬂ %ﬁr?é nﬁsgﬂﬁa eﬁgcﬂéaggi g@?ﬁ?alnlng the operation
of the conputhpp S@@ﬁé@@}@$%$ﬁg'f§r EERPESLIYREY safh9seilcting P! ock

di agram show hg’ an~ exanple
means so that data can be written in and/or read from said

common memory by said_second executing means durjng a non- : ;;)

10 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 s;;ond
executing means and_said common memory for holding data so
that a period in which said second executiﬂg means writes in

15 and/or reads data from said memory substantially coincides
with said non-access period.

‘The invention will be further:described by way of non-
limitative example with reference to the accompanying
drawings, in which:-

20 Fig. 1 is a schematic diagram to which reference will
be made in explaining a reproducing operation of musical
instrument sound;

Fig. 2 and 3 are block diagrams each showing a main
portion of a digital audio signal generating apparatus

25 according to an embodiment of the present invention,



20 synchroni-zing circuit used i'n tHe present invention; Figs. 11A - 11D

are timng charts to which reference will be nmade in explaining the
operation of the synchronizing circuit of Fig. 10, respectively; and Figs.
12A - 12G are tinmng charts‘to which refecence 25~ will be nmade in
explaining a timng at which an external ndom accéess nenory shoul d be

contr.oll ed, respectively. An apparatus for generating a digital audio

si gnal accor diggggeetaegggpodi nent of the present invention will 30 .
hereingfter be described with reference to Figs. 2 to 5. Referring to
the drawi ngs, and iFdigti 4l i & os¢hepatic dlgeckedipgoam osledwlinl & gengeadnt of
t he enbodi nent of the present invention will _ be_ explained herei nbel ow
"Referring to qug.OV@,ratlEePé’??Bg%‘F% of angngmbedirent o Hhe Pr&sePthenory -
(ROM) such as a ROM;ca[tridge or the like provided outside of the

appar atus. | nHis® 40%id source ROM 1, sound data of, for exanple, 16 bits,

whi ch are. generateg.fro ri oLk |sGalssi ugenis &hdhiiddidealal r ded
as mentigrhed beforg‘,lgj(;'lrg1 Er{gd%cée%hl n lblrc?drlggga@o,g?f%l? exan%%,orf4algaheslgi ts
(i.e. BRRencogadssonemdt9sed in block. In this enbodinent, nusica

I nstrument tones such as tone of piano and so on are separately nenorized
(stored) in the fomrigsf. 8Anen6€ raxe \apeatawpodéngrans| efl freganengiescbfponent
in the early stage of sound generation and an interval conponent 15

which is a funthimdnirefereagactitll ey madeofnoREPE éning nths ORI add QRO
particul ar | oudgness. | reference nuneral 10 generally designates a

Fig. 4
di gi t al ;ignaﬁf 5EE?§%ﬁBEgBBaPE&?53? i ch is provided as an.
el'gctroni ¢ ”US'Ca'#i%%tEUQE“L-bitéﬁ S ldA shoWiAh a main portion of an.

arrangement of a computing section which is used to add a
reverberation sound to a digital audio signal;l

Fig._a'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 repreSentationé to which
reference will be made in explaining the operation of'the
computing section of Fig. 8, respectively;

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

bt 20 synchronizing circuit used in the present invention;

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

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

25 will be made in explaining a timing at which an extérnal

random access memory should be controlled, respectively.

An apparatus for generating a digital audio signal
according to an embodiment of the present invention will

30 heieinafter be described with reference to Figs. 2 to 5.



20 processi ng apparatus 10 includes a signal' processing section 11 and a
regi ster random actcess nenory (RAM . O sound data from various kinds of
sound sources stored in the ROM 1, a desired sound data is transferred

t hrough the signal processing section 11 to an external RAM 14 under the 25
control of a c&efesripgotesthag@nawingscrapd 1Bnitiklily ot €igal 4RAM 14 has a
storage capacity of, for exanple, 64 kilo bytes and stores therein, in
addi ti on t9¢NEXElsQGnOVeER}t A FaANemsnsgPAnthe exkodimentdofethy data used

f beration, . addi i I ng., The) 30 tivel
R R L e M e T e R U g W
12, which St OF GReURELAYSes ¥4 Ola, I3h3raNdsSnah d SItUC s0BFEADEEagY DOLN

of the signal processing section 11 an e CPU 13 Iin a tinme-division

mannes. 5 only memof{ie (ROMNGswchirae adRDA c&pbridgyndhanexigkeal RAM 14 is
decoded to the original sound source data by the BRR decodi ng- processi ng
whi ch is qposided potshde adbhritherapparatus BRRIRMdud spupdososscagROM f
necessary,_ the decoded, original sound source data undergoes various data
processi ngsr EPBIa8aty of s tFpr AFEPRLRent f obbts Avdiioh sresspRgrated

D SO YheRR 8 Lo Sl SR ot Sy, SRR RE, (1S
oo eryBtnAh BiRkos, MY Saiand) iLoplef do 2PRRleRd, 45
i nveDoi on bitld (e eeXBRR+ERcodedh andf steped in Biesk. 2 1andhds
‘ embodiment, musical instrument tones such as tone of piano . ‘QJ
.and so on are separately ﬁemofizea (stqred) in the form of a
non-interval qomponent'called a formant coﬁponent in the
early siage of sound generation and an intg;val_component
15 which is a fundamental frequency siénal of bne 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 apparatﬁs 10.iﬁcludes a signal processing section
11 and a register random access memory (RAM) 12. Of sound 'QQ
data from various kinds of sound sources stoied in the ROM
1, a desired sbund data is transferred thrpugh the signal
processing section 11 to an exterﬁal RAM 14 under the
25 control of a central processing unit (CPU) 13. This
external RAM 14 has a storage capgcity of,'for example, 64
kilo bytes and stores therein, 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. .



I'n this enbod
and out putted

iment, 8 voices of #A #B, ..., #H are synthesized or ni xed
as left-and right-two 20 channel digital audio signals.

The digital audio signals of the respective voices and the respective
conputed in a time-division manner. Ip:order to gain a better

channel s are
under st andi ng

arrangenent are prepared for each 25

and 3. In Fig.
| arge “ggal e),
si gnal proces
processi ng 30
sound source
14V in response
15 of the ext
storage 5

In this enbodi

of the present”invention, bﬁaglnary har dwar es of the same
oi ce and each channel in Figs.

2

2 (formed of Figs. 2A and 2B to pernit a use of a suitably

SiaidpsAte hhﬁemalsswAR%Bzrzshl%s@mxtqa/enap@@g. gaateol
:% n%Sse tions for voi These  si naI

BRsCBoA S ee operagéﬁ BYeb%%fbleSLH‘ﬁ S48n@dt h desired
gﬁtot%g‘éﬁsggﬁﬁdéégt:{&?dlf %h%oggﬂ f?u{r?e 2 4a -%té.gr ?98 section

sour ce sel Ing err | sup
HamdlerRAM 14.  In this enbodlnent t he sound source data

0 a term nal

section 14V designates an area of the external RAM 14 in which
there areswitten The sound souwrce ditiadread F£homptlogrexntedaiad BAMt he {FPU 13.

i ment, when nusical instrunent tones, independently stored

in .

the sound sourdesoded! toi hhe her ¥ainall Boundosonoee | dats rkyl thenBBRent and the

I nterval conp
supplied to t
data of the i
sections 20B

onent_,. are regroduce at.a of the non-interval onent
A-m6h

cﬁdglﬁarl’bf’s o gled l‘&n oppasyFe tHe tJtﬁl afoxr E#eaed
B PO BSBE DL 3,0 15 L g BEEEB 81

the

which wll be é@iﬂ'dabﬁﬁgcéaéﬁfa ﬂ&@@é&dvﬁwbﬁg a2t A Ms‘s@ﬁg&%ﬁ@ﬁ &4 gnal

priggessi ng
10

15

20

25

30

the above-mentioned ADSR-processing, pitch-conversion
processing and the like. The digital audio signal thus
processed is supplied to a digital-to-analog (D/A) converter
2, in ﬁhich it is converted to an analog audio signal and is
fed to é speaker 3. |

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

In this embodiment, 8 Qoices of #a, #B, «..os #B are

synthesized or mixed and outpdtted as left and right-two

~channel digital audio signals. The digital audio signals

of the respective voices and the respective channels are
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 fbr each

voice and each channel in Figs. 2 and 3.

In Fig. 2 (formed of Figs. 2A and 2B to permit a use
of a sﬁitably largeas¢ale), reference numerals 20A, 20B,
«++r 20H respectively designate signal processing sectibn;
for voices #h,'#B, essyr #H. These signal brocessing

sections ZOA, 20B, ..., 20H are each supplied with desired



section 20A is supplied through a swtch [err] to a BRR decoder 21, in
which it is data-ekpanded as set forth above and is fed through a buffer
RAM 22 to a pitch converting 20 circuit 23. The switch [err] is opened
and/or closed in response to control data KON (key ON) and KOF (key OFF)
supplied thereto fromthe register RAI 12 (see Fig. 4) through termnals

3la and 32&oulEe siukel ertJ circuit 23 is supplied with pitch control
data P(H) and P(L) ufromﬁggg ‘”"t“ﬁg r&gireper from a squndbsgiraecéataol circuit

24 for conmtdragepseetELRI B4W! i ke and a termnal 33a, and the cogrol
circuit 24 is supplied with a lsr? g%a%p°%§8hggss%‘frh%rs%i°€esﬁllief’ﬁ’r%%gh a

. m . .'. . .' . . .
Lot ed ot o i i soponcy AiFHiel 8ottt Lel BT o BetURb Bl el |10
regi ster RAMMZ4. 1Ip gm%@mb@mm.nahe%aunamawepuataf stbeagé t ch

converding circuit LS supplied to a multiplier 26 and the nultiplier 26
i s supEI'pI i ecf%vﬁtl"l?ncajﬁﬁr%?s_’(ﬁ%gtea\l@“( aneal epethorextennadn8AMDER Hn

(ADSR- cont rglikhf & h gister RAM 12 through terminals 36a and 37a,
control circuits gg}gngréég"la%cfeé’ ?ﬁ&nﬁ@-’%@e@%ﬁ% deteeppf. thee change- over
swi tch [ er rdrogx afihdB g8 dof Ne O Py gg_i n response to the nost significant bit
(vMsB) of the control data ADSR 1 When a noise is used as the

ef fect sound sodncthianembddistentl,, wheh RASIPAE. ik MnBREi ESndQI S€
generator, .t t&gugh not shown, is enployed instead of the output of the pitch
conver ti ng *BOEPEPAeDlY s$kpred timetheedotnd t éwurad ROM Qein26he Hermout put of

the QFHt{Fﬂ&feEoggihgegggqnggﬁ$éﬂégglggg the interval component, are i;;
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 cogponent is supplied to
the signal processing sections 20B to 20H of othef voices
15 under control of control data which will be explained later.
The sound source data supplied to the signal processing
section 20A is supplied through a switch 5,4 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 converting |

20 » . » ] - o B ..
circuit 23. The switch S)5 is opened and/or closed in -/

response to control data KON (key ON) and KOF (key OFF)
supplied thereto from the register RAM 12 (see Fig. 4)
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 |
computing parameters or the like and a térﬁihal 33a, and thé
control circuit 24 is supplied with a signal such as other

voice #H through a terminal 34a and a. switch S945+ The

switch Sya is controlled in its connected state in response

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



15 to second and third multiplier 291 and 29r, and control data LVL (left
sound vol une) and control data RVL (right sound volune) fromthe register
RAM 12 are supplied to the nultipliers 2 and 29r via termnals 38a and
39a, respectively. 20 &-:An instantaneous val:ue OQUTX of the output of
t he nultip{hgauéﬁ S ﬂé%jggatrmereglster RAM 12 through a term nal

4la, and is alsd suppl to a terminal 34b of the signal processing

section 20B. A pegle Wt‘iﬁtEWﬂﬁe tgitdt tovtivaitihe Sybéeie[235risis
suppligd to the register RAM 12 25 via a termnal 42a. Further, an

output at Etippieed ad af W lHipglicersizy and e MM NG SELér 026 204 Ny be
supplied to a term nal 36b of the signal processing section 20B as shown by
a broken | suppildeli gith daﬂﬁnni:HatuiENVI4ennelnpe+u¢ntrdlpoandoADSRta onh

t he 30 regi ster RAM 12. '3 TABLE 1 Address Regi ster 5
00 5 (ADSchontrol) [fyiom) the register RAM 12 thiydigldoterminals
P(L) 03 P(H) 04 Voi ce #A ADSR(1) 05
ADSR(2) 0636a and 37a, control cHdmewits 27 and 28 and a change-oger
ENVX 09

switch §,,. The ch;%égéover switch S;, is changed in position

ih response.to the most significant'bit_(MSB) of the control

data ADSR.

10 When a noise is used as the effect sound source, an
output of, for example, an M-series noise generator, though
not shown, is employed instead of the output of the pitch

m‘converting cixéuit 23, and is then fed to the multiplier 26.
The output of the multiplier 26 is commonly supplied

15 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 12 are supplied to the
ﬁultipliers 292 and 29r via terminals 38a and 39a,
respectively.

k¥; 20 An instantaneous value OUTX of the output of the

multiplier 26 is supplied to the register RAM 12 through a
terminal 4l1a, and is also supplied to a terminal 34b of the
signal processing section 20B. A peak value ENVX of the
output of the switch S, is supplied to the register RAM-12
25 via a terminal 42a. Further, an output at the terminal 41a

of the signal processing section 20A may be supplied to a

terminal 36b of the signal processing section 20B as shown

by a broken line in Fig. 2. |
Tables 1 and 2 illustrate maps of control data on the

30 register RAM 12.



10 10 19 Voi ce #B 20 ~ 29 \Voi ce #C 30 ~ 39 Voi ce #D 40 ~ 49

Voice #E 50 ~ 59 ° "Voice #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 (Noise ON)
oD ML(L, R 1D 13 EVL(L, R 2D
EDL 25 ' 3D EFB 4D ' - EON
SD ' . ESA OF ~7F [err] (Coefficients).30 The contr o
data on the table 1 are prepared f F*B&ECh voice, and the control data Q@
the table 2 are co . i frol data bel ow the
address OD are assoc| at | aibl ock di formng Fig. 3 which 5
will be explained.belomﬁgb%%%ﬂ,o1 t he rgﬁgg%€$% on the fables 1 and 2 is of
an 8-bit register.
5 00 LVL
01 RVL
02 P(L)
03 P (H)
04 Voice #A ADSR(1) .
05 ADSR(2)
07 SRC
08 ENVX
09 OUTX
10 |
10 ~ 19 | Voice #B
20 ~ 29 ~ Voice #C
30 ~ 39 Voice #D
40 ~ 49 Voice 4E
50 ~ 59 Voice #F.
N 60 ~ 69 Voice #G
70 ~ 79 Voice #H
15
TABLE 2
Address Register
ocC NON
20 1C KOF
2C FMON
3C NON (Noise ON)
0D MVL(L, R)
1D EVL(L, R):
2D _ EDL
25 oo 3D EFB ~ -
4D EON
5D _ _ESsA
OF ~7F Cop~C; (Coefficients)

30



Réferring to Fig. 3, there are provided |eft- channel and ri ght-channel

si gnal processing sections 50L and 50R, respectively. The output of t he
second nultiplier 291 of 10  the signal gﬁpcessLng section 20A of Fig. 2
is directly supplied to a mai:h adder 51m t he |eft-channel signal

t OL t t d | f
D aoaer st eyt i BRgne SR Betel B 31 edblp kg S&r%é’%?fﬁ. ?g%u???lm er
201 i's directly, éuppgh&%ﬁgo.%ﬁ?oa bts oROEEL STe of aae cohfbh1ghannel

si gnal processing $ection roug erm na upplled

to a sub-addeprepareltOrd voivds,.chrher é&ntroﬁ'dﬁﬂaﬁlﬂe)l,owt |&ﬁer§&@f«‘§§$ ve
out puts of the signal processing sections 20B to 20H of the voices #B to #H

are supplied 0D addeass&didted wdith2@ bloekddbdgram Foemimg Flig. | 2f vhidtannel
and right-channel signal_ processing sections 50L and 50R Switches [err]

correspoﬁdlngwﬁélthé S%Pk?!Rﬁ@n&?LQW bo?ﬁcblgﬁa#h?wﬁﬁﬂé§§ﬁﬁ§ eacthens 50L and

50R are each gp nd/ clos In_a 25 ed relation in response to
control data efei Gﬁ%an 8-biEf g ied thereto fromthe

rogi ster RAM 12 {nhgugh {6l 0als 633, hlbe are pAliadkbFRLoEYEN When

the signal processing o Highe Einterva conponent

perforned by tah@ 39g ht—éﬁéﬂﬁﬂl %ﬁ@ﬁ%§5b9805§§ih§”bé¥£§dﬁ% 50e ¥AECSORA the
Swi t ches Terr] are controlled™so as not to close, thereby preventing a

reverberating respedt{eehy) f{Thendutpay afdehetsecdrel multipiérval9Lonponent .
The output of the main adder 51m is supplied to a 5 multiplier 52, and
a contrdi0 datghwv§1gng;rpgngﬁﬁ;nng geskion 20A of Fig. 2 is directly

x“ supplied to a main adder 51lmf of the left-channel signal
processing section 50L through é terminal TLa, and is also
fed to a sub-adder 51lef through a switch S4a' The output of
the third multiplier 29r is directly supplied to a main

15 adder Slmf of the right-channel signal processing section
50R through a terminal TRa and is also supplied to a
sub-adder Sler through a switch SSa' Similarly, the
respective 6utputs of the signal processing sections 20B to
20H of the voices #B to #H are supplied to adders 5lm&, S5lel

20 and 5lmr, 5ler of the left-channel and right-channel signal
processing sections 50L and 50R.

Sw1tches S4a, SSa' S4b' SSb' cosey S4h' SSh'
corresponding to the same voices of both signal processing
sections 50L and 50R are éach opened and/or closed in a

25. ganged relation in resﬁonse to control data EONa (echo-ON),
EONb, ..., EONh supplied thereto ;rom the register RAM 12
through terminals 6la, 61b, ..., 6lh.

In that event, when the signal processing of the
above—mentidned non-interval component is pe;formed by the

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



fromthe register RAM 12 is supplied to the multiplier 52 via-a term nal

62. The output of ' the nultiplier 52 is supplied to an adder 53. The out put
of the sub-adder 5lel is supplied through an 10 adder 54, a | eft-channel
echo control section 14El, of the exikernal RAM 14 and a buffer RAM 55 to a
digital lowpass filter 56 such as a“tinite inpul se response (FIR) filter.

The echo cont radla $eCt kP8 ddi o] pLied wth control_.data ESA (echo ,
start addr ) 'an(?gEDL (echo doeﬁ%ﬁggr%% Pﬂg b2 é:.1°sreégit teéfgﬁAM 12 through

the term nadeveslimgdabieverbéiut miaedhdetbendNee J be3haNRBbedNy
ri ght-channel echo control sections 14EL and 14Er are provided within the

ext ernal M@ pen-intgseatsednypondnts specifically, as shown in Fig. 5, the

st orage capaci of soung source data 20 storage section 14V of the
external RAM 1%‘%3?‘? BUt 0t nthe madsaddesuptmlt is RURPHIEyER. aAs a resul t,
a vacant 147 jn [ there .ar tore o,sound source_data and
contr%l dgrﬁlgfﬁ%’ﬁérégdggé]dgﬁgp%n%oﬁﬁdogn%?ﬁa Qn&"’i’:’dhcﬁ%n Y??‘Hm?ﬂat event ,
the |eft‘Cf@dhﬂﬁ!hé‘f}.‘ig"i‘sgm:‘ﬁmwlise%ggpig?g:€$a§§ar mulsc‘i%&;iQ?Ss%“E' and

14Er are set within the vacant area esses- o he echo

control seeia ansterfinadnd2 l4ETharcutgritebli 6RE w1l iankpoligdata ESA, and
the anmount of address in which the echo control sections 14El and 14Er
fol | ow frof¥RRicied &0 andadder $%. deternined by the control 30 data EDL.

| f the address ,ﬁgenug\% ig sgfficient, then the  delay amount will be
i ncreased and tHE PRF8PEePL: Fof f4hnadder) Sbeti he reuppidedrébhasppghgaback t o

::'r]g :rlgi]i g{‘%c’rléé)l.wﬁs% flkk'iﬁéh?ﬁnéf esc dplcio% r\&tgeggfgrﬁ ilC4iE%n%fd%£g Lerr] fr@
" 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 14?2 is supplied with control data
:ESA (echo start address) and EDL (echo aelay) from the
15 register RAM 12'through the terminals 63 ahd 64.

In this embodiment, the left-channel and right-channel

echo control sections 14E£ and 14Er.are provided within the

exte;nal RAM 14, if necessary. More spécifically, as shown

in Fig. 5, the storage capacity of a souhd source data
20 storage section 14V of the external RAM 14 changes with the Q:a
sound source to be employed. As a resulﬁ, a vacant area 1472
in which there are stored no sound source data and control
data is produced depending on the using condition. 1In that
event, the left-channel and right-channel echo control
25 sections 14Ef and 14Er are set within the vacant area 142.
Start addresses of the echo control sections 14Ef and 14Er
are determined by the control data ESA, and'the amount of
address in which the echo control sections 14Ef and 14Er
follow from the start address is determined by the control

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



5 RAM 12 through a term nal 66.- The output of the |low pass filter 56 is
fed therough a multiplier 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 feedback) and EVL (echo sound volune) fromthe 10 regi ster RAM 12
through termnals 67 and 68," respectively. The output of the nultiplier 58
I's supplied to the adder 53, in which itggs m xed to the output of the main
adder. 51m through the multiplier 52, and"the m xed output is delivered

througl,an ovefe138MRhbBAt f ¥il b} ddlte@UbRM! ther F&@é’ébér’iati‘dd—@.@he The
external RAMs 14El and 14Er of Fig. 3 constitute one portion of the

external RAM WilQf blei gncdeased]) arly to the external RAM 14V of Fig. 2 so
that the signals are inputted and/or outputted for each voice and each
channel in 20 aReifegriingi bach taaflig.. 3 ,Fthehdpv-pags ikktar RAVAB2 of
“Fig. 2 and the buffer  RAM 55 of Fig. 3 are also operated in a tinme-division

manner si m | ar§YPPld ede¥d thpeRpifiRientTdatsap SpatPofy of M ERIBGILFERE of the
present inventy] i xpl ai er.ei na (G _sauad :
source data st ad‘gI §é5?§8ﬁ €4€7Hs]t{e:§’rags 6t%ﬁertétllyral ggﬁéﬁt s%fur%hee ggt%aﬁgggvari ous
musi cal i nStr B SYCRsfed H¥oudt PRI ptYaRabS Bk e thiekaaakp this
case, the above-nentloneg sound source data are assigned nunbers 0 to 255,

while sound s@ycandatis BaxbNguppleied) to anpnitipiival SEoNEHEEnt such as
pi ano and the |ike are stored in the storage section 14V so as to have
numbers di f f emasittifpldershb?eand Sheaneosuppldedalitbnpontinl sata BEBI nt er val

conponent. 8 sound source data, _selected by thg sound '
s (echo feedback) and EVL (echo sound volume) from the

10 'register RAM 12 through terminals 67 and 68, respectively.

. The output of the multiplier 58 is supplied to the adder 53,
'in which it is mixed to the output of the main adder 51lml
through the multiplier 52, and the mixed output is delivéred
through an over-sampling filter 59 to an odtput'térmiﬁal

15 Lout. |

The external RAMs 14ER and 14Er of Fig. 3 constitute
one po:tion of the external RAM 14 of Fig. 4 simiiatly to
the external RAM 14V of Fig. 2 so that the signals &re

k{- inputted and/or outputted for each voice and each channel in

20 a time-division 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'étores
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 assignéd
numbers 0 to 255, while sound éource data having'thé

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



source selecfing data [err] are processed by the 5 si gnal processing
sections 20A to 20H of respective voices in a. tinme-division manner. In this
enbodi ment, a sanpling frequency fs is selected to be, for exanple, 44.1
kHz and conputing processings of, for exanple, 128 cycles in total are
performed in 8 voices 10 and 2 channels within one sanpling cycle.
(1/fs). One conputing cycle is, de1exaane, 170 nanoseconds. In this
enbodi nent, unlike the ordinary operation, switches [err]indicating the
sound stadn theysipyagmeessinn L4V¥psq ks tOFRavef nombpest dikfansintes ard
controlled by 15 use of different flags. In other words, the control .
data KON EEED ER§SRF Kbe Peayinkesval conponest aapythe el ®¥ 2180t h cont rol
data are ' d i L.n separate register a its [err] of
each cont r%gf?lbé§§§9-cofdr gsso\%‘r?dtslsgrﬁsya%ﬁ?hn i?é"sgékyo?hsagﬁng‘# t he voi ces #A
to #H. 20 \F I t us RIS | f oépier) may set
flag "1" gﬁf;cfnsﬂlﬁiﬁf?ﬁi ?ﬁcﬁhgsués%&rlhv% ?iﬁggg%g(ﬁi{'or ey OFF, so

t hat § he wighalsptoeesdimmnsaectioascrohets ROH WE ¢ ekspecbie ngoires ogram i n

which bits, not changed at every indivi dual nusical note, are tenporarily
witten i dnaa28ime-@ivision agin®esr. In this enbodi nent, when the sound

source data, separated in the formof non-interval conponent fnq‘é

i nt er val - conpof@nthis emb feed, SERBL 409§ ragiepay EsnpSnERteTtsd is read

fromthe RAM, 14V .and wi t,Gh L[ et ] f.the si | . cessing

section 20& g?%’t ﬁggvg%gﬁpl}ﬂ i@‘l T‘é%nfg% foe%‘?"fto“}c?r &F@%E%Fﬁgagoﬁff nterval

conponent fod Rxafip1¥9 £88 by AeShAMRotB1 hSe Sétreorniifint Beveatasof the
10 and 2 channels within one sampling cycle (1/fs). One

computing cycle is, for example, 170 nanpseconds.
In this embodiment, unlike the ordinary operation,

-

switches sla to S,y indicating the sound start (key ON) and
sound stop (key OFF) of respective voices are controlled by

15 use of different flags. 1In other words, the control data
KON (key ON) and KOF (key OFF) are respectively prepared.
Both control data are 8 bits and are written in separate
registers, and bits D, to D; 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
flég "1l" only in the voice which the user wants ﬁo 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.

In this embodiment, when the sound source data,
separated in the form of non-interval component and
intervai-component, are reproducéd, the nqp-interval
component déﬁa‘is read from ﬁhe RAM 14V and the switch 8ya

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



non-interval conmponent a are fully redd fromthe RAM 14V, data of one cycle
of the succeeding intérval 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 -praocess the interva

conponent of any one of the voices #B #H. Assuning that the signal
processi ng section 20B of voice #B is Vacant, 10 then the interval
conponent b succeeding to-the non-interval conponent a will be

si gnal ¢ pr oces<aMFPliRd EPgREPCHFDHINE iNRG-4BEETBAL 2EMPRAN AT 0EN iPntFPg.- IGB.
In tha%pevent t.he i,nterval conponent I's cognveried dat f a

predet er m ngd,vrﬂitcc?h #gyatshéi’m’?gﬁ' gedrﬁ/e%ﬁ'ng Fgu{"?e Z‘%Otal§€ t?’e Wen
sounds of di flfitinckaydReasmBofend P hr'd 2Me rSAFT FBIPIGAI RARS LRYIEN ar e
reproduced as an overl apped sound whtle the nusical 1 nstrunent tone forned

of the non-intgyeelofC @RRBOBPE] e FofNEhd adcReBE NG i fOERANE HonponentepE0duced,
as shown in Fi.g. 6A the non-interval conponent 20 a' simlar to the

non-i nt ersal qmpyarteldﬂyarbad;emﬁfamdfn&hﬁAWiﬂmearﬁ:m tpisqgevsednpy the
signal processing section 20A of the voice #A. In that event, the interval
conponent b i onseiofy vacaptsstgnay rarcessing sprbters P & 120810508 of the

voi ce #B so that, a interval_ conponent Q' cceeding to 25 t he

non-i nt er val c‘(ﬂﬁ?&r’?e%? Lo #H Iy o%%’ketsre‘)&q‘tffsgﬁesé?ﬁ%g'l'prp?coecsesssﬁhﬁglé"é&f Y8h of
ot her vacant vgj fQr @x I t ' A O§RSS4 segld : vVoi ce -
#C as shown in&ﬁi’g’fne@% O?ngﬂgaﬁn%a%g,tﬂeﬁg%ﬁﬁtegr \G/gl éd(’:girtrip'ongpxnét ;ﬁigg:tﬂfat
converted to ahd Hinedl peebesseny ldtivnen0Bf bovéiee i 9B alsy#lacangponent 30

by the pitch converting circuit 23. Then, respective sounds are added
by the nbdn addesrs thentindedvSlincomponent b succeeding to the non-interval
- 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
prédetermined pitch by the pitch convérting 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 compohent a and the interval component b is
reproduced, as shown in Fig. 6A, the non-interval componeﬁt

20 a' similar to the non-interval component a 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 20B of
the voice #B so that a interval component b' succeeding to

25 the non-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 casél the interval component b' is converted to
aﬁ interval component different from the interval compohenﬁ

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



sub- adders 51el and 5ler of the |eft-channel and right-channel signal
processi ng secti-ons 50L and 50R and are reproduced as a double sound. 5

In this enbodi nent, 8 voices of #A to #H are processed in a tinme-division
manner so that the pitch convertinﬁqcircuit 23 perforns the interpol ation
.computing, i.e. over-sanmpling on the basis of input data of preceding and
succeedi npuhdsanpeeadded by t paiphadderersintn dndi AdmeOor perfornmed at -

oo e smacdeta bISYTRN SkerpriRs SRR et e (1 Fopar® 1
[ i fi 3 it f P(L) _LS: th it
\?\A! IglnI blacapfdsgén ﬁl%‘lb-lcgg 8£g\?%l%%cﬂro%%tﬁgf‘%h%e#%féeﬁpo aeggﬁoaggaégégaﬁ r 2Su: arly

sel ected éﬂ?g@negs dhasubid doundQssible to obtain a reproduced sound. of
hi gh quali ich i1s free fromvery small vibration in pitch. Wen the

switgh [err] im ehdsedmbydimentcord volicdat af FMON G rismarkeprecetsed 35a, then
t he audi o signal data of, for 20 exanpl e, voice #H, supplied to the
term nal Bdog timeaddwdsionthanngn e cbatr thedpiteclP(ednverdinrgl), whereby the
audi o signal of voice #A is frequnecy-nodulated (FM. Thus, if the

modul at i oBiEFWital23n RerEOFRE ERG ) HEeIRRdALS OBf COPRREINGmHi-€- several hertz,

t hen the nodul at ed .si gnal wll. he giv i to. £ the.nodul ation
si gnal hag"%ﬁ'%ﬁ]'bﬁqt}ln@g i Fﬁgv ?arse]q%e%cf,nptgﬁ_eﬁg’f%égf g?lreecqelﬁiallnigt ?ﬁgf t he
reproduced, souogs 4 4 Randadsl akres SiYicehl boRGesbpstOabinfherefore, an FM

sound source I's provided by the sanpler systemw thout providing a sound
sounge expkysbmmred dtOrth0 samenbampRind ErequiheyCcost 49|ttt ageONorS W i tten

' the the input data. The desired pitch is expressed by the:
control data P(H) and P(L). B
- If the lower significant bit of the csntrol data P(L)
~ is selected to be zero, then it will be possible to avoid
15 ‘that the interpolation data-are irregularly selected and
reﬁoved. Thus, it is possible to obtain a reproduced sound of
high quality which is free from very small vibration in pitch.
When the switch S,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), whereby the audio
signal of voice #A is frequnecy-modulated (FM).
Thus, if the modulation signal has a veryinW 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 guality of the
reproduced sound of the modulated signal will be changed.
Therefore, an FM sognd_source is provided by the sampler.

system without providing .a sound source exclusively for ..

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



register of 8 bits sinmilarly to the af'orenenti oned data KON, .and the
respective bits [err]- thereof correspond to the voices #A to #H In the
mul tiplier 26, the |level of the output signal of 5 the pitch converting
circuit 23 is controlled in:tinme on th&cbasis of the control data ENV
ADSR.: Mre specifically, when the MSB of the contiol data ADSRis "1",

t hen the swi t cegd3teirs of o8neitedsimiliardyi itoutheadfor etmernd iioneld gata,
-thereby performng the ADSR control. \Wereas, when the MSB 10 -of the
‘control_data AR apd' the reagpeetiye kitehDg3soi By comereefetarrespendpbosite
-state in Fig. 2 the enve|lope ntrol such as. the fading and the like is
per f or med. Fortb(%éméﬁ@él'gb g%nf’?‘ol, 5 nmodes such as direct designation,

straight line or I n | e [ n S inﬂﬂ:f';p i -
exponenti al fade-Otr}l?' %’g% ﬁlélgﬁlc{ﬁg’%ﬂyr%%egﬁggéro% %llgé?s 0 l{th%qggﬁgrgf
data ENV.5 I n tfiad f33eh cbifePtOsEbintadlt 23l 48 bénerdl @dmeinkeohnthéal
val ue of each nodé. In the ADSR control, thessignal level is rectlineally
20 ‘i ncr easashgid Wi thieheontt ol kdgtey iENY ahJADSRex pMowntspedif ideddgased in
t he/fNhree periods such as decay period, sudstain Re[iod and rel ease period.
The dur at i ons wifen lvhef ¥8B- pfi pheerntsind Bada- BBERpEs | OF arthew &per |y
determ ned for each node in response to 25 Barameter val ues desi gnated

by the | ower EF_Vbiitt‘g‘ Saat AE E%M??ﬁe@a&“atﬂﬂvilé ﬁfF%‘_‘?‘},s"g% di EdBoné  of
(e attack perytl @l hOFsRHERS! (hOHA0 BB o WOELRL 1 RAPINONSS
control {gta AlSRGr conErblih8ita tAWsEUH ion,| eneh ene swirtch Sy, i
bt ‘ 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 control data ENV. In that case, the
present peak value is employed as the initial value of each
mode.
"In the ADSR control, the signal level is rectlineally
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
are properly determined for each mode in response to
25 parameter values designated by the lower 5 bits of ﬁhe
control data ENV. _
Similarly, the durations of the attack period and the
sustain period are determined in response to pafameter
values designated by the upper and lower 4 bits of the

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



durations of the decay period and the rel ease period are determned in
response to paraneter val ues designated by 2 bits each of the control data
ADSR(1). In this enbodinent, in order to reduce the nunber of 5
conputation, the signal level is redtilineally increased in the attack
period of the ADSR node. Alternatively, the ADSR node is switched to the
envel ope duretiome gfolthgodakali per{edicaridh tiiede ell saB@Age ©18d @3RONdi Ng to the
attack period and the expgnential fade-out node is nade corresponding to
the 10 deteryiped iigy retsmn§asta| pPRRRetRr yaduehedesignsteeddy @d, whet eby

t he ADSR ontrol can. be manu X er f ornmed re naturally. \Wen t he signal .
out put of fﬁﬁ RAFR | éh 581, ﬁﬂ _REBARIRYE scontrol input are supplied

f h I d '
owr tten ot eoaroni eRainely Sbided A5 LML bne e A, S Gna <

each shavi ﬂgmﬁﬁ{‘.&tﬂérﬁ AR tsighkiheeval e danaiahgdehi o9 { e spuuyl sgpur ce data
of, for exanple, the sane nusical instrument, it becones p055|ble to obtain

an audi o shenattaék desiicatl o0 the BDSRIlmqnie.chm&@h:ﬁ&tﬁ?éllyﬁlﬁﬁéﬂm fromthe
predeterm ned ADSR pattern. In the signal processing sections SO. and 50R
of Fig. 3moﬂne1§mﬁw’et=@e{%rtrq thec epvehope d%@vb}h@heotmmnml Miartea EON

err fr the te a la to 25- 61h, thus the voices to be
E[ever ]b)er atf eb'éf‘n’@"é%l "g% "?(536 CPRZeEBARILRY LR é‘hﬁcﬂtﬁﬁ‘é}‘vﬁﬁ’c% anMf t he 8-bit

(POt eIt L P AN GUIPRLERNEY hAN Botr LBERATHEYed LIS OT CTORS

given to the reSpective v0|ces he S hated to be
equalo i n Rcay baelberttw@ohdstahh gaanaelénd e rz@ﬁassefpéfpsa,for exanpl e

o’
whereby the ADSR contrel can be manually performed more
naturally.

When the signal output of the multipliér-zs 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 generateé 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 predeterhined
ADSR pattern.

In the signal processing'seétions 50L and 50R of Fig.
3, the switchs S4ar SSa' t0 Sy4¢ Sg) are each closed by the
control data EON (EON, to EON;) from the terminals 6la to

25- - 6lh, thus the voices to be reverbe;ated 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 egqual in

30 the left and right channels in a range of from, for;examplé,



0'to 250 milliseconds by the control data EDL supplied to the echo control
portion 14El fromthe:-ternminal 64." Further, the anplitude ratio of the
precedi ng and succeedi ng echoes is determned to be equal in phase in the
left and 5 ri ght channels by the contpdl data EFB of coded 8 bits
supplied to the multiplier B%:fromthe terninal 67: The control data ESA
fromthe terngao @350pmdiildescoiés uppethes doirtts odf daha EDarsupyd iedditess of
the portion used to- control .the echo (reverberatiaon) in the external RAM

[14. ]10\f ; dth?gethORChhtféfB@rt'sorsdpﬁ@’i &rom thet ermbrak i€dents [err] to
err] of code its fromthe, term nal, 66, whereby the pass:band )
characteristi FWthefe PR PWPféT—“%% ratipof rﬁhﬁeﬂréﬁegkngda'lﬂ FHCEeeding
nat ural echo sound .fr.gm | 1or ens andpqi . echo
signal thus _ob?c & 1%3 dggﬁg#?%%‘gt%° ts%‘% ‘%}%ll pﬁi gbgég }I?nt%ilcﬁ;ﬁ F}Ll(as _
mul tiplieg withy e GaRhe?s B3t h&\eodti YN idakal BFET B! cbfed B sl he

mul tiplied echo signal i's supplied to the adder 53, in which- it is added
with the main suspldied goakhehmahtipl ved t97lfroth whehtehwiRdl 67 .control data
ML by the rmultiplier 52. The control data ML and EVL are 8 bits w t hout
codes and are nutudihey contieptndate ESkrfimsacithet hermimnbybhrpr iigies the

i ndependent in respect to the left and right channels. Therefore, the main
audi 0 si gnal awRPehd dik§ efghhe starting pddressie@fchepeition used to

| evel -controll ed ereby a.reproduced und f. el d_i | f f
presence as I fc?'hterm& gﬁ%g!‘:g"\/\gfg"%ﬁb?%%%o"rnlqgilr?altggcgﬁg ?’gﬁsp%%:de.ﬂ,&ccordi ng
to the e#sct roni ¢ nysl Gk 5E§&éyn§@ti§fsd§1§ﬁim‘ﬂhn€ﬁ&,céaef-mreﬂt@st@rval
cogponent as the formant 3 conponent “I's signal - processed by the siognal
processi ng to C7 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 e¢ho 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 terminal 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-from each other. They are also independent in
respéct to the left and right channels.

Therefore, the main audio signal and the echo signal

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

According to the electronic musical instrument of this
embodihent; the non-interval component as the formant

30 component is'signal—brécessed by the signal processing



section 20A of the voice #A.and the interval conponent is signal-processed
by any one of the vacant signal processing sections 20B to 20H of the

voi ces #B to #H, whereby the sound. musi cal instrunment can be perfornmed
excellently by 5 t he sanpl er sod source including the non-interval
conmponent of . seven. over | ed.soupgds_i voli ces at maximum.  Consequently,
as conpargﬁc&fgﬂ gp%d%%t&ﬁgpglfevggcﬁggdgh?Hﬁ&ﬁﬁﬂ-'nf8?93T9%5ﬁﬁ%nent and
the interyal,aPIpPocdised Hy23nyIBRE &P a%&mﬁ%md, igHER pPE&edulid Pl.exed
sound can g?nlonp repsr odugg? gy tﬁe use of less \'%ig?:les.gllgurt#e{lrﬁ,d accQs di ng
to this egeedionst 208 Z0he ofeehebeodie 9B A GHadGhegeby OgOSSi Ng i s .
performed by the signal processing sections SOL and 50R, the digital audio

si gnal is seundyef bysidal usnstaumeht canape parforpied: kyceblentloxthyr nal RAM

14 which is used to store_sound source_data. Therefore, the external RAM 14,
i s note efthecERBRLGL L$9YNG EPUESE LRE1VAINI She Ranydnfer¥al for del aying the

digital audio si aIf becones usel ess. Ther ef.or t he audjo signal
gener at i ngPIBBREAELSE FEXET SVERBERPRANECUIS B & JOUSER B B M | ogs
menori es L{gui s o4 hgr € 9S} LET efl. is to be
not ed tha?a t S%Hgfglr‘-% e %%gi{“ﬁ&ggﬁ?ﬁﬁ %aﬁ%ee etl%rr%i ngl:%%/ ?ﬁetﬂé

del ay- pr oaresiingee¢hDd conpordntsandi ene idtérwdld coffponens agduced in
accordance with the increase of 25 the storage capacity of the sound
sour ce datassigoedgtoseach woudly. mEkhsmdi ¢ anvbirkplgxedasobpdr eam\ieel by
consjdering the total storage capacity of the sound source data storage
sect}®n 1A2prpduchd B nbhe oite Sf 4886 ¥RECEEl and 14Er may not exceed th?.)

total storage %%Q%ﬁ££¥ P eéJH%ng to this embodiment, when the
reverberation soond adding procesaing is performed by the
signal processing sections 50L and 50R, the digital audio
signal is delayed by the use of the vacaﬁt 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-uaeleas, Therefore, the audio signal
generating apparatua of this embodiment_can be produced by

20 the less memories and the circuit arranéement thereof can be
simplified. |

It is to be noted that the storage capacity, which can
be determined by the delay-processing echo control sections
14E% and 14Er, is reduced in accordance with the increase of

25 the storage capacity of the sound source data storage
section 14V. This disadvantage can be removed by
considering the total storage capacity of the sound source
data storage'section 14V and the echo control sections 14E%
and 14Er may not exceed the total storage capacfty of the

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



30 external RAM 14 when nusical- software to be stored in the sound
source ROM 1 is manufactured. Fig. 7 shows the arrangenent of the conputing

section associated with the adding process of echo. In Fig. 7, like parts
corresponding to those of Figs. 3 and re marked.5 with the same
ref erences and therefore need not be de&scribed in detail. Referring to Fig.

7, there i s shown nul ti ier.71 which is supplied with outputs of the

buf fer RAM 55 %‘?ﬁi‘f:?[_"é’r‘Frp@gi $iif Wﬁ%ﬁ%&gﬁ% bus line 72 I_OThj S 1
mul ti pli.er S . : 2] ' [
throughlwa bus Iine%'}’og.' ;}T%Selegglto%% %ﬁ%ﬁ%’%ﬁt ?’5 ?g% gémﬁggﬁsra%%% Otno acC

regi ster 82, aggkdditit@d Rithothéhgadind ProcRssBA3fi ecBOMMOIA Wiglp[l | adke

through an overflow linmiter 83 and a l'evel shifter 84 to the[err] register

85, a [err] repasisercoiveapdndihgred tibose ofe@igser38and Fherewmignkedof the

register 85 is supplied through the bus line 72 to the_nultiplier 71 as

descri bedSaboveitinthauisame seienencegiand thggeforgeneed et the dessdberde.

The output of the_reqister 87 is supplied to the buffer RAM 55, and is al so

comonl y suppl*%mpﬁ gh a [err] 20 register 88 to the register RAM 12
b

[
and, the external FAlekhs ReKBPRLGL1 01 flodd ST OB PR AL A P13, 1
Lo one [ LEMERILAC L Slipagnt mesopiand 2 and ¢ X,
_ gi ster and signal data xe fromthe
[err] registerrédister 85 thpbugh ailbis cdate Gt2her Thist helbiplied i7dr iB1. When
the ;ound volune of the right channel is pontrolled,,a ri%Qt %ﬁynqlvolgne
coqtr ol 10 also supplied with the output of the reglste; AM throug
" a bus line 73. The Butput 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 level
shifter 84 to thé_Yo registei 85, a Y, register 86 and a Y,

15 register 87. The output of the register 85 is supplied
throﬁgh'the bus line 72Ito the multiplier 71 as described
ébove. 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 cdmmonly supplied through a z4

\_/ 20 register 88 £o the register RAM 12 and the external RAM 14.
The operation of the main portion shown in Fig. 7 will
be explained below. |
When the sound volume of the left channel of, for
example, voice #A is controlled, a left sound volume control

25 coefficient [IVL] from the register RAM 12 and signal data
xe from the Yd register 85 are multiplied with each other by_
the multiplier 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 Y0 register 85 are multiplied with each other by



coefficient [RVL] fromthe register RAM 12 -and signal data 30 xe from.

the [err] registéer 85 are nultiplied with each other by the muitiplier
71. The conputing sequences are expressed by the foll owi ng equations (3)
and (4) xe [LVL] + [err] ........... X8) 5 xe [RVL] + [err]

............. (4)_ For_other voices #B to #H, the sound vol umes of the |eft
and ri ght tbRamwktipliver ddntrolled sinmlarly as described above. According
to this enbodi nent,-the foll owi ng conmputation 10 is further performed in

order to add tTRe rRRRUSENG: SERVERERR TP tHPIESFRLaPY atiae of ARG Wierst he

mai n sound volu t lett and right channels are controlled, the main,
sound volgﬁ%g%%n $oﬁbc3®@f#g}ent [MIL] fromthe register RAM 12 and t he

signal 15 data il + expressed by the equations . and (4) and derived
fromthe [err] register 85,1'la?‘é—r?rgﬂ4i pl'ied by 't‘ﬁé’FruI(?? plier 71. The ,

resulsting nul tkel. Hdrmea-ub;gz.i_i_Lﬁ%orari ly stqred,in¢jhe register 82. Wen
on the other hand the sub-33lUnd voltnes of the 20 left and right
channel s Epe obther ordices ##B Lodth, dthe gaund vedumpereof Yie thefboi ces to be

sel ectivel y added with echoes are {)r ocessed hy the | owpass, filter as
descri bed2Rér Eighkrrannelpare cop f%%rﬁiﬂ@é%&i’aﬁ&i@e%’é’eq err] and
[err] are Egégectively multiplied wwth an echo feedback 25 coefficient

[ EFB], ad8€8¥Wth the sel ected audio data [err] and [err] and are then fed

to the externajcoBf@if ol ¢BisaBfbodiment, the following computation

10 is further performed in order to add the #everberation sound \,J
to the digital auaio signal. . '
When the main sound volumes of the left and right
channels are controlled, the main séund #olume control
coefficient IMVL] from the register RAM 1é and.the signal
15 data X; and xp, expressed by the equations (3) and (4) and
derived from the Y, register 85, are multiplied by the
multiplier 71. The resuliing multiplied result is
temporarily_stored-in the register 82.
When on the other hand the sub-sound volumes of the
20 left and right channéls are controlled, the audio data x; . | \;’
and XRE of the voices to be selectively added with echoes
are processed by the low-pass filter as described
hereinbefore. Then, the thus processed audio data Yy p and
Yrp are respectively multiplied with an echo_feedbaék

25 coefficient [EFB], added with the selected audio data x, .
and XpE and are then fed to the external memories 1l4E{ and
14Er, respectively. '

Then, the audio data y;p and ypp thus processed by the
low-pass filtefiare multiplied with the echp.sound volume

30  control coefficient [EVL] and are added with the



14Er, respectively. Then, the audio data [err] and YRF thus processed by
the | owpass filter afe multiplied with the echo sound vol ume 30 contr ol
coefficient [EVL] and are added with the af ore-nmenti oned nai n sound

vol ume data. The conputations as descri bed2bbove are expressed by the
followi ng equations (5) and_ (8). [err] 10 The results conputed by
t he equati ons ¥@regmgntapned cnaifpfdquad volbmet fatduffer RAM55 via the
regi ster, 87 and stqred there$€% Wi | e the.gresent Lnvention is applied to
the sangl e sound sOUFcECTRUREIMHAF J55FL1PPE AROVR A KXPIESS.Y PKat 15

ithe present i i b |4 Y,e@applise 0 desired sound sources. As
BRI E0 o6 3 PEaH{ Y Ys3PRLESTs

descri bed above 1 n detai e eécho sign Yy area is provided in the

vacant area of the no ' jch_t sound source data gk stored and
there i s provided rryg‘gnsltggép m&rE WE?E'iEti ng the p'r‘b'v‘l's'l'o?l(sgf the del ay
area, whe§eby the dil ay[RveR can be—prevenfed from being i(rézdvertently
provided in the nenDry at its area in which the souhd *sdur data are
witten. Thus, the¥YgprodBVekct i vety2hgr pcho signal becomes unnecessary
and the digital audio signal 25 gener at1 ng apparatus can be provided,

whi ch can stably aMappo$¥¥Bl et *pef feel¥rehe rever berati-on. (&)schematic bl ock

di agram form ng Fig. 8 gﬂﬁ@ﬁ an arrangenenf of the conputing section
associated with théRfre y nodulation (FM. In Hg...8, Bdke parts 30

corresponding to tg,%ge, eEvil % aLg_,g_%{ke with the_ sane
- 10 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 above, 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 signai 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 inadvertently
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 generatinyg apparatus can be provided, which can stably and
posifively effect the reverberation.

A schematic block diagram fo¥ming Fig. 8 shows an
arrangement of the.computing section associated with the
frequnecy modulation (FM). 1In Fig. 8, like parts

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



references and therefore need not be described 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 the buffer RAM 22 through the bus line 72. This
multiplier 71 5 is also supplied with outputs of ROV 74 and 75 t hrough
the bus line 73. An output of a ROM I's supplied through a bus Iine 77 to
an adder 81, and the output of the nultiplier 71 is supplied to the adder

* ) h . .. . h . ) h .
oui put of HEterse' SRatEhElerted o0k TEe Feddinnd e 3bteirt ne 77 1o

the adder 81, amdrig.aBsoi€qMNpe sSWRR! L&kt e .qvertlow limter 83
and the | evel shiftgr 84 to the YO register 8 ,éﬁﬁﬁgt?gﬁﬁ ¥r2%i§fer 86 and -

[err] regisippli@d wibk the potputfs blfethegié6gaste SRaMNd 284nar epsupplied to

the multiplier 71 via 15 the bus lines 72 and 73, and the output of the

regi ster &nffers BaMt 32 thronghsithe. bihelbperz2.i orrhdfs modtiplpeporii on shown
8 w il be ex low. In the case of frequency nodul ation

nesuring tifaeLed; FrEBbIed ith ot o
_ g tifal 8 FEPRYIed With QUEPHEEARE AWMU T4 ainde TEOUIXPuUGE the audio
i cat od TRy TRRenURy o toer 85 B, Hpu 06, of% iepeRdeRc thRRuGhIBe of pi f ch
{1 equency oduatl on 28 T ST e cxnd oehd P ST ERE A BRI on (o)
Pm = P(1 ¥ disr gppplied to the adder 8l. .The -outPutFekt BRE, adgsHE N0 that SL
Is the pitch data (slot value) on the RAM 22, then a pitch data (sl ot
val ue) of ish&upriied k9| the) Gaeigdster| 82 be Thepromtped by the ¢ol | owi ng .
10 register 82 is supplied through the bus line 77 to the adder ~
. 81, and is also commonly supplied through the overflow
limiter 83 and the level shifter 84 to the Yo register 85,
the ¥, register 86 and ¥, register 87. .The outputs of the
registers 85 and 87 are supplied to the multiplier 71 vié
15 the bus lines 72 and 73, aqd the output of the register 86
is fed to the outside.
. The operation of the main portion shown ‘in Fig. 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 value of
pitch indicated by the P(H) and P(L) registers and that Pm
is the value of pitch indicated after the frequency
modulatipn, then the computation for frequency modulation
25 will be expressed by the following equation (9) |
Pm = P(1 + yo) eveee (9)
Further, assumipg that SL is.the pitch data (slot
value) on the RAM 22, then a pitch daté (slot value) of the

next_sampling peripd will be expressed by the folldwing

30 equation (10)



30 equation (10) SLm =SL + Pm ' . (10)
The resultant SLmis used to generate address data of the RAM 22 and the
ROM 76 for pitch conversion conmputation, thereby generating the input data
of the pitch converting 5  circuit 23 and its pitch conversion filter
coefficient. In practice, the conputing seegyences are as follows. In the
case of FMON, a coefficient [1/2] is generated fromthe ROM 74, and this
coefficient 11/21 is nultiﬁﬂied wi th the instantaneous value [err] of the
signal \gf voice #H $Bm = §r dmBthe [err] regi'ster 85 by the.rul €aplier 71
The multiplied resuﬁé and the constant Ll/é] fromthe ROV 76 are added to
each other by the atfBrr&¥ g@@ af PRedr hRveRYrake fddEesredaty oF the

fol | ow ng equagign [ 4L 1 i gt [ reagi.ster. 87 via the. C
Fegi ater go. 14h8"RARY2 dhd'id Houf 6! 8B B an 'S oh pfpButaticn,
..... (11) Thepnekbby eM&¥dBGiAkheV2hpata88td "6r R biRhUBCRVEF PR he
register RAM 12 are nultiplied with each other by the nmultiplier 71.7 The :
mul tiplied resecitcabt 2heambrittsaptitcl] cbnvershen FItee eoefgddeentp each -
ot her by the adder 81, 20 ‘and the conputed val ue expressed by the

fol | owi ng equation {n2practige . tde campubingreeguangessarepag folloysyr])/ 2
+ 0 [err] PmM2 _ ﬁizg Further, the _sl|lqt value SL on the
RAM 22 and the coef FRcHR$1Cq5E P FHONvt RecoRif tedente [H12di Api seneratprdach

25 e, Core” k0 BAABH Y, Che 3R AL S8 GO A BB ERRP YL

fromthe regi syetn8Zne Al fstaifatheolsCdaluet PEroPYerd %1309 oflvofld e

added result is supplied

10 . from the Y, 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 (1l) is written in
the Y, register 87 via the C register 82.

15 Yo X 1/2 + 1/2 —> (1 + yg)/2 ceee. (A1)

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 expressed by the following equation
(12) is written in the C register 82.

Px (1+y,)/2+0—> Pm/2 ceees (12)

Further, the slot value SL on the RAM 22 and the
coefficient [1/2) from the ROM 74 are multiplied with each

25 other by the multiplier 71. The multiplied result and the
computed value, expressed by the equation (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 regisier 82 and the like té the level shifter

30 84. This level shifter 84 performs the 1eve1-shiftihg



through the register 82 and the like to the l.evel shifter 30 84. This
| evel shifter 84 ‘perforns the | evel-shifting operation of x 2, thereby
suppl ying an output, expressed by the follow ng equation (13), through the
register 87 to the RAM22. (SL x 1/2 + Pm2) x 2 [err] SLm

..... (13) 5 I f the instantaneous value [err] of the nodul ation
signal is greater than O ([err] > O)Q.‘ﬂor t he nodul ated signal as shown in
Fig. 9B, then the instantaneous frequency will be increased as shown in

Fig. 9A i bhaneq I dlq | h < 0)wthen
t he instaﬁ%ﬂ%ﬁfosﬂ ﬁg‘ﬂgﬁc?%gew évﬁél%lé] gdé?r gggggéég& o%/\%\seelrdﬁlhli—li g. 9C. As
descri bedthbofel1awimeoeignetioh (1) pleHudhy thk PegLhteowErdd RKeMEANS OF
the anplitude control neans is supplied to other pitch converting neans or
anpl i t udeR3¥n22 0l neans as the control signal so as to obtain the 15
digital audio signal_thus_freguency-nodul ated or anplitude-nodul ated. Thus,

the signal sout®e X &2 dsPRERY ¥isedTOSLFodul at i on, « beconds$ lunnecessary so
that _the digit udi.o E%ggal gener%Fin aE&ar tus of  this enbodi ment can
be sPnplified ShItPIeR-8ReoYy vatue T of g thegmedplation Signgte of a
synchroni gj | |tz oD I C | ghtal si.gnal spLo Si rat us
(DSP) 10 gﬁgﬁﬁéﬁrﬁhﬁ;‘l bp\ﬁgﬁegséﬁgf%lnﬁhe( blggi"g%ggga%‘ | ea%ngﬁgpllgn and/ or
read dataihreigl les.exhenngheRinbtdntahedus Freduvhsy owilmmeer. 25 I n
this enbodi nent, as shown in Fig. 10, respective bus lines of the DSP 10
and the CPuraersed asoshovnedint Bighdlxt difndheRinstantanedust ofalaer cuits 10a

and 13a and swi t ches _ _
Yo is less than 0 (yy < 0), then the instantaneous frequency -

10 will be decreased as shown in Fig. 9C.

. As described above, one output of thé'plurality 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 fregquency-modulated or |
amplitude-modulated. Thus, the signal sourée, exclusively
used for modulation, becomes unnecessary'sb that the digital
audio signal generating apparatus of this embodiment can be
simplifiéd in construction. ' Q;y

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 sﬁown in Fig. 10, respectiﬁe 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 éontrol bué line of the DSP 10 are connected

30 through the latch circuit 10a to first fixed contacts 97a,



97, 98 and 99. More specifically, address bus line, data bus |ine and
control bus line of the DSP 10 are connected 30 t hrough the latch
circuit 10a to first fixed contacts 97a, 98a and 99a of the.bus |line
change-over switches 97, 98 and 99. Adgress bus |ine, data bus |ine and
control bus line of the CPU 13 are conrmected through the latch circuit 13a

Lo second Tl X¥bL UHAGE% BE0LnI0Byants ORI ddlRvERABALEONEL 7, oeSUirlEs.

97, 98 and 99. Movable contacts 9/m- 98m an of..these swtches 9/, 98
and 99,gre corgect elidresadBuessihe’s date buidnkuanti 86ntréll Y nGinebvs
line of the external RAM 14. A frequency signal froman oscillator 91
connect ed wi t htli® CPU 3d3gaxet zonsecteditthrdigh ithesdippthedirenit lsta dod
second frequency dividers 92 and 93._ A frequency-divided signal fromthe
first frequencSeAnd ddixedocpataghkp| Iiky 138k RRdD8PL10f s8he ehande-9vgsal and

Tanal . The sl 8T8 M 300, S Wy e oBkabe a PR B G o "

response 10 a sl GuiRRED! oF| I aieigel e EONLDERS KB dHAle¥Ous

control circuit 94. I'vision signal fromthe tine-division contro
circuit 94 is pifd) icadat BusNEih8Pahd teunirtdl bak 2iRENPArEi®rextrnal9kasnd a
machi ne cycle signal fromthe CPU 13 is supplied to the other input

term nal of thBlconparator 95. The conparator 95 detects a phase difference
between the switching timng of the switches 97 to 99 and the machi ne cycle
of the CPU 13, and %gﬁfﬁﬁpé§°¥t sigrhdrRh@» @scddietops?]l copnpeted wishe

nput e Nl Ol WRe21 5489 01,4 {4 SHIRATEk Y 50! R LT 1N
. 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 cont;ol clock signal. The switches
15 97, 98 and 99 are changed in posiﬁion in response to a
switching control signal derived from the time-division
control circuit 94.
A time-divisibn signal from the time-division control
ciréuit 94 is supplied to one input terminal of a comparator
L 20 95 and a machine cycle signal from the CPU 13 is supplied to
the other input terminal of the comparator 85. The
comparator 95 deteéts a phage 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 c;ock signal.

30 The operation of the synchronizing circuit of Fig. 10



93 is supplied to the other input term'nal -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 ﬁ%[cuit of Fig. 10 will be explained
with reference to timng charts formng Figs. 11Ato 11D. Let it be assuned

that a clock s naI Fi ich results, fromfrequency-dividing the
f requency wild iﬁ’e‘g%d %SGV'}/EF&FBF‘*Q?bV“EW fhagtst feEmERSy di vi der

92, is su I gg & {ppP 10. Then, the output signal of the first .
frequency i der i'S supplied to the ti me-division control cirecui t,.ﬁ4,

and this ti mi‘ fiet! $t Obe CAHUNRId EhlatUkt c%cléaéic_{xﬁﬁ Qi g3UEDAR, which
ti me-division-control that 8 periods 10 he out put signal fromthe

first fremmy:sdfvoxdefréq’&:are@—tdab&amg the Prsduethcy Edgraljuefttlye the
time-division control circuit 94 generates as a tine-division signal a
si gné \A/mqﬁellégtgno% by theg firss tépqaee@y yd:gﬂelsrt 92ni 4 seppliethd | ow

Fevel at ever ods of the_clock signa ' of the DSP 10." The
" frequency-tf ﬁa?r 0 ﬁ?e‘l'hé:@eé’&ﬁ&“?r§t|%'é‘?1]cffdlt\}‘iedglu§§ is selected to

be four tig\r}es n@gcéﬁgy&pyﬂjl Vsl (;I Egléghlg hé q__e';l fel r‘ﬁglﬁggguency di vi der

92, where requency generates frequency

si gnal hawidiiraaf E?ﬂé‘@i‘@%lﬁ ard* t8fi st BdheOdid 1 o QOtEbdnal réupen t he DSP
10. This frequency signaliis supplied to the CPU'13 as a cl ock signal as

shown i n Bi4g.catifes bmttd:mdh ev arime-tihe i shoh+emntmadl ¢hat B8hpefHPh843 becomes
a signal- which changes in: synchronlsn1mnth the tine-division 25 si gha
as shbwn iaf Rihg. output s¥gnal Haopokbe §Msbhftﬁqqqns=y divider 92 are o

taken as one per;qd, Consequently, the t1me-d1v1s1on
control circuit 94 generates as a t1me-d;v1s1on signal a
signal which, as_snown in Fig. llé repeatealy goes to high
level and Yow level at every.4 periods of the clock signal
15  of the DSP 10. | o " |
The frequencyedividing ratio of the second frequency
divider 93 is seiected to be four times the
frequency-dividing ratio of the first freonency divider 92,
wher eby the second frequency lelder 93 generates a
20 frequency signal hav1ng a frequency of 1/4 of that of the
clock signal from the DSP 10. ThlS frequency signal 1s
supplied to the CPU 13 as a clock signal as shown in Fig.
11C. 1In that event, the machlne cycle of the CPU 13 becomes
d signal which changes in synchronism with the time-division
25 signal as shown_in-Eig. 11D. When the power switch of the
- digital audio signal generating apparatus is turned ON and
so on, if the comparator 85 detects that the time-division
signal and the machlne cycle 51gna1 are inverted in phase,
then the c01nc1dence detected signal is not supplied to the

30 AND gate 96 so that no clock signal is supplied to the CPU



digital audio signal generating apparatus is turned ON and so on, if the

conparator 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 gate 96 so that no clock signal is supplied to

t he CPU 13 fromthe AND gate 96 any no{$2. In other words, the clock

signal (Fig. 11C) of the CPU 13 loses its pul se shown by a broken |ine

PRk BB Y URSTL AL, S, B B

in phage. Thus,” the nmac €<i s noved I'S placed

in a nofmal condnbhonriGuUrifers of hheORPUALBONoEEs Wik & Npuipded show bt gn i n
and/ or read out ;of the external RAM 14 by the DSP 10 and the CPU 13 in a

ti me-di vi si on brokear 1dhe| béeawse |t adme-diviion sbfmakrad ttheFmgeshid@A to
12G In this enbodi ment, one access tinme of the external RAM 14 is sel ected
to be about 33¥ycignsignahdarerdiffiarentndnyphesess Thumy dthe macbdpre1o is

sel ected to be about 240 nanoseconds. Further, one machj ne cycle_of the CPU
13 is 155 s&v&dtedst BoBed dnohaldn £YGler 888c R dPLAE AL FPSMAAnoseconds

i n one machi ne g%ﬁLgoﬁre enpl oyed as one nenory access tine. Let it be
assumed t hat 9% 5_v *mentioned synchronizing circuit of Fig. 10 generates

the clock signal 2@yuren@f, ! ife e rtti dn@nChREEn SadER! i Olwdit@ehPYnl3 and
the tine-division signal In the normal states as shown in Figs. 12A, 12B

and 12C. 'Then,andfoithgeadvet , obadtHe ExteiryiadCRRNS1H sy athéViDSH 10han@Pthd3 is
provided in the second half portion of one machine cycle S as-shown in Fig.
12D. Then, CPU 13 in a time~division manner will be explained with

~ 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
- access time of the DSP 10 is selected to be about 240
nanoseconds. Further, one machine cycle of the CPU 13 is
15 selected fo be about one microsecond and about 375
nanoseconds in one machine 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
portion of one machine cycle S as shown in Fig. 12D. Then,
25 as shown in Fig. 12E, two memory access periods My, and Mp,
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. 12G,

30 three access periods MDl" Mp,' and Mc' each having equal



25  as shown in Fig. 12E, two nenory acoeés periods [err] 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 extern 2AM 14 i s about 330 nanoseconds so
that, as shown in Fig. 12G 30 t access periods [err] each having
-equal 33 interval are provided in one machine cycle S as shown in Fig.
12G Wi i8teRBahcRER PIRYdeds i5f oppem@siFing cyRRle S3aandhbie ixternal RAM 14
are not Oinc#?gnt as descri bed above, 5 .according to this enbodi nent,

t he abové*fen

hed di spl acenent of the access periods can be properly
adj usted by tRR; WM {isdi JHh ey : Lpeg s . 9 0,99 by tihe '
tinme-divisi onﬁg(l)nt r%‘f c#gﬁs%?%gkggé %ﬁetﬁﬁé:%qg%ér g?lho?'é Bféltmél atch
Circuils ck@araad RAR.14 Wrdaototoinenssst cas [dchlned hbBgefli vision control
circuit 94 generates such a switching control signal shown in Fig. 12F that
on tHe bagiceordingheottinbs dmbicsiimensi, gbhe abover-mentiionedl2C, t he novabl e

contacts 97m 98m and 99m of the switches 97, 98 and 99 are connected to
the firstdisPlagenent .of stloraccess paiiods cam ibg Hropetly adfjiussedaccess

i od d t cond i od, f th t | RAM 14 and.
hat °t he THo S48 EvCORR A Saprelon, SR SStFohed i & BSnEw 67 98 and 90

are conngg Yol S i NngacC 9 ¥8b ,and 99b.during the
third ac?%?%ggg?ﬁ%gsferri; 'lTﬁéﬁﬁggghbgi%éﬁi%E%iég%ﬁﬂwﬁ@@fgglfgstﬁg 20
DSP 10 i stiadapitedl torbel€s Ity sirgnabks.supsl bednd iy telee ,Dyfel i nes during

the first access period [err] of the DSP 10 until®t e first access peri od
[erl® of time-divdsheh ewntddl iGircuit 94 generates such a switching <
' control_signal shown in Fig. 12F that on the basis of the
time-division sigéal shown in Fig. 12C, thélmovable'contacts
97m, 98m and 99m oi the switches.97, 98 an§299-are connected
to the first fixed contacts 97a: 98a and 9§§ during the
15 first accesS_PeriQQiMDI' and the second ac¢§ss period Mp,'
of the external RAM 14 and that the movable contacts 97m,
98m and 99m of the switches 97, 98 and 99 éﬁe connected to
the second fixed contacts 97b, 98b and 99b.auring'the third
access period M.'. The latch circuit 10a c@nneeted to the
20 DSP 10 is adapted to hold the signals supplied through the
bus lines during the first access period MD; of the DSP 10
until the first acgess period MDl' of the e#terﬂal RAM 14 isﬁ
ended, and.is also adapted to hold the signals supplied
through the bﬁs lines during the second access period MDZ of
25 the DSP 10 till_the second access period MDQ' of the '
external RAM 14 is gnded. In likg a mannef; the latch
circuit 13a connected to the CPU 13 is adapted to hold the
signals supplied through the bus lines during the access

period M, of the CPU 13 until the third access period Me' of

30 the external RAM 14 is ended. The latch opérations of the
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ended, and is al so adapted to hold.the signals supplled through t he bus

| ines during the second access period [err] of 25 the DSP 10 till the
second access period [err] of the external RAM 14 is ended. 1In |like a
manner, the latch circuit 13a connected to the CPU 13 is adapted to hold
the signals supplied through the bus |lingg during the access period [err]

of the CPU 13 until the thivd access period [err] of 30 t he external RAM
14 is endedatc?%lﬁmé)pm@tam&@é 4P€ conBfol BERhpy M eukt exaRipirand 13a
are conroIIed by, for exanple, the CPU 13. As descri éd above, the DSP 10
and t hé CP¥nk3 cgan ghare the single external RAM 14 in a tinme-division
manner, 5 whereby the external RAM 14 can be utilized nore effectively.
Thus, the externals Ridddrilied abovesstiie DSP 1ot andf thbecBBP130cand t he CPU
13 can be constructed by | ess nenories. Further, the different access

peri ods of sherd3he (singlle hextdrhdB RAM 24l int adtinebdivgsibnamdnnerthi s
10 enmbodi ment, one accessing is perforned at every period of about 330
nanose&ndshereheithe, emmwappa@awseontiuaedvmomw accessi ng
speed, which can be relatively inexpensive, can be enployed as.,the external
RAM 14. WhieRfeotd vaiie- RS orfdte coberRaht RAM; L Eer; REOESSSipgnfPRat i on

of the DSP 10 of relatively high_acces d d the, CPU, 1 el qti
| ow accessidRFaRedh %rP%PYH% 46““?58nng1$P§$Pe§2t8°P§Er3389§ %@ F%%gd

CoTbl e O it A SRR enBT 5 APPeRRaBC REChYpIBRYIbAY hB 25oBELC

ang/ t he Ny Yana 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 acceesing'speed
and the CPU 13 relative low accessing speed, this inventiop
is not limited to the above-mentioned combination and the
access periods can be properly adjusted in accordance with

N 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 embodiment, 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.
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- Furthernore, according to the-digital audio signal generating
apparatus of this enbodi nent, since one external nenory is comonly
utilized by two sets of data executing neans, the nmenory can be utilized
nore effectively and the 25 menory can be saved. [err] 35 Attention is
directed to the follow ng copending ggplications which were divided from
the present application and describe and cl ai maspects of the above
descri bed appait¥ntsior® is direct®d tts eiiat £6114WDhdg Cabpenatag| 9304331, 3
(Publication No. ) describes and clains a digital audio sigpal
gener atappl ixgtaicrisi whichwere tdbvidédufrah tive pfegentnappliéapibnh
converting neans is used as a-control signal input to another of themto
producand fdesyuribe il clalin @ispecis)iofi| thedabove gdescribedi sh Pat ent

L B R

Application No [9304329.7 (Publication No. ) describes and ,
cl ai s app#irgtug. audi o signal generating apparatus in which the output of
one of a nunber, of anplitude control nmeans is_used_as a control 15 signal

i nBut to anotB¥eitish ¢ nt Apphication M| [ P804-&BduBat ed digltal audio

signal . Britjish Patent Application No 9304330.5_(Publicatign No.
) descrERLLIGAFIIMNR. o data procesH "E*li’%%i?n‘?nctl\ﬁmﬁ ?\Aﬁlgiﬁ'@ﬁti ng

means, _a 20 _.mcroprocessor and a digital signal porocessor _access a shared
reror y e SRR HSERnd el et WAlE BRE°EREBLL 6 SRe
of a number of pitch converting means is used as a control

signal input to another of them to preoduce a frequency

10 modulated digital audio signal. ~
British Patent Application No [§ 3043297 ]
(Publication No. ) 'describes_ and claims a digital i
audio signal generating apparatus in which the output of one
of a number of amplitude control means is used as a control
15 signal input to another of them to produce an amplitﬁde
modulated digital audio signal.
British Patent Application No [ 9 304330'5’ 1
(Publication No. ) describes and claims a data
processing circuit in which two executing means, a o/

20 microprocessor and a digital signal processor access a

shared memory in a time-division multiplex fashion.
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36* C L MS * 1. An apparatus for generating a digiEaI éuafo sighal
conprising: 5 *(a) nenory nmeans for storing a digital audio signal;

(b) control means for controlling a reading of said digita#~audLg‘§LgQ§L_“‘
fromsaid nenory neans; (c) signal processing neans for pEi!orning a

predeterm ned synthesis of said digital ggdio signal read ’HMIWJH"I |
¢ - a

control neans so as to produce, on reproduction of the si
desired voice. (d) tenporary nenory nmegparMged in the synt hesi s i n*sas _
_contro{Zneans and said signal processimmgTeEans; and (e) nmeans for setting a
delay area in a vacant area 15 of said tenporary nmenory neans so as to
performa delay processing, when a reverberation signal is added to the
digital audi.o si gnalapparztsedfdy dgénessbihgsasdigitaldasddoalsigmadessi ng’
means. 20 2. An apparatus for generating a digital audio signal
accor di ng tcomprising: f urt her conprising neans for inhibiting an operation
of the delay area setting neans, wherein said vacant area can be prevented
from b& ng i nadvef@lentmemeyy\ireansi for hetasipgyandigital pudis edanalis

whi ch the sound squrce data are witten. *C o, L M., S* 37 3.

An apparatus for Phere@htEel meansforugPptEpiddng a reading of said

digital audio signal from said memory means;
(c) signal proceséing means for performing a
predetermined synthesis of said digital audio signal read by
10 said control means so as to produce, on reproduction of the
signal, a sound in a desired voice.
(d) temporary memory means used in the synthesis in
said control means and said signal processing means; and
(e) means for setting a delay area in a vacant area’
15 of said temporary memory means so as fo perform a déiay
processing, when a reverberation signal is added to the
digital audio signal processéd by the synthesis in said

signal processing means.

20 2. An apparatus for generating a digital audio signal
according to claim 1, further comprising means for
inhibiting an operation of the delay area setting means,
wherein said vacant area can be prevented from being
inadvertently provided in the memory means at its area in

25 which the sound source data are written.
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according to claiml or 2 in which a plruralit 5|gnals are;

generated using respective pitch converting ne ans for
supplying the output 5 of one of said pitch Bmmﬁm |w t o anot her
of said pitch converting neans as a control si

frequency-nodul ated digital audio signal is generated fromsaid other pitch
converting neans. 10 4. An apparatus for generating a digital audio

si gnal 3accor Anngpparataisnfbr emeratimgva aicd t@luraaldiiey sifgmiyi tal audi o
signals are generated using respective anplitude control neans, conpriging
means &aocordppbyitegcliadmodt ot 20finovbich saiplunadityudE sbigitdl neans to
anot her of said 15 anpl i.tude contrqgl neans as a control signal, whereby
an anpRpfidecsignals: eaedig@nemataﬁdwsmggmsne&tgmm from said other
anplitude control neans. 5. Appar atus accordin to an one of the .
pr ecedFRPVEEting| msraﬁ@ma%%g\eeasa 38R QERWHpr i si ng: -

(1) firgt exec t|n means, havin flrst exegution cIe 0 exegcute its
op®r at P6n°Pf 8 patgh £ §'X%d’ AP f tﬁ/ % readi ng out

SZEZ%L@%@@W%*@F\?’?% e a.d%%‘%ﬁdexecﬁ%gﬂf%gﬁfﬂstQaZLQ&?e

* C Lgp r a%@ﬁ W cle and
for wri t| ggpﬁygﬁghpggﬁﬁﬁgﬁggﬁ%g rom s%l lgl rrem)ry r]ﬂédf’iysel ecting
nmeans ggigsekfelr PEhC doneritinhg® Mkads Sai d flrst and second executing
means to said comron nenory

o/

10 4. An apparatus for generating a digitai audio signal
according to claim_i, 2 or 3 in which a plurality of digital
audio signals are generated using respective amplitude
control means, eomprising means'forneuppIYiﬁg the output of
one of said émplitude control means to another of said

15 amplitude control meané.as a control signal; whereby an
amplitude~modulated digital audio signal is generated from

said other'amplitude control means.

5. Apparatus according to any one of the preceding o’
20 claims, and including data processing apparatus comprising:-
(1) first executing means having a first execution

cycle to execute its operation in accordance with said cycle

and for writing in and reading out data from a common e - -

memory;
25 (2) second executing means having a second executing

cycle different from said first execution cycle to execute
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5 so that data is witten in andfor Yead fron1sa|d commn _nenory by one
of said first and second executing neans; (4) control neans for controlling
sai d selecting means so that data can be witten in and/ ouwmml

comon nenory by said second executing means during a non "a[“mu",
period in which data is not witten in agd/ or read from said tonmod' nénoty
by said first executing neans; and (5) hol di ng nmeans provided betmeen sai d

-second ex%ﬁ'éﬁefﬁeﬂénaﬂﬂ ﬁééér&ﬁﬁﬁ&nwﬁeﬁoéxlﬁoée%h@ Rcia ankd fidit a
peri odyi-n which said second“executing neans wites in 15 and/ or reads

dat a fromymai€iseIRNaA@BeNdsHESbatt dakhy fEonnsadds coninors aiethoryy- access
period. 6. Appar atus according to claim5, wherein one of the first and
second executi ng(¥panselectidggmeahss fgnabeléctlmlyemnectlng onspafat us
for generating a digital audio signal constructed and arranged to operate
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illustrated 25 in the acconganylng dr awi ngs.
5 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-
10 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 coﬁmon memory for holding data so
that a-ﬁeriod in which said second executing means writes in
15 and/or reads data from said common memory substantially

coincides with said non-access period.

6. Apparatus according to claim 5, wherein one of the
first and second executing means is a digital signal -

20 processor.
7. Apparatus for generating a digital audio signal
constructed and arranged to operate substantially as
hereinbefore described with reference to and as illustrated

25 in the accompanying drawings.




