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various devi ces have been proposed whi'ch enrp
(large-scale |n&pgrated circuit) and which, -on the basis of stored

m croprograns, *executé predetermined arithmetic operations of various
signal s to synt h&digidsd dSdignall s®updesaiefor Pevigeal for tSOunﬁarSignal
desired tonal or *acoustic effect to a digital sound waveformsignal. These
devi ces, 20PTORREEANGre comonly known as digital signal processor or DSP,
are incorporated in tone or sound signal processing devices such as an

el ectroni c nusi cal instrunment or sound source device. For exanple, mherF
such a digital si o) a ied tqQ an eI gtronic nu5|c

i nstrument to syn engéggg% nven@%bn é&ﬂates (% 8 %ai gnaf

process1ng device which is used for synthe51s of a digltal

5 sound waveform signal corresponding to a musical tone or other
audible acoustic sound, and/or for impartment of various tonal
effects or acoustic éffects to a digital sound waveform
signal.

The present inventiqn also relates to a voice and tone

10 (namely, sound) syntheéis device which synthesizes a voice or
tone having formants by bombining formant sounds.

Along with the recent advancement in digital Signal
processihg technology and integrated circuit +technology,
various dev1ces have been proposed which employ dedicated LSI

15 (1arge -scale integrated circuit) and which, on the basis of
stored microprograms, execute predetermined arithmetic
operations of various signals to.synthesize a digital sound
waveform signal or to impart a desired tonal or acoustic
effect to a digital sound waveform signal. Thesé devices,

20 which are commonly known as digital signal processor or DSP,
are incorporated in tone or sound signal processing devices
such as an electronic musical instrument or sound source
device. |

For example; where such a digital signal processor is

25 applied to an electronic musical instrument to synthesize a



-2- digital tone waveformsignal, it has been customary to construct a
"single digital signal processor having circuitry arranged to perform al
sequenti al operations according to a specific waveform synt hesis net hod
(such as a formant sound 5 synthesis nethod or FM (frequency

nodul ati on) synthesis nethod) ,and to also store, in the signal
processor, m croprograns describing thq_gfquential ‘oper ati ons. For
exanple, U S.P. Patent No. 4,373,416 discloses such a tone synthesizing

di gital signal processor. 10 However, with the conventional|ly-known
digital sigaagigadcetone hwidficrie eigneycd it anas! addronNicustomaesy to

I nstrunent, the single digital signal processor has to be constructed to
per for m al | cohstopetati singler dightalasitoain pyatcessos. hdvingi siraditayhi gh
processi ng speed is required 15 as the total nunber of operation cycles

i ncreases t 8rrepgedh&ot pAYEATH @é%aﬁquepﬁi§ii@H@Eétéﬁasnﬁcﬂprdhegiﬁnaa

operations and increased nunber of tone generation channels in today's
el ectroni c FRSFEELC WRYEEQHE,synthesis method, (such (g & formant, §Pppda

limt tp the cessin d |ncr is 20 a on1n d|ff| lt.,to
nmeet suth %ﬁﬁﬁ sis ﬁﬁ??ﬁ% CEEEFFH@PFRQ o Bﬁ?t§9 he§¥§%§?§f§n1
using a pl “{h lthbéi bﬁ”et%yn% HJéOdS i Q%(E’ géic_!u?& (Sﬁf&:ﬁg {agr
S|nultaneous y ge erating an synt S|Zed soun 20 nor sebT OF &R
sound), thepsypbpest §aﬁ|¥3t§é§c‘ﬂ-§t§ ﬁ? 4%l 98&d éﬂt%ic%;%ffi‘&%% oF
sequential operati for eac one synt esi s pendent y of
those for tagampher WeEN®d, Hduent a¥el t4N1378N41HCHERE2Ds@%CIsHdh Sd Z8oRE the
system so, it was difficult

synthesizing digital signal processor.

10' ' However, with the conventionally-known digital signal
processor technique employed in an electronic musical
instrument, the single digital signal processor has to be
constructed to perform all the operations for tone waveform
synfhesis. To this end, a high processing speed is required

15 as the total number of operation cycles increases to meet the
tendency toward sophisticated and multifunctional operations
and increased number of tone generation channels in today's
electronic musical instruments. - But, because there is
naturally a limit to the processing épeed increase, it is

20 becoming difficult to meet such demands. Further, when
constructing a tone synthesis system using a plurality of tone
synthesis methods in combination (such as for simultaneously
generating an FM-synthesized sound and a noise formant sound),
the synthesis system must be designed to execute the -

25 sequential operations for each tone synthesis method
independently of those for the other method, thus resulting

in increased overall size of the system; so, it was difficult

to construct an efficient tone synthesis system in the past.



to construct an efficient tone synthesis systemin the past. - 3-
Further, even in a tone synthesis systemusing only one tone synthesis

nmet hod, the entire digital signal processor nust be redesigned in order to
change part of the contents of the operations, which was also

I nefficient. Thus, the 5 conventional digital signa

processing system could not efficientl¥3conply with a demand of changi ng
the contents of operations for tone waveform synthesis or processing, nor
could it provide a multifunctional tone synthesizing DSP system which

pernmts opt papghesW EG¢BANENOE Eéﬁebé?ﬂ@ﬁésﬁs1stt€huﬁ§ihQYOﬁiytéﬂé tone
synt hesi s net hods and conbi ned use of the tone synthesis nethods. As

general | y kaowtheai%Oméehod, con@asiethisgd @i intlo rARingla pirocessairc mistobad)
and a vowel part (voiced sound). |In the case of the vowel part, vibration
is excited redebdgnedalinlordeorte khaage gamtaneff the tdemteniss, of atbe
resultant air vibration waves are radi ated out of the body through the
trachea andopexptigmsty. whiiathe va8r aed@cai rinpeEficient ough tHwRy g the
cavity, various resonant characteristics are inparted dependin ol t he
shape of theosventigpady digital: gignalcmpecessings sysrem gouvld j pot
jaws etc., i ces of var ound _col_or enerated. Th

hat d b
voi ced sounggﬁéggﬁnﬁﬁgrEPWP prl%ﬁggaa?@?PgtPé FgFﬁgﬁPgét § Eyﬁ%ﬁggﬁzP%g
such CharaC%%EE%E&%ﬂQﬂfggnéoﬁg %@veform synthesis or processing, nor

could it provide a multifunctional tone synthesizipg DSP
system which permits'optional switching of use between a

10 plurality of tone synthesis methods and combined use of the
tone synthesis methods.

As generally known, a voice is composed of a consonant
part (unvoiced.sound) and a vowel part (voiced sound). In
the case of the vowel part, vibration is excited in the wvocal

15 cords by air streams from the lungs, and resultant air
vibration waves are radiated out cf the body through the
trachea and oral cavity. As the vibrated air passes through
the oral cavity, various resonant characteristics are imparted
depending on the shape of the oral cavity, i.e., the structure

20 of the tongue, lips, jaws etc., so that voices of wvarious
sound colors may be generated.

The voiced sound has a plurality of characteristic
formants. By synthesizing such characteristic formants in an
artificial manner, a desired voiced sound can be reproduced

25 with some degree of fidelity. Voiced sound synthesizing
devices are known which generate a periodic waveform (e.g.,
siﬁe wave).having a given frequency and a window function of

a given pitch and multiplies the periodic waveform and window



artificial manner, a desired voiced sound -can be reproduced 25 wth sone
degree of fidelity. Voi ced sound synt hesi zi ng devi ces are known whi ch
generate a periodic waveform (e.g., sine wave) having a given frequency and
a wi ndow function of a given pitch and nultiplies the periodic waveform and
w ndow -4- function to forma formant sound. For exanple, U.S. P. Patent
No. 5,138,927 discl oses such a voi ced QQQPQ synt hesi zi ng device. On the

ot her hand, one form of unvoiced sound 5 synt hesi zi ng devi ces is proposed
i n Japanese Patent Laid-open Publication No. HEl 2-271397, which is

desi gned torgaBeiahet8 HOHHCa SEBHhdY Stk .COFbrObkanplehi tesnei. spavkata

| ow-pass filter and nultiplies the noise sound and a periodi c wavef orm
“having a gi Xen 5 cBee37t diskdosky geust atee woieede soummhnsyntlesidangnese
Pat ent Lai d-open Publication No. HEl 4-346502 al so discloses such an

unvoi ced sodewisent hesi zi ng device. A desired sound can be produced by
conbining a voiced formant and noi se formant. For exanple, Japanese Patent
Lai d- open Publi c®ni orth®. ¢khexn- 2band4 dppel ofOIMy (Qft hritpYeiesd 15s0und

synt hesizing a.fornmant sqund by conbining a voiced synthesized_sound and
unvoi ced syRYREBPFEFingudavices i RrOPOSH dMe JEPBRESH FRAPAThRAI-OPen

Cound- and" aRUBRIEREAERSB0NI Y Fed R oM it TR0 CoP oPeIRE T8I cod
and unvoiceg noise sound by band-controlling white noise via a low-pass
filter and multiplies the noise sound and a periodic waveform
having a given frequency to thereby'generate a noisé formant.
10 Japanese Patent Laid-open Publication No. HEI 4-346502 also
discloses such an unvoiced sound synthesizing device. A
desired sound can be produced by combining a voiced formant
and noise formant. For example; Japanese Patent Laid-open
Publication No. HEI 4-299394 discloses a technique of
15 synthesizing a formant sound by combining a voiced synthesized
sound and unvoiced synthesized sound. Further, Japanese
Patent Laid-open Publication No. HEI 3-200300 discloses a
technique of synthesizing a voiced sound and an unvoiced sound
by using a common pitch-envélope for the voiced and unvoiced
20 sounds.
In order to produce a sound, it is sufficient to provide
a plurality of tone generation channels each designed to
generate a formant and combine respective formants generated
by fhe channels. For this purpose, it is necessary that the
25 formants generated by the individual tone generation channels
have center frequencies peculiar to a sound to be produced,
uniformized window function pitch and all the tone generation

channels simultaneously start sound generation.



20 sounds. In order to produce a sound, it is sufficient to provide a
plurality of tone generation channels each designed to generate a formant
and conbi ne respective formants generated by the channels. For this
purpose, it is necessary that the 25 formants generated by the individual
tone generation channels have center frequencies peculiar to a sound to be
produced, uniform zed w ndow function pitch and all the tone generation
channel s simul taneously start sound generation. -5- It is therefore an
obj ect of the present invention to provide an efficient sound signal
synthesi s devi ce phi £ $RE-E8¥EFH! BnORB RICLOSE athe Npresent speedtdoa wai ch
achi eves increased designing and fagricating ‘facility, enhanced 5
gener al - pur pissRridd lan e fFidiehy evund eignall cynthesia desyics whichdearce.
It is another object of the present invention to provide an efficient sound
si gnal synt kasicutéevoperabiohspertri ipcyeasddsyspamti enful whith v aohdEeves
with sinple structure and control. 10 It is still another object_of
t he prﬁsentiﬁfnaﬂ56ﬂ1tdﬁqﬂgninﬁaeﬁ%@unﬁa§¥§ﬁ9F1§9ntﬁé§F§i§§ViC@QMﬂQS?qmw
a synchroni zed tone generation instructing function that cayses.a pluralit
of tone JyendeRgE- THHRAESs ‘%W%h"f‘%oﬁgFﬁeﬁﬁﬁgr gCONOBi TR siegfré'l d

conbi nes the generated sound 15 si gnal ' '
combi ! oé’the fehSoun g s together to synthesize a single

It is another object of the present invention to provide
an efficient sound signal synthesis device which permits sound
synthesis full of varieties with simple structure and control.

10 It is still another object of the present invéntion to
provide é sound signal synthesis device which has a
synchronized tone generation instructing function that causes
a plurality of tone generation chanhels_ to synchronously
generate sound signals and combines the generated sound

15 signals together to synthesize a single sound.

It is still another object of the present invention to
provide a voice and +tone synthesis device, i.e., sound
synthesis device which generates formants of same formant
pitch via a plurality of sound generation channels and

20 combines the generated formants to produce a single sound,
whefe the formant pitch is established, for example, by a
window function pitch to be multiplied by a periodic waveform.

In order to accomplish the above-mentioned objects, a
digitél signal processing device according to a first aspect

25 of the present invention comprises a parameter sﬁpply section
for supplying a plurality of parameters necessary for desired
sound signal processing, a plurality of iﬁdependent digital

signal processor sections, each of the processor sections



It is still another object of the present invention to provide a voice and
tone synthesis device, i.e., sound synthesis device which generates
formants of same formant pitch via a plurality of sound generation channels
and 20 conbi nes the generated formants to produce a single sound, where
the formant pitch is established, for exanple, by a w ndow function pitch
to bé multiplied by a periodic waveform Jn order to acconplish the

above-mentioned objects, a digital signal” processing device according to a
first aspect 25 of the present invention conprises a paraneter supply

section for yaraRLYhBY énd! eral hdde ObPatREE IR ah¥ckesatigsifad aound
signal processing, a plurality of independent digital signal processor

sections, epgbdeteiri@ nRdoRRAtINCIsONEs to perfiaei vilg predetemminedf
the paraneters necessary.for a predeterm ned operation so as to performthe
pr edet er m negperpdian conomMiiitakl inpuit data | inacgegakdance withhethe
recei ved paraneters and a preset program and thereby 5 outputting processed
data, a par aecedveleecdangmederison anek| &l Rrese’ r SProgsam onfbdt eghﬁé'eéxch
of the digital signal processor section so as to distributively feed, via

the fir§t b@UtPUAEiBGr aREOCPESEd pAaderer Ai nBATBRETEF nbPEIIPIt hESHTEIPPal
e e S N R R
to transferpg%%%%%oga%%c%&ogagg QL to distributively feed, via the first
bus, the _parameters to predetermined one or more of the

digital signel.proceesor eection, and a data transfer section

10 including a second bus connected to each of the digital signal
processor section so as to transfer output data of each of

‘the processor sections via the second bus, wherein at least
predetermined one of the digital signal processor sections

receives the output data of another of the processor sections

15 via the second bus and perfofms-the predetermined operation

using the received deta as the input data; so that the

desired sound signal processing is executed on the basis of
combination of the operations performed by the digital signal

processor sections and a resultant processed sound signal is

20 fed to the second bus as the output data of predetermined one

of the digital signal processor sections.

In the digital signal processing device thus arranged,

a plurality of independent digital signal processor sections

are provided in parallel relation to each other, each of which

25 receives parameters necessary for a predetermined operation

so as to perform the predetermined operation on digital input

data in accordance with the received parameters and a preset

program and thereby outputs processed data. The digital



the processor sections via the second bus, wherein at |east predeterm ned
one of the digital signal processor sections receives the output data of
anot her of the processor sections 15 via the second bus and perforns the
predet erm ned operation using the received data as the input data, so that
t he desired sound signal processing is executed on the basis of conbination
of the operations perforned by the digiley_ﬁignal processor sections and a
resul tant processed sound signal is 20 fed to the second bus as the

out put data of predeterm ned one of the digital signal processor sections.
In the digi isabna'ugp@bcéée@es sbbgiday acet intetbansetedabp! neahist £othe

I ndependent digital signal processor sections are provided in parallel

rel ati on tofdasit e@ndersedmah bbbshsohtBat thec aiessssmnanpheatebteresagey
for a predeterm ned operation so as to performthe predeterm ned operation
on digital Addaptribated hodthe proeessen sechiongcand cthe opemettdon zeduidt
preset program and thereby outputs processed data. The digital -7-

si gnal pr oc®@%s®@adecef otdeaRroerIFeHNnd st dFansfiarsed oYt Reansy 9f ghe
second bus, so that the necessar araneters are distributed to the,
processB8r s&EFPBAs bét'ﬁd "Echeb%pﬂﬁﬁﬁi Q]| PT oloTgc REothe PHRE edigitails
transferred b&nggansoof th% 2 gggong bu§hto bgtu?ed %n ggﬁ gr nore .of the
ot her digitgﬁ S|gn3F 5?358553? a8t Pons Rus* Car *PEsPTBFE gfg?ﬂFﬁeanSne
of the digi @l ¢ALIAILIRA2CEIFRA1SBEbERESOLCEEEYESNE EeBULOHE the output

data of another of the processor sections via the second bus

and performs the predetermined operatibn using the received
10 déta as the input data. In this manner, the desired sound

signal processihg can be executed on the basis of combination

of the operations performed by the digital signél processor

sections and a resultant processed sound signal is fed to the

second bus as the output data of predetermined one of the
15 digital sighal processor sections.

. Because of the feature of the above-mentioned sound
signal synthesis device that the desired sound signal
processing is executed on the basis of combination of the
operations performed by the digital signal processor sections

20 (i.e., a series of operations for processing digital sound
signal is divided into a plurality of operation groups
corresponding to the digital signal processor sections and

simultaneously performed in the processor sections in a
parallel fashion), the necessary operations for the desired

25 sound signal processing can be executed at substantially
increased speed even where a relatively great number of
processing steps are involved and multi-channel soun& signal

is to be processed.



data of another of the processor sections via the second bus and perforns

t he predeterm ned operation using the received 10 data as the input data.
In this nmanner, the desired sound signal processing can be executed on the
basi s of conbination of the operations perfornmed by the digital signal
processor sections and a resultant processed sound signal is fed to the
second bus as the output data of predetern ned one of the 15 digital
signal processor sections. Because of the feature of the above-mentioned
sound signal synthesis device that the desired sound signal processing is

executed on the basirtner,copBbaakbon®f ikheswpeiciémes ' feasRd dy the
digital signal processor sections 20 (i.e., a series of operations for

processi ng digitall setigfali gptbcessoirvi gedtiohs atpl ueskcluyeof oaper athen
groups corresponding to the digital signal- processor sections and

si mul t aneougihlopertiedr wperiarkiones, p rthee Sp@Eragdcnsons ibe cepacatéd| ihaebichn) ,
the necessary operations for the desired 25 sound signal processing can
be execut ed9%t WieHPEPESIFPY sAcEiapedCcaped® whstrttalbly epdmplifjedr cat
nunber of proqessing steps are involved and nultj-channel sound signal is
to be pPocedbd§ allowg eggh Qfcthe pEegesEor(S9GtiQns tQ bf spbEtanthadiyt he
digital si egsor_, . sections to ex%ﬁgiﬁthonl¥octhe aIIoc%ted

g
oper at i ons, nﬁgl&%é% 18, SiESUE UGtre.,, e processor sections

can be madg similar in circuit structure. As a result, each
of the processor sections can be designed and fabricated with
increased ease and at redﬁced cost, and in addition, the

10 general-purpose utility of the synthesis device of the present
'inQention can be greatly enhanced.

Moreover, because the digital signal processbr sections
are interconnected via the first and second common buses, it
is sufficient that wires or connecting lines for carrying.

15 input parameters and output data be simply connected to the
buses without a need for complicated, separate wiring Thus,
the number of the digital signal processor sections employed
~can be optionally increased or decreased with extreme ease.
This also can enhance the general-purpose utility of the

20 synthesis device and achieve an efficient uée of the synthesis
device.

Furthérmore, in the case where a tone synthesis system
is to be constructed by employing different kinds of tone
synthesis method in combination (for example, where FM-

éS synthesized sound and noise formant sound are to be
simultaneously generated, or normal formant sound and noise
formant sound are to be simultaneously generated), operations

processable by an operational algorithm common to the



of the processor sections can be substantially sinplified. 5 This allows
each of the processor sections to be substantially sinplified in circuit
structure, and the processor sections can be made sinmilar in circuit
structure. As a result, each of the processor sections can be designed and
fabricated with increased ease and at reduced cost, and in addition, the 10
general -purpose utility of the synthesis gqyice of the present invention
can be greatly enhanced. Mreover, because the digital signal processor
sections are interconnected via the first and second conmon buses, it is

sufficient tdIHEferdrRS nithiosdyasdn NSk | péeoimed Cioy I is@8JofSa shmRUdigital
paraneters and output data be sinply connected to the buses w thout a need
for conpli catigmhals gpeocdssor rsagtioms, WHehnushies Héatime di ght @f fiicdent
processor sections enployed can be optionally increased or decreased with
extrene eas&ystens cinde previded evithoyenaraeefdutposerarately pertfioen20
synt hesi s device and achieve an efficient use of the synthesis device.

Furt her nor e 2 iS@Tie8 ©4sepgretdons: 6aE eyoh Hefithe kanansyathesie aetdhodsct ed
by enplgyin di fferent kinds of_tone syghhesis nmet.hod ip conbi nation gfor

exanpl e, _e"‘FI\/FhQSPaS%nt HalFbueh sEhfRg oPgT@tions; Fox ogﬁﬁﬁfat§8_9n
T et oo AL S A SR OB PSR AR
by an oper atjonal g A AN O Y EHTRN $PgAdE processor section for each of |
the tone synthesis methods employec_l, the system can be
. efficiently constructed in such a manner that tﬁe-operations
10 for generating envelope signal data are performed by a common
digital signal processor'section.

Further, where part of the series of of operations for
synthésizing or processing digital sound signal in accordance
with a tone synthesis method is ~to be changed, it is

15 sufficient 'that only any of the digital signal processor
section corresponding to the part be changed in circuit
structure. This feature advantageously permits an efficient
designing change at low cost. Therefore, the present
invention can efficiently comply with a demand for mbdifying

20 the contents of the sound waveform synthesis or processing.
Further, the ﬁresent invention can efficiently provide a
multifunctidn—type digital signal processing system for sound
synthesis or processing which allows the tone synthesis method
to be switched from one to énother as desired and also allows

25 different tone synthesis methods to be used in combination.

A sound signal synthesis device for synthesizing a sound

signal in a plurality of channels according to a second aspect

of the present invention comprises a plurality of operation



-9- different nmethods can be performed by use of a sane digital signal
processor section. Wth this feature, an efficient system can be provided
wi thout a need to separately performa series of operations for each of the
tone synthesis nethods 5 as in the past. Al though the operations for
generating a sound waveformare perfornmed in the present invention by use
of a different digital signal processor ggction for each of the tone

synt hesi s net hods enpl oyed, the systemcan be efficiently constructed in
such a manner that the operations 10 for generating envel ope signal data
ar e. per f or mptrobgsaingnaedat ibns | Adach gffathe rapasstiiors priocessihg sbetionker e
part -of the series of of operations for synthesizing or processing digital
sound si gnaberrfoxndogd opaxratiiidnsn conresponfitngs toetdmchi oneo @k shgngdd,

it is 15 sufficient that only any of the digital signal- processor section
cor r espondi RFOCESERRIp SLOMeEteh Ahgdd ane divwidad sfremrt seguerrhialf sagnad

advant ageousl ermts an efficient designing change at | ow cost. .
Therefore, PE Sgﬁﬁéggnppﬁﬁﬁ§ﬁpp§nﬁgﬁ1§9éh4ﬂé§ﬂ?ﬂﬁ§iﬁﬁﬂ%ﬂv¢?ﬂ QPREAEAATS or

di fyi 20 he . f th d f [ I ng.
Fur tnor 5 1 nBTBPRSEAPE PSR LS (PEPERTR BPoRete d o T RhLrs oft ype
Further? ! | ee?? o
al ove the Cans SyhERe ) T HEqE A aRR Bty Wil Q- EREFRTIHLT

desired andegakbno &¢ | W Q%eréili:{c;r?r ockRR8 ngY NEOEE1 SndCHRdS A if gﬁsd in
conbi nation. A sound signal synthesis device for synthesizing a soun
signal in acpeyadlibh¥ €brChaplehal1atgoidH hdrhel Seswnsd 88RECHivisional
basis at time-divisional channel processing timing unique to
10 the processing section to thereby output an operétion result
of each of the channels, at least one of the operation
processing sections performing the operations by use of the
foperation results of another operation processing section, a
data transfer section including a bus connected to each of the
15 operation processing sections so as to transfer, via the bus,
the operation results of each operation processing section to
another operation processing sectioﬁ or a sound signal output
port; and a parameter supply section for supplying each
operation processing section with one or more parameters
20 necessary for sound signal synthesis in each of the channels.
Further, a digital signal processing device according to
a third aspect of the present invention comprises a parameter
supply section for supplying a plurality of parameteis
necessary for desired sound signal processing, a plurality of -
25 independent digital signal processor sections, each of the
processor sections including an operation processing section
for receiving one or more parameters necessary for a

predetermined operation so as to perform the desired operation



of the present invention conprises a plurality of operation - 10 -
processi ng sections, each of the operation processing sections performng
operations corresponding to each one of signal processing segnents that are
di vided from sequential signal processing operations for
sound- synt hesi zi ng, the operation 5 processi ng sections being provided in
parallel relation to each other so as Loliipultaneously performthe
operations, each of the operation procesSing sections performng the
operations for a plurality of channels on a tinme-divisional basis at
time-divisi opal degasael prpeessdda t it ngodvr@andes Wi th t khepr ecedivad
section to thereby output an operation result of each of the channels, at

| east one obatrametprsaandre presedsprggrent, i and pdauad-riant memogyehaviings by
use of the operation results of another operation processing section, a

dat a transf eritecandnread| pei g fomEEaine operatdomeesyltt Hatasoutput
operation processing sections so as to transfer, via the bus, the operation
results of &R Jhe LPSFRHINR cBEPFRSELRT| SRCEAOBN o RATHLERT ofeeding

' i, d s, I d .
Dot onBh o oGty hcDuthng i bhikoBabaBRbea 0 ed % Tkcaspehar
ar amet 2 Sj i i .
Phannel <.~ FeigRel Breantor setithe’ f Ge NOIBESLELIUCEIEDy PEebl? vip,

aspect of ' RRPEFIER plilY DA Par@iPLAE Sl YRS rUPRine H2Ch02E be!
pplying a plurality of " paraneters _
the digital signal processor sections, and a data transfer
section including a second bus connected to each of the
10 digital signal processor sections so as to transfer, via the
second bus, output data read out from the read port of the
dual-port memory of each of the processor sections, wherein
at least predetermined one of the digital signal processor
sections receives the output data from another digital signal
15 processor section wvia the second bus and performs the
predetermined operation using the received_data as the input
data, and each of the digital signal prdcessor sections is
capable of operating at timing independent of that of the
other digital signai processor sections by supplying, via the
20 dual-port memory, the operation result data for use in the
other digital signal_processor sections.

The thus-arranged sound signal synthesis device and
digital signal processing device according to the second and
third aspects are similar to the first-aspect synthesis device

25 in structure, operation and result.

Namely, similarly to the first-aspect digital signal

prdcessing device, the second-aspect sound signal synthesis

device is characterized in that a pluralit_y of operation



necessary f
| ndependent
sections in

or desired sound signal processing, a plurality of 25
digital signal processor sections, each of the processor
cl uding an operation processing section for receiving one or

nore paraneters necessary for a predeterm ned operation so as to perform

t he desired

operation on digital input data in accordance with the

received parameters and a preset program;gand a dual -port nmenory having

wite and r
operation p

ead ports for storing operation result data output fromthe
rocessi ng section, a paraneter feeding 5 section including a

first bus coioeeisedngo seatiions tdre dxpeidedi amdl a psertesoovfseperations as
tively feed, via the first bus, the paraneters to predeterm ned
one or nor e foir tsyntiegiizdings iggredurpl wignat ecdivided ahdta dapduredddier

| uding a second bus connected_t-o each of the 10 digital signal
processor s&ft PPREa$doASITOUPS FRYELSPIRGLRg e dheh ePeration procgssingead

to distribu
section inc

out fromth
sections,
processQqr s
processor
operation u
digital sig
I ndependent
suppl yi ng,
in the

10

15

20

25

e read port  of the dual -port nemygbof'each of the processor
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a procegéor SEcTI ons I s capabl'e of operating at timng
oDerbitdbnd’ hRe pEherowh 9Iéiadefdﬂﬂaéi&{acemce%%%gon%imn?
via the 20 dual -port nenory, the operation result "data fo

independently of the other processing section. With this

feature, the time-divisional prqcessing timing of each of tﬁe
processing sections can be adjusted to differ from that of the
other processing éection; for exaﬁple, in the light of the
respective roles of the operations allocated to the individual

processing sections. As a result, by appropriately

use

controlling the _time-divisional processing timing of the'_

individual processing sections to be or not to be different
from each other, the operation result of one digital signal
processor section can be transferred to another digital signal
processor section properly at optimum timing, which allows the
operation processing as a whole to be carried out rapidly in
a smooth manner.

Further, 1in the digital signal processing device
according to the third aspect, eaéh of the digital signal

processor sections includes the operation processing section

for receiving parameters necessary for the predetermined

operation and performing the predetermined operation on
digital input data in accordance with the received parameters
and preset program, and the dual-port memory having write and

read ports for storing the operation result output from the



other digital signal processor sections. The thus-arranged sound signal
synthesis device and digital signal processing device according to the
second and third aspects are simlar to the first-aspect synthesis device
25 in structure, operation and result. Nanely, simlarly to the
first-aspect digital signal processing device, the second-aspect sound
signal synthesis device is characterized,hn_that a plurality of operation
- 12 - processing sections are provided and a series of operations for
synt hesi zing -a sound signal is divided into a plurality of operation groups
correspondi ppeiratibf GasEtiorN pBEERSdjofethiens dath switltearmalislgta
performed in the processing 5 sections in a parallel fashion.

Parti cul ar| yeadault cfot hedprimessithg shEl-poxrt smenbowedin oesgbcafe the
al l ocated operations at its own tine-divisional processing timn

i ndependent Pyogkesshr sehsiopsocas herantmalded atytiming snﬂe@m%e,ntt RE
time-divisional processing timng of each of the 10 processi ng sections
can be adj u¥ha¥ t ®4i ke fePEherhadigiteie SigNalyr RERIPFILS ecELEHRIOPOr
exanple_ in _the light of the respective roles qf .the operations_allocated
to the 5ndi9PH§&F“%P5&¥SsiW ensé@??o éﬂe‘Aglg&t es%ﬁ???ibyprocess°r
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i ndi vi dual processing sec r eren m eac

other, the QR§A3LLAN dLSd! bulhufNerdndi il §h80%ort memory of another

digital signal processor section (second digital signal
processor section), the data readout operétion can be

10 controlled at independent timing of the first digital signal
processor section separate from the write timing of the second
digital signal proceésor section. Such an arrangement allows
each of the processor sections to opefate independently from
the other processor section, and hence the processor sections

15 can execute respective operatioh algorithms without being
excessively constrained by each other.

A sound signal syhthesis device according to a fburth
aspect of the present invention comprises a sound signal
generation section for generating separate sound signals in

20 a plurality of channels on the basis of parameters supplied
individually to the channels, a parameter éupply section for
supplying the parameters to each of the channels, the
parameters to be supplied to eéch of the channels including
tone generation instruction information and synchronized tone -

25 generation designating data specifying_whether or not the
channel should generate a sound in synchronism with any of the-
other channels, and a control section for, on the basis of

the synchronized tone generation designating data supplied to



processor section can be transferred to another digital signal processor
section properly at optinumtimng, which allows the operation processing
as a whole to be carried out rapidly in 20 a snooth manner. Further, in
the digital signal processing device according to the third aspect, each of
the digital signal processor sections includes the operation processing
section for receiving paraneters necessary for the predeterm ned 25
operation and perfornming the predeterm &a operation on digital input
data in-accordance with the received paraneters and preset program and the
dual - port n%&ehyohafhagcmaﬁ@lém%m%mﬁ@ tHY PR B4ghBe §BREAhI9Bn
result output fromthe - - operation section. Because of this, data
wite and daeatieadaut sh@haadméhﬁért Bhaduahypoft tHenohinhalsadsagnbted
processor sections can be controlled at tim ng i ndependent of that of the
ot her di gi ffar synghzbnipedc&sner geperatdon enefatesqgaecsolnd sipgealode of
the digital signal processor sections (first digital signal processor
section) resynebrondgmutwith epregdeteamined f onen O woxe- peft theooyher
anot her digital signal processor section (second digital signal -
process8r sEBEPBRLS-the data readout operatlon can be 10 controlled at

I ndependent tlﬁlﬁ%(ﬁ the fir naI pr o sor, section sg arate
fromthe wite t BRGRYSS: e @5% gﬂﬁﬁuﬁﬁ sE¥PFBRS18ch
an arrangen%ntlggtoms synchronized tone generation designating data

specifying whether or not to generate a tone in synchronism

with any of the other channels is given to each channel

10 independently of the other channels,.'synchronized tone

generation control is achieved in various combinations of the

channels as desired. At that time, parameters other than

those for the synchronized sound generation, suéh as sound

color setting and controlling parameters, can be set

15 optionally for each of the channels, and hence a single

complex tone signal can be synthesized by combining sounds of

"different. formant structure or different harmonic components

in the designated channels. Thus, by only setting

synchronized tone generation designating data optionally for

20 each channel, tone signals having various combinations of

different formant structures or different harmonic components

can be synthesizéd, easily and with simple channel structure,
through wvarious combinations of designated channels.

A voice and tone synthesis device, i.e., sound synthesis

25 device according to a fifth aspect of the present invention

comprises a plurality of waveform generation sections

receiving a sound generation start signal instfucting a start

of sound generation and pitch information so as to form a



each of the processor sections to operate independently fromthe other
processor section, and hence the processor sections 15 can execute
respective operation algorithns w thout being excessively constrai ned by
each other. A sound signal synthesis device according to a fourth aspect of
t he present invention conprises a sound signal generation section for
generating separate sound signals in 2Q ,ga_plurality of channels on the
basis of parameters supplied individually to the channels, a paraneter
supply section for supplying the paraneters to each of the channels, the
paranmeters ouhd Skgppefetht oncatiie obaldie chfnttles pihethdiingfdmmeetganetiat i on
I nstruction informati on and synchroni zed tone 25 gener ati on desi gnating
dat a speci f yesponset berthe smnd genelratrion stautdsigmel atee condawldmeans
synchronismw th any of the other channels, and a control section for, on

t he basis offorheupmMatinei the sewadggrnenawirniestanht isdgnadt ;ardppited to
- 14 - each of the channels, controlling the sound signal generation

section in §H€Hr3aﬁéﬂﬂert?hafp%ﬁ§f%ﬁ t?ﬁ?cﬁﬂ%n@h§‘d@§V§ﬁ ggpe?atiop
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in synchronigg@lbific waveform generation section to another waveform
generation section. | |
In the fifth-aspect_synthesis device, because of the
10 arrangement that the sound generation start sighal and pitch
information are transferred automatically wvia the transfer
section from the specific waveform generation section to
another'waveform.generafion section, it is sufficient that the
sound generation start signal and pitch information be
15 supplied to only one of the waveform generation sections.
This eliminates the need to simultaneously supply the souﬁd
generation start signal and pitch information to all of the
ﬁaveform generation sections, and hence effectively
facilitates control of sound generation.
20 For better understanding of various features of the
present invention, the preferred embodiments of the invention

will be described in detail hereinbelow with reference to the

accompanying drawings.

In the drawings:
25 Fig. 1 is a block diagram illustrating the general
hardware structure of an ‘electronic musical instrument

employing a digital signal processing device according to an



with any of the other channels is given to each channel 10 | ndependent |y
of- the other channels, synchronized tone generation control is
achieved in various conbinations of the channels as desired. At that
time, paraneters other than those for the synchroni zed sound generation,
such as sound color setting and controlling paraneters, can be set 15
optionally for each of the channels, angd:.hence a single conplex tone
sighal can be synthesized by conbi ni ng sounds of different fornant
structure or different harnenic conponents in the designated channels.
Thus, by embpdinehti b thecpiresentdihosatgenerati on desi gnating data
optionally for 20 each channel, tone signals having various conbi nations
of different forFdgt &t dscaufesctiodalfblenk diagoamciltbupbnabisgcfiboks
synt hesi zed, easily and with sinple channel structure, through various
conbi nat i on9fcsigralgmnddnfieamadiion amongce wmraldiy ofndhgitelosignel

I .e., sound synthesis 25 devi ce according to a fifth aspect of the

p?esent i nvBRPFBASeEApi PSBE ) alp P&l PuFiepludnersrReREnefaFiign déctions
(ecel vigg 2 soundgeneiatign ot Mol YUpoHat [ YILIN2,TLET L A
St 1o} gnaf 2hotiRe Db bnbrEOL R A0AL | EPARAE ol b KT Ut Bph "

si gnal and @htpEgLnﬁgrnation to specific one of the waveform generation

Figs. 4A to 4D are diagrams illustrating exemplary.

memofy maps of dual-port memorieé (RAM) contained in the

10 individual digital signal processors of Fig. 1;

Fig. 5 1is a block diagram illustrating the general
hard'w.ax"e structure of the first digital signal processor
(DSP1) shown in Fig. 1;

Fig. 6 is a block diagram illustrating the general'

15 hardware structure of the third digital signal processor
(DSP3) shown in Fig. 1;

Fig. 7 is a block diagram illustrating the general
hardware structure of the fourth digital signal processor
(DSP4) shbwn in Fig. 1;

20 Fig. 8 is a time chart illustrating the operational
relatiqnships among time-divisional channel processing in the
individual digital signal processors;

Fig. 9 is a time chart illustrating exemplary operations
performed at microprogram steps of the first digital signal

25 processor in accordance with the formant sound synthesis
method;

Fig. 10 is a combined functional block diagram

illustrating the detail of arithmetic operations performed by



5 sections, and a transfer section for transferring the sound generation
start signal and pitch information fromthe specific waveform generation
section to another waveform generation section. In the fifth-aspect

synt hesi s device, because of the 10 arrangenent that the sound generation
start signal and pitch information are transferred automatically via the
transfer section fromthe specific mavgff?qlgeneration section to anot her
wavef orm generation section, it is sufficlent that the sound generation
start signal and pitch information be 15 supplied to only one of the

‘wavef orm gegheakiestsashieas. signalepirboaakes;t he need to sinmul taneously
supply the sound generation start signal and pitch information to all of
the waveform gefdgati Al skxtianstimeancdhdrnceilhidicdtiredy éaemplaayes
control of sound generation. 20 For better understandi ng of various
f eat ures of oparapienenati miencpoagranespepscofethentbiirdedigibalt fgnal

i nvention wll be described in detail hereinbelow wth reference to the
acconpanyi nBraFa®PaEs. In the draw ngs: 25 Fig. 1 is a block diagram

st 91119 Uhe pgener ol hofduee sLLUILLe St oles ! S ohe o
- 16 - enbogiﬁgkrg;:iﬁgetﬁéeéggéii 'OF rngi%?ﬂnetic operations performed by
the third digital signal processor;

Fig. 13 is a time chart illustrating exemplary
operations performed at microprogram steps of the fourth

10 digital signal processor in accordance with the formant sound
synthesis ﬁethod;

Fig. 14 'is a combined functional block diagram
illustrating the detail of arithmetic 6perations.pefformed by
the formant sound synthesis method; '

15 Fig. 15 4is a ‘time chart illustrating exemplary
operations performed at microprogram steps of the first
digital signal processor in accordance with the FM synthesis
method;

Fig. 16 1is a time chart illustrating exemplary

20 opérations performed at microprogram steps of the fourth
digital signal processor in accordance with the FM synthesis
method;

Fig. 17 is a wavefotm diagram illustrating various phase
data formed by the first digital signal prdcessor in the -

25 formant sound synthesis;

Fig. 18 is a waveform diagram illustrating various tone

waveforms generated by the fourth digital signal processor in

the formant sound synthesis;



Fig. 2 is a.functional block diagramillustrating flows of signals and

I formation anong a plurality of digital signal processors (DSPs) in the

. musical instrunent of Fig. 1; 5 Fig. 3 is a block diagram
illustrating the basic structure of the first digital signal processor
(DSP1) shown in Fig. 1; Figs. 4A to 4D are diagrans illustrating exenplary
menory maps of dual -port nmenories (RAM_ ign;ained in the 10 I ndi vi dual
digital signal processors of Fig. 1; Fig. 5 is a block diagramillustrating
t he general hardware structure of. the first digital signal processor (DSPl)
shown in Fig. 1; Fiigd. B i ssaablldekc dBgrariohs uparametert [datgenthat ase
hardware structure of the third digital signal processor (DSP3) shown in
Fig. 1; Fi ggiv¥ensfzohl achidragomputekrusecaiongofhthgeateatranidwamungical
structure of the fourth digital signal processor (DSP4) shown in Fig. 1; 20
Fig. 8 is ainskzumeatt to| thet Aadingduad digiieilosdonad] RLOSEHFHFS anong

ti me-di visional channel processing in the individual digital_si

processors; Fig. Fdg-s 20tilfe @h&UnGilonstl oP1AGk e Ao 53@953'2%%@15_117
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signal processors; '

Fig. 21 is a functional block diagram illustrating an FM
synthesizing operation algorithm implemented by a combination

10 of the FM syntﬁesis operators;
| Fig; 22 is a functional block diagram iliustrating an
example of a channel synchronization process in connectidn
with a céSe where channel synchronization flags RBP for all
the channels are at a value of "0", with the channels shown
15 as placed in parallel;

Fig. 23 is a functional block diagram illustréting .
another example of the channel synchronization process in
connection with a case | where one of the éhannel
synchronization flags RBP is at a wvalue of "1", with.the

20 channels shown as placed in parallel;

Fig. 24 is a block diagram illustrating a voice and tone
synthesis device in accordance with another embodiment of the
present invention; |

Fig. 25 is a block diagram illustrating an example of a -

25 sound generation channel of the voice and tone synthesis
device of Fig. 24;
Fig. 26 is a block diagram illustrating an example of a

voiced formant generator of Fig. 25;



- 17 - the first digital signal processor; Fig. 11 is a tinme chart
iltustrating exenplary operations at m croprogramsteps of the third

digital signal processor; 5 Fig. 12 is a conbined functional
block diagramillustrating the detail of arithnmetic operations perforned
by the third digital signal processor; Fig. 13 is a tine chart illustrating

exenpl ary operations perforned at nicrqp&ggganlsteps of the fourth 10
digital signal processor in accordance with the formant sound synthesis
method; Fig. 14 is a conbined functional block diagramillustrating the

detail of arithmatiie. oppr atd 0aS grigor MEUuB¥rh8end OldiEnp 1Yy dywayairBefisS
nmet hod; 15 Fig. 15 is a time chart illustrating exenplary
oper ati ons pdthadnesddatt varioapr poiats sé£pche fvdilved iforinathitg generaitepiabf
processor in accordance with the FM synthesis nmethod; Fig. 16 is a tine
chart il ustFdigr.i 2§sexenplary 20 operations perfornmed at m croprogram
steps of the fourth digital signal processor in accordance with the FM
synt hesi s net hodFig-g281ig & ® fdpgramadlanstiretdngapnngzempleuofphase

i tal si%nal processor in the 25 f ormant sound

data fornmed by the first di
synt hesPs; n&%se formant gé%erator f Fig. 24, and

Fig. 29 is a block diagram illustrating an example of an

FM sound source circuit.

Fig. 1 is a block diagram illustrating the general

hardware structure of an ‘electronic musical instrument

10 - employing a digital signal processing device according to one
embodiment of the present invention, in which a digital signal
processing section DSPS includes four digital éignal
processors DSPl, DSP2, DSP3 and DSP4. These digital signal
processors DSPl, DSP2, DSP3 and DSP4 are connected, via a

15 parameter bus PBUS and a computer interface CIF, to a
microcomputer section COM (comprising a CPU, a ROM and a RAM)

of the elect;onic musical instrument in parallel relation to

each other. On the basis of a player (or user)'s operation

.on an operator section OPS (comprising performance operators

20 and panel operators), the microcomputer section COM provides
the digital signal processors with various parametef data to

be .used in setfing the pitch, color, volume etc. of each tone
to be generated. These parameters are distributively fed to -
predetermined ones of digital signal processors DSPl - DSP4

25 via the computer interface CIF and parameter bus PBUS.
Digital signal processors DSPl to DSP4 are also interconnected

via a data bus DBUS to exchange data therebetween. Further,



Fig. 18 is a waveformdiagramillustrating various tone waveforns generated
by the fourth digital signal processor in the formant sound synthesis; -
18 - Fig. 19 is a list of various paraneter data that are given froma

m croconput er section of the electronic nusical instrunent to the

i ndi vidual digital signal processors; Fig. 20 is a functional block diagram
schematically 5 showi ng arithmetic opeggtions perfornmed in one FM

synt hesi s operator inplenmented by predeterm ned ones of the digital signal
processors; Fig. 21 is a functional block diagramillustrating an FM

syrit hesi zi ngigptadtsinal garroddu¥Bory DSFantedDdF4 caxe Bormiridtd 1o a @atahe
FM synt hesi s operators; Fig. 22 is a functional block diagramillustrating
an exanpl e dphterfacen2lF syewchingiastan ouyipoade porithandnadésoi conneched tase
wher e channel synchronization flags RBP for all the channels are at a val ue
of "0", wit# dheitabnketranahegicasverter AMr vda Fhgadatpeinter§ace3DIE. g
functional Dblock diagramillustrati.ng another exanple of the channel

synchr oni zaP¥YBhPgEdERds tRANGonHEVEERR™ wSlgnad Sad@ viier LUbRRt ofrompe
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il|UStratingi8n¥fi%&6%g£§6ymbSPl in this embodiment) as an ultimate
result of arithmetic operations. The synthesized .tone
waveform signal converted in analog form is audibly reproduced
via a sound system SS.

10 Further, a waveform memory WM storing tone waveform data
sampled from an external source by use of the PCM technique
is connected to the individual digital signal processors DSP1
to DSP4 wvia interface MIF:and data bus DBUS and is also
connected to the microcomputer section COM-via the interface

15 MIF, parameter bus PBUS and interface CIF. A clock pulse
generator CLKG generates and supplies system clock pulses to
digital signal processors DSPl to DSP4.

In the above-mentioned digital signal processing section
DSPS, various arithmetic oberations and other processing for

20 synthesizing a digital tone waveform are divided or classified
into a plurality of operation groups which are allocated to
and performed by the digital signal processors DSPl to DSP4.
For instance, the first digital signal processor DSPl is
assigned to the operations for preparing progressive phase

"25 data for each of a plurality of (typically 18) tone generation
channels (hereinafter referred to "phase operations") and also
to operations for summing up tone waveform data generated in

another digital signal processor (e.g., DSP4) for the



synt hesi s device in accordance wth anot her enbodi nent of the present

I nvention; Fig. 25 is a block diagramillustrating an exanple of a 25
sound generation channel of the voice and tone synthesis device of Fig. 24;
Fig. 26 is a block diagramillustrating an exanple of a voiced formant
generator of Fig. 25 - 19 - Fig. 27 is a graph illustrating exenplary
wavef orns obtained at various points of é?e voi ced formant generator of
Fig: 26; Fig. 28 is a block diagramillustrating an exanple of a 5 noise
formant generator of Fig. 24, and Fig. 29 is a block diagramillustrating

an exanpl e 9hq39i1h¥hIOUBHaRREIEC (hdrdidaffds: referrad! @ek dsa0ralking
illustrating the general hardware structure of an el ectronic nusical

i nstrument $@eratdpheyi)ng arkb geéedndi gnghtal osdghaly pidesac CMSPR ngst 0
one enbodi nent of the present invention, in which a digital signal
processi ng asedgned toSRShe i opénaletons$ ofior gregpaalingsiegnelqgpe cdssar §oDSP1,
DSP2, DSP3 and DSP4. These digital signal processors DSPl, DSP2, DSP3 and
DSP4 are coeachbt ©f then chasnelsafherednafberPreSexmeda kot eenvelepeace
CIF, to a mcroconputer section COM (conprising a CPU, a ROM and a RAM of
the el e8t r oPPETAFIPEED -i nsThEnehindg, gagdrpdl signal oprpgessor DSP3 is

assigned to the operations for making noise signais to be used
in tone waveform generation in each of the channels
fhereinafter referred to as "noise operations") and also the
-operations for'réading out PCM waveform data (hereinafter
10 referred to as "PCM operations"). The fourth digital signal
processor DSP4 is assigned to the operations for generating
a tone waveform.signal for each of the channels by use of the
phase data, envelope data and noise signal provided by the
other digital signal processors DSPl, DSP2 and DSP3
15 (hereinafter referred to as "waveform generating operations").
Fig. 2 is a functional biock diagram illustrating flows
of information and signals among the digital signal procéssors
DSP1 to DSP4 in the digital signal processing section DSPS of
Fig. 1. The microcomputer section COM supplies the digital
20 signal processors DSP1 to DSP4 with predetermined parameter
data depending on the allocated operations, as enumerated in
Fig. 109. An explanation will be made later as to which
parameter data is supplied to which digital signal proéessor

DSP1 - DSP4.
25 More specifically, for each of the channels, the second
digital signal processor DSP2 prepares envelope data on the
basis of wvarious envelope setting data supplied from the

microcomputer section COM and sends thé thus-prepared envelope



each other. On the basis of a player (or useéer)'s operation on an operator
section OPS (conprising performance operators 20 and panel operators),
the m croconputer section COM provides the digital signal processors with
vari ous paraneter data to be used in setting the pitch, color, volune etc.
of "each tone to be generated. These paraneters are distributively fed to
predeterm ned ones of digital signal p[pggsgors DSP1 - DSP4 25 via the
conmputer interface CIF and parameter bus™PBUS. Digital signal processors
DSP1 to DSP4 are also interconnected via a data bus DBUS to exchange data

t her ebet wee@athaurid&he first?(and diGiieh &i§DeAl PEO§RAE0peoBSBAcke BER4 are
connected to a data interface DIF serving as an output port and al so

connect ed t andl DSHAt aliat thandhbdy bus\BBUSr [ANess @nivied opet daitat énhtacdesl F.
Synt hesi zed tone waveform signal data is output fromb5 pr edet er m ned one
of digital eamplditudeccondaodlingr senyediopel diaaal EFr oendsorlBBPlpitchhki s

enbodi nent) as an ultimate result of arithnetic operations. The

synt hesi zed CoPdFOLAingr oPAVSLgREI R elCed-i-n akhpel fPride s dald bAF) .

reproduced via sound .system SS. 10 . . Further__a waveform nenpry VWM
storing%tongaNE%QF HAFRERO A NG) SPRS LG Rk 8R%AI IB0BECe KPOgSe VAL UPRe

PCM t echni g IS %%tg o the._ individual digital signal processors DSP1
to DSP4 via%ﬁﬁﬁe %%@% and th g&? ®ind is al so connected to the

m croconputer seGdoneLON WA the | HMASLE, the first digital signal

processor DSP1 prepares progressive .phése data PG
corresponding to the pitch of tone to be generated, on the

10 basis of pitch-setting and tone-cdlor-setting parameter data
supplied from the microcomputer section COM. The first
*digital signal - processor DSPl1 sends the thus-prepared
progressive phase data PG to the fourth digital signal
‘processor DSP4 via the data bus DBUS.

15 ' For each of the channels, the third digital signal
processor DSP3 prepares a correlative noise signal BWR on the
basis of the tone-color-setting parameter data supplied from
the microcomputer -section COM. This signal processor DSP3
sends the thus-prepared correlative noise signal to the fourth

20 digital signal processor DSP4 via the data bus DBUS.

Further, for each of the channels, the fourth digital
signal processor DSP4 generates tone waveform data having a
predetermined pitch, color and volume by use of the tone-
color- and volume-setting parameter data from the

25 microcomputer section COM and the phase data PG, envelope data
(tone volume level data LVL taking into account both the
amplitude-controlling envelope data EG and the interpolating

coefficient data IP) and correlative noise signal BWR. the



15 M F, paraneter bus PBUS and interface CIF. A clock pul se generator
CLKG generates and supplies systemclock pulses to digital signal
processors DSP1 to DSP4. In the above-nentioned digital signal processing
section DSPS, various arithnetic operations and other processing for 20
synthesizing a digital tone waveformare divided or classified into a
plurality of operation groups which are | ocated to and perfornmed by the
digital signal processors DSPl1 to DSP4. For instance, the first digita
signal processor DSPl is assigned to the operations for preparing
progressi vefphath dbgitdat aignaleprbcessarpbsr4l séndsf théyphastpyepliretione
generation channels (hereinafter referred to "phase operations") and al so
t o oper at i otroneowavefinrmgdaba ttmdheadirsrtndd gtidadeségaaddpracesspitePSP1
digital signal processor (e.g., DSP4) for the - 21 - individual channels
(her ei naf t eWipefther slatay kis "BBYS ng dber filrsts'digithle starml Brgregsor
signal processor DSP2 is assigned to the operatjons for preparing envel ope

data for eaPRPdf SURE VRahAREsWENeferRafet? PEfallchhechannel§eripRlied

ti . The third. digjtal si | DSP3_ | [ tp. th
oberat i 3na. FEPRnERENACHEtEe Ao tats Signsl FEerasrcy MoRA TS APGERCFLE! on
[ h of . naf t " nQi t] " d
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(Fundamental Structure of Digital signal processors)
Next, the fundamental hardware structure of each digital
10 signal processor DSPl, DSP2, DSP3 and DSP4 will be described
with reference to Fig. 3, where DSPn represenfs any one of
the digital signal processors DSP1l to DSPA4. A microprogram
supply- section 5 in +the digital signal processor DSPn
comprises a storage device which prestores microprograms
15 describing the ones of the digital waveform sYnthesizing
operations which are allocated to the digital signal processor
DSPn. For example, in the microprogram supply section 5 of
the first digital signal processor DSPl are prestored
microprograms for the above-mentioned phase and mixing
20 operations; in the microprogram supply section 5 of the second
digital signal processor DSP2 is ﬁrestdred a microprogram for
the above-mentioned envelope operations; in the microprogram
supply section 5 of the third digital signal processor DSP3
are prestored microprograms for the above-mentioned noise and
25 PCM operations, and in the microprogram supply section 5 of
the fourth digital signal processor DSP4 is prestored a
microprogram for +the above-mentioned waveform generating

operations.



-processor DSP4 is assigned to the operations for generating a tone waveform
si-gnal for each of the channels by use of the phase data, envel ope data and
noi se signal provided by the other digital signal processors DSP1, DSP2 and
DSP3 15 (hereinafter referred to as "waveform generating operations").
Fig. 2 is a functional block diagramillustrating flows of information and
signal s anong the digital signal processgps DSP1 to DSP4 in the digita

si gnal processing section DSPS of Fig. 1““The microconputer section COM
supplies the digital 20 .signal processors DSPl1 to DSP4 w th predeterm ned

parameter data dependi 88 B8 hdEed|donived PRRNtOBMbOAS MBALTREaESFableFi 0.
19. An explanation will be nade |ater as to whieh paraneter data is

suppl i ed t oofhienpldydirica! thé gEarmphec asanid DSMthe®EP4and5 FM synthbesis
specifically, for each of the channels, the second digital signal processor
DSP2 pr epar metbnds| dpr dane crveforpagenarfating @roeessingecthat tdagndtt a
supplied fromthe m croconputer section COM and sends the thus-prepared
envel ope  use2-thit gxterngd fvavefomy memoxy dWMit al T9i gHRis pedessbhe
DSP1 and DSP4 via the data bus DBUS. K These envel ope data jncludes |

anpl i t udle- cBAEFOPFPAGEBNMRIYY SBRGETHP and off sBPei £dRste shtFdrat nFLeRdLI ope

data (59, oobiaskodl b I3bRcAThs, PuioHERRLSOATS SHE|BF osastbususl)
' one set for the formant sqund synthesis and the other set for
the FM synthesis. Similarly, the microprogram supply section
5 of thé fourth digital signal processor DSP4 contains two
10 different microprograms, one for the formant sound synthesis
and the other for the FM synthesis. ‘In contrast, the second
digital signal processor DSP2 performing the envelope
operations and third digital signal processof DSP3 performing
the noise operations execute respective same microprograms'
i5 irrespective of which of the two methods is used for the tone
waveform synthesis, because the operational contents are
common to the- two methods.
A control signal generating section 6 fetches and
decodes an_instruction from the microprogram contained in the
20 microprogram supply section 5 and generates a control signal
based on the fetched instruction. The control signal
generating section 6 in each of the digital signal processors
DSP1 to DSP4 starts fetching and decoding the microprogram
instruction, in response to a key~-on signal contained in
25 various parameters given via the bus PBUS. The key-on signal
instructs a start of tone generation. The control signal
generating section 6 in each of the digital signal processors

DSP1 and DSP4 selects either the microprogram for the formant



For each of the channels, the first digital signal processor DSP1
prepares progressive phase dat a PG corresponding to the pitch of
tone to be generated, on the 10 basis of pitch-setting and

tone-col or-setting paraneter data supplied fromthe mcroconputer section
coMm The first digital signal processor DSP1 sends the ,
thus-prepared progressive phase data PG g the fourth digital signal
processor DSP4 via the data bus DBUS. 15 For each of the channel s,
the third digital signal processor DSP3 prepares a correlative noise si gnal
BWR on the bashd dfyritiedimeorolthe seitroprpgrametfor dthe Fdppsysthesds the
m croconputer section COM This signal processor DSP3 sends the

t hus- pr epar metbodsel dni veesponsesi gital a o tore f osyrbhesizing gi ahgosighn|
processor DSP4 via the data bus DBUS. Further, for each of the channels,
the fourth degigaptipgnRaranpiean ohl QSM)W ednt FRriQumf BRRARGESTS

b "o LR T S o b FodS AT i 5o 8o
o | omp o ATk EagReS i %%??ﬁéﬁésc%oﬁi AT
e | e POV ABRRCOBRRACHE oifhand Dodibebiq igh ROk Y 008 BHE
tone wavef Oh%%b%obea;nh%ubbaibdd!egbinalthél 80Bpb1pr 86ee$6h BSBEe given to
an arithmetic operation/storage section 7.
The arithmetic operation/storage section 7 performs
10 varioﬁs operations, such as arithmetic operations, data
sforage, selection, delay and data conversion, in accordance
with various signals given from the control signal generating
section 6. The arithmetic operation/storage section 7
includes an arithmetic unit (ALU) 8 for performing the four
.15 arithmetic operations and logical operations, and a dqual-port
random access memory RAMn. As mentioned earlier in relation
to Fig. 2, various parameter data are supplied from the
microcomputer section COM to the digital signal processors
DSP1 to DSP4 via the parameter bus PBUS, and also each olf the
20 digital signal processors DSPl and DSP4 may receive data from
any of the other digital signal processors via the data bus
DBUS. Such external data are input to the arithmetic unit 8
via data interface IF. Further, as shown in Fig. 3, the
resultant operation output of the arithmetic unit 8 is fed .
25 back to the unit 8 itself via the data interface IF after
being delayed or stored in the memory RAMn. In accordance
with the control signal from the control signal generating

section 6, the arithmetic unit 8 of each of the digital



via the data bus DBUS. The first digital signal processor DSP1 sunms up
tone waveformdata of all the channels supplied 5 fromthe fourth digital
signal processor DSP4 and sends the resultant summed tone waveformdata to
the digital -to-anal og converter DAC via the data bus DBUS and interface

DI F. (Fundamental Structure of Digital signal processors) Next, the
fundanmental hardware structure of each_djgital 10 signal processor DSP1,
DSP2, DSP3 and DSP4 will be described w reference to Fig. 3, where DSPn
represents any one of the digital signal processors DSPl1 to DSP4. A

m Cr opr ogr agsighad! proeelssorss DSP1 heodiDEH4 egb@ibes prohee seredéSEmined
conpri ses a storage device which prestores m croprograns 15 descri bi ng

t he ones of alhecategdt apevatibdbos msynghtbegendabperati ons which are
allocated to the digital signal processor DSPn. For exanple, in the

m cropr ogr am supfhg suali-merE: orandemf pecesgi glemarysi BAYN. hesc Separaisrl
are prestored m croprograns faor the above-nentioned phase and m xing 20

oper ati ons; 1PRUEhETH cPBEPBYr ARtSURATTS e 8ACOBNS! 16h A sEEHATY| }FERFS
UGN = MO T I R b
et OAeEAEEESS PSR RS TG gL AR ARG R B E pony
supply sectp8pyS5r@habhe abedlh nflinfilidls F ! ﬂXﬁEFSﬁRMSPSEﬂMiﬁaQﬂ?sfﬁged a
m croprogram for the above-nentioned waveform generati ng operati ons. ..
digital signal processors DSPl to DSP4. Stored data in the
dual-port random access memory RAMn (i.e., data indicative of
10 the operation reéult output by the arithmetic unit 8 of the
digital signal processor DSP concerned) is read out to be
utilized in that digital signal proceséor DSP, sent to another
digital signal prqcessor-DSP via the data bus DBUD or sent to
the converter DAC. As previously mentioned, each of the
15 digital Signal processors DSPl and DSP4 may be supplied with
data from any of the other digital signal processors via the
data bus DBUS. Line LX is therefore provided in each of the
digital signal processors DSPl and DSP 4 for receiving the
~ data transferred from any of the other processors via the data
20 bus DBUS. | |
Figs. 4A to 4D show data storage maps of the dual-port
random access memories in the individual digital signal
processors DSP1 to DSP4.
Fig. 4A shows the data storage map of the dual-port
25 | random access memory RAM1 in the first digital signal
processor DSP1l. This memory RAM1l contains two groups of 18-
channel storage areas for storing two groups (first and second

groups) of pitch phase data PGpl and PGp2, respectively, which



- 24 - It is to be noted that the present enbodi nent is capabl e of

enpl oyi ng the formant sound synthesis and FM synt hesis nethods for tone
wavef orm generating processing that do not use the external waveform nenory
Y To this end, the 5 m croprogram supply section 5 of the first
digital signal processor DSP1l contains two different sets of m croprograns,
one set for the formant sound synthesis gpd_the other set for the FM
synthesis. Simlarly, the mcroprogramsupply section 5 of the fourth
digital signal processor DSP4 contains two 10 different mcroprograns,
one- for the g@r EBNbeSayad SyH! Fesmantrsbunte soiritdresier, tamd BMsoycbngsins | n
contrast, the second digital signal processor.DSP2 perform ng the envel ope
oper ations awd gibugsdogi L8+cbagnel gtorags arawPFqr sfttoning) tvwee grouUPs
operations execute respective sane m croprograns 15 i rrespective of which
of the two retiveds and gecdnfiogronps) 0P GRIVESH rfreauanNss Rhass Satse PCRd -
operational contents are common_to the two nethpds. A _control signal

generating o P6A26 TeERACELIUALY dStRHER 2He tRsPRUEEY £9% (ﬁﬂ’i"}?é‘ sound

Gener at & & BEHHEGH 1 grifhepBIgeh FPoqaiate: Rey ok oraes  and BRhrer

cont ol o' Sl ASHEL TN B SR B0l sl 8 SBflentecy
o "t TR SRR B o, Bgnate e

tone ‘gener atifpym syHEHELNL RELtROANEE selected, the storage areas for the

center frequency phase data PGfl and PGf2 are also used as

10 storage area for storing phase data generated from tv}o (first

and second) FM operai:ors orl and OP2 as will be described

later. 1In addition, the random access memory RAM1 includes.

two groups of 18-channel storage areas for. storing two (first

and second groups) of window function phase data PGwl and

15 PGwz; respectively, which are to be used for the formant sound

synthesis, 18-channel storage areas for storing phase data PGu

for noise signal, and storage areas for gtoring 1e_ft-' and

right-channel tbne waveform mix data MIXL and MIXR to be used

for panning control. The tone waveform mix data MIXL and

20 MIXR are obtained by mixing‘ tone waveform data of the

individual channels in correspondence with the left and right

speakers.

Fig. 4B shows the data storage map of the dual-port

random access memory RAM2 in the second digital signal

25 processor DSP2. This memory RAM2 contains 18-channel storage

areas for storing attack glide data AG for normal tone

waveform signal (i.e., data to control time-variation of pitch

at the rise of a tone) and other 18-channel storage areas for



generating section 6 in each of the digital signal processors DSP1 and DSP4
setects either the m croprogramfor the fornmant - 25 - sound synthesis
or the mcroprogramfor the FM synthesis nethods in response to a tone

synt hesi zing al gorithm desi gnating paraneter ALG contained in various
paraneters given via the bus PBUS, and nodifies.the selected m croprogram5
I n-accordance with the designated tone_ségtbesizing al gorithm Various
confrol signals generated on the basis of the mcroprogram supplied from
the supply section 5 are given to an arithnetic operation/storage section
7. The arit yBoriigopataidio g Ride afets eAGu oo/ beendswdsfdd noigei dosmant
operations, such as arithnetic operations, data storage, selection, ,
del ay and détomec @myndiheisdrs. i Ther adridanic gglideh daka cAG angnabs greepiftchm

the control signal generating section 6. The arithnetic

oper at i on/ stcondFelldag ienvelopecdates arfhe i nemeryc RMMZ 33¢Q) 1B°flb‘ﬁes
performng the four 15 arithnetic Oferatlons and | ogi cal operatiops, and
a dual - port W{%@%@ﬁeﬁ%r? RANpL BYoxRBge @E@d’seaﬁ‘?’? eFLPRIRG Sﬁ" to

Fig. 2, d lied fr h
oot 10’ Phe %ﬁorés o8] Bner ﬁ?%?ae%?oﬁ? B%ﬁ"fgﬁsf%%gﬁw.eg 15h B b Se
PBUS, {4 4ts S d

and 2l Gack 00 1416 Phme Ualhls 5l P ol PEBRAC" SnFBnaRIREES ™Y

recei ve dat omany o0 pFoCessors t he

bus DBUS. Sighy@d gﬂ"’lB-Qﬁ{a?m@le éﬂﬁ‘ggé Oaxté?s afdt hapbifnd n’tflrée groups

of interpolation data IP, respectively, which are to be used

as time-varying interpolation coefficients. In addition, the

10 memory RAM2Z2 includes two groups of 18—chanﬁe1 storage areas
for storing two groups of tone wvolume level data LVL1l and
LVL2, respectively, which are to be used for formant sound -
'synthesig or FM synthesis, and 18-channel storagé areas for
storing tone volume level data LVLu to be used for noise‘

15 formant sound synthesis, as well as storage areaé for étoring
envelope waveform segments. Of the three groups of envelope

data EG and interpolation data IP, one group is data for PCM
operations and two groups are data for formant sound synthesis

and FM synthesis. The tone wvolume level data LVL1, LVLZ,

20 LVLu are each a product of +the envelope data EG and
interpolation data IP. Whereas the tone volume level data
LVL1, LVL2, LVLu are output from the second digital signal
processor DSP2 to the processor DSP4, the envelope data EG and
interpolation data IP are processed within the second digital

25 signal processor DSP2 without being output to another digital

signal processor DSP1l, DSP3, DSP4.
Fig. 4C shows the data storage map of the dual-port

random access memory RAM3 in the third digital signal



via data interface IF. Further, as shown in Fig. 3, the resultant
operation output of the arithnetic unit 8 is fed 25 back to the unit 8
itself via the data interface |F after being delayed or stored in the
menory RAMh.  In accordance with the control signal fromthe control signal
generating section 6, the arithnmétic unit 8 of each of the digital - 26
- signal processors DSP1 to DSP4 executeggthe predeterm ned allocated
operations using these data. The dual-por? random access menory RAMh has
separate i nput and output data ports and thus is a random access 5 menory
capabl e of Nﬁkwébaaeousps'er foHi8 Agenicagd RAM3 Whiclladegel8tchaanelnstbeage
figure, RAMh denotes any one of the dual- port random access nenories RAM,
RAM2, RAMB, airAlk4 fior t betotiggt alatsl gRWR wamlesebr 3SR is OIRAiInsdhr bW
data in the dual -port random access nmenory RAMh (i.e., data indicative_ of
10 It he opeddihgnarReti tCURRERIt COPPORENE tOAekaW-RARS NPise shEnalgRRa|
signal processor DSP concerned) is read out to be utiljzed in that digital
signal pr océég‘éftlDSP,iE%nPaFGW%lﬂB’c‘her(Wéﬁléﬁht Aatg gRUR g cales, qﬁgﬂ%ﬁ gat he

data b DBUD t toth ] D As N YA ' : h
o thfe“%s caff%%}%fgé’?gﬁw% 8248015 " e, ARy’ nREME, teliilided Fer
ata fromany o e .ot el I ' ' Us.
Line Lx 1 theRerdr & Rrase areds it “aRorRhaRRtE, Lok A g pded RUBeER D)
and DSP 4 f%&gh%&S'Ed&JJéﬁér 18-channel storage areas to be used as a

working RAM during the operations.

Fig. 4D shows the data storage map of the dual-port

16 random access memory RAM4 in the fourth .digital signal

processor DSP4. This memory RAM4 includes 18-channel storage

areas for storing first waveform data TR1l, other 1l8-channel

'storage areas for storing second waveform data TR2, otherl18—

channel storage areas for storing feedback waveform data FR,

15 _and a storage area "Funvoiced" to be used as a working RAM in

the course of the operations to acquife a noise waveform. In

the formant sound synthesis, the storage areas for the first

waveform data TRl serve as storage areas for storing tone

waveform data, but in the FM synthesis, they serve as storage

20 areas for storing tone waveform data of the first FM operator

OP1. 1In the formant sound synthesis, the storage areas for

the second waveform data TR2 serve as stofage areas for

: storing the sum of the first- and second-group tone waveform
data or the second-group tone waveform data alone, but in the .

25 FM synthesis, they éerve as storage areas for storing the sum

of tone waveform data of the first and second FM operators

OP1 and OP2 or tone waveform data of the second FM operator

OP2 alone. The storage areas for the feedback waveform data



data transferred fromany of the other processors via the data 20 bus
DBUS. Figs. 4A to 4D show data storage nmaps of the dual -port random access
menories in the individual digital signal processors DSP1 to DSP4. Fig. 4A
shows the data storage nmap of the dual-port 25 random access nenory
RAML in the first digital signal processor DSPl. This nmenory RAML
contains two groups of 18- channel storagg areas for storing two groups

a

(fitst and second groups) of pitch phase“data PGpl and PGp2, respectively,

whi ch - 27 - are to be used for formant sound synthesis, and al so

conmt ai ns t WRJkebRe €bedBachanBobfroifr dgetaatoabefl asedt S6rngel Bofgedbpsk
(first and second groups) of center frequency phase data PG 1l and PG 2,
respectivel ¥M whpehatienso ixe uded ffdrsftor RMntopeoatos ORBRYntiresithe Fihe
pitch phase data PGl and PGp2 and center frequency phase data PG 1 and
PG 2 each i sginthesis modent ary phase (progressive phase) of a given

wavef orm sigpal . Wiere the FM synthesis nethod i s selected, the stora

areas for thPekntked f Hagdwpre Stayctyne oy Indiyigupd RHighfab §§€Bgis 10

storage_area for storikng phase data generated fromtw (first and second)
FM oper &t or ®TOPESERTSEP2 as wil | be described later. In addition, 'the

o SCcess iR EAA SRS R S BB s R RAES

PGM and operation/storage sections 7 in the four digital signal
processors DSP1 to DSP4 will be described in detail. Prior

to the description, an explanation will be given about the

10 fundamental structural features - common to the respective
arithmetic operation/storage sections 7 in the digital signal
processors DSP1l to DSP4. As explained earlier in relation to
Figé. 2 and 3, each Qf the arithmetic operation/storage
sections 7lis supplied with various parameter data from the

15 microcomputer section COM, data from another digital signal
processof, and data indicative of the operational result in

the same digital signal processor. Each of fhe arithmetic
operation/storage sections 7 is provided with a selector to
selectively introduce déta to be processed in the:aséociated

20 arithmetic unit 8. To the select control input of the
selector is applied a control signal that is generated by the
control signal generating section 6 on the basis of a
microprogram contained in the microprogram supply section 5.

Data thus selected by the selector in accordance with the

25 control signal is applied to the associated arithmetic unit
8. Thus, in each of the digital signal processors DSPl to

DSP4, data stored in accordance with the processing sequence

of the allocated processes are selected sequentially by the



15 PGM2, respectively, which are to be used for the formant sound

synt hesi s, 18-channel storage areas for storing phase data PGu for noise
signal, and storage areas for storing left- and right-channel tone waveform
mx data M XL and M XR to be used for panning control. The tone waveform
m x data M XL and 20 M XR are obtained by m xing tone waveform data of
the individual channels in correspondqp%ﬁ_@jth the left and right speakers.
Fig. 4B shows the data storage map of the dual -port random access nenory
RAM2 in the second digital signal 25 processor DSP2. This nmenory RAMR

cont ai ns 18g&ledtsr, Staid g cticddariyor opeehitignat t a2k Obkdeutieda Yo fihe
normal tone waveformsignal (i.e., data to control tinme-variation of pitch
at the ri scasféociated)anhthostbe dBithBnnel storage areas for - 28 -
storing attack glide data AGQu to be used for noise formant tone synthesis.
The attack gli deFilash, Ahantttadiles hagidwerec shruoturagonvke gyel gmetic The
menmory RAM2 al so includes three groups _of 18-channel storage areas, for
storing t hrepesatigpbeterage eMAg dZt alEGtheesFaxeity ef491tl crsignat o be

b0, 1% FORLOLLIS BLEE: V320 Ol AL L, 20de oL stt ey 202 )
[eopect vel ke MLEHoRE Py SeRRstiEd. okl FSAR St e A [Bhosmgr
18- channel ﬁé?ia%%r%5§ﬁ§ the phase and miking operations for digital
waveform synthesis. The arithﬁetic operation/storage section
7 in the digital signal processor DSP1 is supplied with
10 predetermined parametér data via the data bus PBUS, attack
glide data AG, AGu for each channel read out from the dual-
port random access memory RAM2 of the second digital signal
processor 2, and also later-described tone waveform data for
each channel read out from the dual-port random access memory
15 RAM4 of the foufth digital signal processor DSP4. The
parameter data to be supplied from the microcomputer section
COM to the first digital.signal procéssor DSP1l are as follows
(see Fig. 19):
FNUM: Parameter designating a pitch frequency number;
20 RBP: Flag to simultaneously blace selected adjoihing
channels in a key-on state at a same pitch;
RORM: Parameter designating a center frequency of a
formant sound;
UFORM: Parameter designating a center frequency of an -
25 unvoiced formant sound (which may sometimes be called a noise
formant sound); |
VIB: Parameter designating ON/OFF of vibrato;

DVB: Parameter designating a depth and rate of vibrato;



for storing two groups of tone volune |level data LVL1 and LVL2,
respectively, which are to be used for formant sound synthesis or FM

synt hesi s, and 18-channel storage areas for storing tone volune:level data
LVLu to be used for noise 15 formant . sound synthesis, as well as storage
areas for storing envel ope waveform segnents. O the three groups of

envel ope data EG and interpolation data LB, _one group is data for PCM
operations and two groups are data for formant sound synthesis and FM
synt hesi s. The tone volune |evel data LVL1, LVL2, 20 LVLu are each a

product of the oM ebapemetét a deESgnakd ngntON /B FL €N mbdhd dtlonet eas
the tone volune |l evel data LVL1, LVL2, LVLu are output fromthe second

di gi tal si grenterofresmeno$Pofl @ tormandc esaord;DSP4, t he envel ope data EG
and interpolation data IP are processed within the second digital 25 '
si gnal processor OF3R2 Paranatderi ndesigpating amot idepth giand srahel of
processor DSP1, DSP3, DSP4. Fig. 4C shows the data storage map_ of the

dual - port r &edededdess ofmensep reqguement 195 @ fioxmant sqymd: - 29 -
processqQr DSP3. This menory 'RAMB [ nc|udes, 18-channel storage areas for
storing’data BWRYERH o?a’?/%?ec‘f?ﬁ' sé%%%%%'&ﬂn%ﬁﬁ%?ﬁg% -B?Qég“](ﬁi‘?’r‘ﬁhto‘? a

COMPOnC | Refe! AR oI EeS I Sy MUd Rl IO L (o
includes 18- chanffhy.St BAUmAHAS dd¥ighdidy dat aadFn (| QY4 Pa35¢801 3¢
| modulation of a center frequency of an unvoiced formant sound;
URVF: Formant following control flag:

10 PAN: Parameter designating panning of a formant sound or
FM sound:

BW: Parameter- designating a bandwidth (window function
time width) of a formant sound;
MULT1: Parameter designating a frequency multiplication'

15 factor in the formant sound synthesis or .a frequency
multiplication factor of the first FM operator OPi in the FM
synthesis, and

MULT2: Parameter designating a frequency multiplication
factor of the second FM operator OP2 -in the FM synthesis.

20 The frequehcy setting parameters FNUM, FORM, UFORM are
modulated by a ﬁodulating section 12 in accordance with
modulating parameters VIB, DVB, FOM, DFM, UFOM, UDFM,
converted into logarithmic form and theh input to a selector
10. The selectors 10 and 11 select data to be processed in

25 an arithmetic unit ALUl.

To the selector 10 are also input data #RAM4 read out

from the random access memory RAM4 of the fourth digital

signal processor DSP4 (among others, tone waveform data for



signal) and other 18-channel storage areas to be used as a working RAM
during the operations. Fig. 4D shows the data storage map of the dual -port
10  random access nenory RAMA in the fourth digital signal processor

DSP4. This nenory RAMA includes 18-channel storage areas for storing first
wavef orm data TR1, other 18-channel storage areas for storing second
wavef orm data TR2, other 18- channel stoggge areas for storing feedback
wavef orm data FR, 15 and a storage area "Funvoiced" to be used as a
working RAMin the course of the operations to acquire a noise waveform In

t he fornmant eaenndnainel§si dGatd HRECDrBEGMn TeRdsted REGE Eohthinedefiar ghdat a
TR1 serve as storage areas for storing tone waveformdata, but in the FM

synthesis, fheptséigitad signalyertessaredSPlorasdodata #losentafrbor bthdat a
of the first FMoperator OPl. In the formant sound synthesis, the storage
areas for thyitbmetdcwardftorailht vigriedaw cincwits aly8, adfanandrovtprtng
the sumof the first- and second-group tone waveformdata or the

second- gr oufonsreLlkereRor m d& Futinondhe gelactar ¥S segts pPRsPE, thiey
serve as stqQ

PeTve 28 SLgLale ases Lo SLotg Lhe B ol ous keyel ot mdnt ol e
Secon P OBSL ALy AR o, ARl IR RV BB
FM oper ati OB%siiQ t IZ'& f iar Stm:.@.édﬂ]:ggq:tﬂ Flstfudt¥orfMeontained in the
micropfogram supply section 5 corresponding to the processor
DSP1l. The thus-selected data is applied to the A input of
10 the arithmetic unit ALUl by way of a log/linear converter and
shifter 14 and delay circuit 15.
To the selector 11 are input data #RAM_Z read out from
the memory RAMZ of the second digital signal processor DSP2
(among others, attack -giide data AG, AGu), data #REG1 from the
15 register REGl, data #RAM1 read out from any of the storage
areas of the memory RAM1 in the first digital signal processor
DSP1 and data "0". In turn, the selector 11 selects one of
fhe input data in accordance with the control signal generated
by the control signal generating section 6. The thus-selected
20 data is applied to the B input of the arithmetic unit ALUl by
way of a log/linear converter and shifter 16 and delay circuit
17.
Under the control of a controller 23, the log/linear
converter and shifter 14 performs log/linear conversion or
25 shifting on the selécted data, and the log/linear converter
and shifter 16 performs either one of log/linear conversion,
shifting and positive/negative sign inversion or all of

log/linear conversion, shifting and positive/negative sign



synthesis node. [Detail ed Hardware Structure of Individual Digital signal 5
processors] Now, the hardware structure of the respective arithnetic
operation/storage sections 7 in the four digital signal processors DSP1 to
DSP4 will be described in detail. Prior to the description, an expl anation
wi |l be given about the 10 fundanental structural features common to the
respective arithnetic operation/storagq_§ ctions 7 in the digital signal
processors DSP1 to DSP4. As explained eafllier inrelation to Figs.. 2 and 3,
each of the arithnmetic operation/storage sections 7 is supplied with

various par aifRieifsiéi.a N pditnitfy cdherer op@rdmetseCPARNI £0Vhpdat &of BOM
anot her digital signal processor, and data indicative of the operational
result in tiparsaabld @1 alwislgnaln ptuceseotput&atefof ahd aighitvehiannel
operation/storage sections 7 is provided with a selector to selectively

i ntroduce daione yodamer devededonhrohedats divrmtaah2®lling ttheerespegitive.
To the select control input of the selector is applied a_control _signal
that is gendeNed® bgft HONHNVPINME| AiPWenthrengl e i 8L APd h&ighdi s
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el IR o B ot bl ool IR phBuat
ﬂlgcess! Ng HRAUYRINg t "faphhtaked i 0CESS e Sl fueiflyfCt ﬁﬁl%%'i%talt%hy by
: 'designating parametef MULT1 or MULT2 are selected by a
selector 22 to be sent to the controller 23. In accordance
10 with the selected data and the control signal from the control
signal generéting section 6 of the processor DSPl, the
controller 23 gontrols the operation of the iog/linear
converter and shifters 14 and 16.
Essentially, the arithmetic unit ALUl adds together data
15 applied to the A and B inputs thereof. As previously
mentioned, the added result of the arithmetic unit ALUl is
sent as data #1 to the selector 10 by way of the delay
circuits 18, 19 and output controller 20. The added result is
also stored into the register REG1l and written into the memory
20 RAM1 via a delay circuit 24 in accordance with thé control
signal from the generating section 6.

In accordance with the control signal from the
generating section.6 of the first digital signal processor
DSPl, the output controller 20 controls the overflow of a-

25 ' calculated output of the arithmetic unit ALUl and also
supplies initial setting values to initialize corresponding
phase data values in the memory RAM1 in starting tone

generation. Further, as will be described later, when the



- 31 - selector, and necessary operations are executed by the associ ated
arithmetic unit 8. First, the detailed hardware structure of the arithnetic
operation/storage section 7 in the first digital signal 5 processor DSP1
wi |l be described with reference to Fig. 5. As previously nmentioned, the
first digital signal processor DSPl perfornms the phase and m xi ng
operations for digital waveform synthesi _The arithnetic operation/storage
section 7 in the digital signal processor DSPl is supplied with 10
predeterm ned paraneter data via the data bus PBUS, attack glide data AG

AGu for eachiedRneebqhiepdyOphalseoadte Powl,; PEpR beaElows et neurtpyt RAMVD
of the second digital signal processor 2, and also | ater-described tone
wavef or m datentoolbach20haetsl theadformarit ocehter dfxegquencyr e adaess
menory 15 RAMA of the fourth digital signal processor DSP4. The

par anet er dBEAlt oP@E2sapgl wéndbwokunpdinnc phesepdedie Rxtl.oP®EeH the
first digital signal processor DSPl1 are as follows (see Fig. 19): FNUM

Par anet er deergRIAPPRGLRg pITeUPf FRgREREStATHbRRd Peset valugBp F|ag to

Same piboh:  RORFARLSHeet SRR QI (Y creaieEor REBTorts BPOH 1ot nEhe
o ST AR50, S5 20 g o0 B RV o o

read out in accordance with the control signal from the

generating section 6 of the first digital signal processor

" DSP1 and then again fed to the selectof 11 by way of a delay

10 circuit 25, as mentioned earlier. The phase data for each

channel writfen in the memory RAM1 is read out, as necessary,

in accordance with the control signal from the gene:ating

section 6 of the fourth digitél signal proceésor DSP4 and then

fed to the arithmetic operation/storage section 7 of the

15 fourth digital signal processor DSP4 by way of the delay

circuit 25. Further, the sum of the tone waveform data of

each channel stored in the memory RAM1 is sent to the

converter DAC (Fig. 1) by way of the delay circuit 25 and an

overflow controller (not shown). The overflow controller

20 controls the overflow of the sum of the tone waveform data of

each channel read out from the memory RAMI. The delay

circuits 15, 17, 18, 19, 24, 25 function to delay the

respective data by a time D corresponding to one clock pulse.

The second digital signal processor DSP2, which is

25 assigned to the operations for preparing envelope data,

operates in a manner similar to a conventional envelope

generator to thereby prepare attack glide data AG, AGu, level

data LvL1l, LVL2, LVLu, etc. and send the data to the data bus
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operation/storage ‘section 7 in the third digital signal
processor DSP3 will be described with reference to Fig. 6.

This digital signal processor DSP3 is supplied, wvia the

 parameter bus PBUS, with parameter NBW designating a noise

10

15

20

25

bandwidth, parameter NRES designating a sharpness of noise
spectrum and parameter NSKT designating a flaring shape of the
skirt portion:of noise spectrum, as parémeter data for forming
a noise signal. |

To a selector 30 of the arithmetic operation/storage
section 7 are supplied the above-mentioned parameters NBW and
NRES, calculated output data #3 sent from an arithmetic unit
ALU3 by way of a delay circuit 37, overflow/underflow
controller (OF/UF) 38 and shifter 39, and a white_noise signal
generated from a white noise generating circuit 32. Any one
of these supplied data 'is selected by the selector 30 in
accordance with the control signal from the control signal
generating sectiop 6 of the digital signal processor 3. The
thus-selected data is fed to the A input of the arithmetic
unit ALU3 by way of a delay circuit 33.

To a selector 31 of the arithmetic operation/storage
section 7 are supplied data #RAM3 output from the memory RAM3
and data #REG3 output from register REG3, so that the selector

31 selects predetermined one of the supplied data in

oP2

cation. The frequency setting paraneters FNUM FORM



converted into logarithmc formand then input to a selector 10. The

sel ectors 10 and 11 select data to be processed in 25 an arithnetic unit
ALUL. To the selector 10 are al so input data #RAMA read out fromthe random
access menory RAMA of the fourth digital signal processor DSP4 (anobng
others, tone waveformdata for - 33 - each channel), data #REGL from
regi ster REGL contained in the first dLg%Zal si gnal processor DSPl1, and
data #1 sent fromthe arithmetic unit AL via delay circuits 18, 19 and
output controller 20. In turn, the selector 10 selects one of the 5 I nput

data i n accargapraandet vitie aoridmiral gsagnabatbdsedjeonr & exlibyopnegramt r ol
signal generating section 6 on the basis of a mcroprograminstruction

cont ai ned i Ankkeusitdoapr ddgtan 'Shppigdieating & msitbssordi nggeiveesign
processor DSPl. The thus-selected data is applied to the A input of 10
t he arit hnetiscadded ApUtheyupperapss bag/ pf-ngae thusoretechad datey epnds
and delay circuit 15. To the selector 11 are input data #RAM2 read o from
the nenory mhem ofbehesetesteddidpta 18 ghgd ngceEl%%r %Slié‘p(“&:rmf?% oﬁ?&rs,
sk gosaaG, A0 e ISRl hAT ek oilalete] FRRTapdat®
oL 0 el 0o S0 AL o frork B! 4 cbiostl sl 1
generated #AREG output from register AREG into serial form. The gate
circuit 34 and parallel/serial converter 36 are provided to
calculate a partial product for serial multiplidation.

10 The arithmetic unit ALU3 adds together the data fed to
the A and B inputs. The added result is supplied to the
selector 30 as the data #3 passed through the delay circuit
37, overflow/underflow controller 38 and shifter 39. The
added result is also stored into the registexjs REG3, AREG and

15 written into the memory RAM3 via a delay circuit 40 in
accordance with thé control signal from the generating éection
6.

The overflow/underflow cpntroller 38 controls an
overflow or underflow in the calculated result of the

20 larithme"tic unit ALU3 to thereby control the effective bits of
the calculation. The shifter 39 performs data shifting in the
serial multiplication, or data shifting in accordance with a
predetermined coefficient parameter such as the noise spectrum
skirt parameter NSKT or interpolation coefficient parameter

25 IP. _

The registers REG3 and AREG are capable of 'either
latching the supplied data or passing the data therethrough

unlatched, in accordance with a control signal. It is assumed



by the control signal generating section 6. The thus-selected 20 data is
applied to the B input of the arithnetic unit ALUL by way of a log/linear
converter and shifter 16 and delay circuit 17. Under the control of a
controller 23, the log/linear converter and shifter 14 perfornms |og/linear
conversion or 25 shifting on the selected data, and the |og/linear
converter and shifter 16 performs eitherygne of |og/linear conversion,
shifting and positive/negative sign inversion or all of |og/linear
conversion, shifting and positive/negative sign - 34 - inversion. The
parini ng conthak ik afeR}ieitdANRES pREsEnts 1fo bind dilffezbncehbelweant 4t8
outputs left- and right-channel tone volune |evel control data for
control | i ngdata wedpecanderkadeltimdhgt tneandl firemo irheutreghsdegh ARES.| ef t
and right 5 speakers of the sound system SS. The |eft- and right-channel
tone vol ume | evefhgondpse durittem tir fhemmenayiwRMB dési ghadfngout
paraneter BW or. frequency nmultiplication designating paraneter MIJT1 or

MILT2 are s&hgrefgoBy in agequdance withethencopdrode sighal| gepenating
d 10  .with t | ect t dth trol si h
cont o Bst gREPtiBRePaPPnEiScEoLEN SLoftahesidtal dBrceesat PHES ¢ ot ofF er
23 control St*ahﬁ %t%ﬁ;r Ayl O LN a | 3 CBY YL s MG ?&f h§r <4k gnd
Fy, ® St Her oara

I
16. Essentia arithnetic unit AL adds ™t oge
delay circuit 41. The data written in the memory RAM3 can

also be read out therefrom in accordance with the control
signal generating section 6 of the fourth digital signal

10 processor DSP4, in which case the data is‘sent via the delay
circuit 41 to a linear/log converter 42 to be converted into

a logarithmic value and then sent as data #RAM3L to the

digital signal processor DSP4 by way of a delay circuit 43.

The delay circuits 33, 35, 37, 40, 41 function to qelay

15 the respective input data by a time D corresponding to one
clock pulse, and the'delay circuit 43 functions to delay the
input data by a time 3D corresponding to three clock pulses.
Next, the detailed hérdware structure of the arithmetic
operation/storage section 7 in the fourth digital signal

20 proceséor DSP4 will be described with reference to Fig. 7.
This digital signal processor DSP4 is supplied, wvia the
parameter bus PBUS, wifh parameter RHY designating ON or OFF

of a rhythm sound generating mode, parameter WF1 designating
a fundamental waveform of a periodic function in the formant -

_25 sound synthesis or a fundamental waveform of the first FM
operator OPl in the FM synthesis, parameter WF2 designating

a fundamental waveform of the second FM operator OP2Z in the

FM synthesis, parameter FBL setting a self-feedback level in



15 applied to the A and B inputs thereof. As previously nmentioned, the

adtded resu

t of the arithnetic unit ALUlL is sent as data #1 to the sel ector

10 by way of the delay circuits 18, 19 and output controller 20. The added
result is also stored into the register REGL and witten into the menory 20

RAML via a
generating
generati ng
controller
arithnetic
correspondi
generati on.

delay circuit 24 in accordance with the control signal fromthe
section 6. In accordance wth bhg control signal fromthe
section 6 of the first digital "signal processor DSPl, the out put
20 controls the overflow of a 25 cal cul ated out put of the

whd PM Wyrattibsiso s pparaneter | SKT seéttingval skirto porittiioal i ze
ng phase data values in the nenory RAML in starting tone
dhanaudhierisatic Idf e fmymnithezburad drseen®igt h®). - 35 - pitch

frequency: phase data PGpl, P&2 overflow, the output controller 20 sets the
formant center fr¥uengelaetar @ aobgthe mrthmetis noprrefion/stosRgse

dat a PGM,
The stored

PGM2 of the corresponding group.to predetermned feset values. 5
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circuit 25,

10

15

20

25

as nentione a f'or ea
the memory RAM2 of the second digital signal processor DSP2

(level data LVL1l, LVL2, LVLu of each channel), éﬁd data #RAM1
read from the memory RAM1 of +the first digital signal
processor'DSPl (phase data PGpl, PGp2, PGfl, PGf2, PGwl, PGw2,
PGu of each channel) passed through a rhythm sound generator
52. fhe rhythm sound generator 52 disturbs these input data
to create phasé data of a rhythm sound, in accordance with
parameter RHY supplied wvia the p?rameter bus PBUS. Any one
of these data is selected by the'éelectof 50 in accordance
with the control signal from the control signal generating
seétion 6 of the digital signal pfocessor DSP4. The thus-
selected data is fed to the A input of the arithmetic unit
ALU4 by way of a delay circuit 53.

To a selector 51 of the arithmetic operation/storage
section 7 are supplied data #RAM4 oufput from the memory RAM4,
data #REG4 output from régiéter REG4 and the above-mentioned
data #RAM3 read out from the third digital signal processor
DSP3, so that the selector 51 selects predetermined one of the -
supplied data in accordance with the control signal from the

control signal generating section 6 of the fourth digital

signal processor DSP4. The thus-selected data is fed to the

B input of the arithmetic unit ALU4 by way of a delay circuit



channel witten in the nenory RAML is read out, as necessary, in accordance
wi‘th the control signal fromthe generating section 6 of the fourth digital
signal processor DSP4 and then fed to the arithnetic operation/storage
section 7 of the 15 fourth digital signal processor DSP4 by way of the
delay circuit 25. Further, the sumof the tone waveform data of each
channel stored in the nmenory RAML is senj,to the converter DAC (Fig. 1) by

way of the delay circuit 25 and an overfTow controller (not shown). The
overflow controller 20 controls the overflow of the sumof the tone
wavef orm daga.of each channel read out fromthe nenory RAML. The del ay

circuits 15, 17, 18, 19, 24, 25 function to delay the respective data by a
time D correspontthegatrdthnetiboukipuAiys Hddss dogethdinithe datmafed to
processor DSP2, which is 25 assigned to the operations: for preparing
envel ope dathe dpend eB’ inputsannethei adigd mesuldoni@nsupralednia ople

generator to thereby Erepare attack glide data AG AGu, |eyel gagﬁaLVL
LVL2, LVLu, selectard59cng the data #4 thrayehs the delay gircygyyan

necessagy L oIShaboE ! e riRLe S UoLie O Rl AR
s ot BedBhPak By ik MF SHRE SR peae, nembBY, b BndE |
third digitaheshaRak, the data #4 is sent via a delay circuit 57 to a
log/linear converter 58 to be cdnverted into an antilogarithm,
and is then applied to input @ of a selector 64. In another .

10 path, the data #4 is sent wvia a delay éircuit 61 to a
log/sine table 62 to be converted into sine waveform data of
the logarithm and is then applied to input B of the selector
64 via a delay circuit 63. In the other path, the data #4 is
applied directly to input 7 of the selector 64.

15 The overflow/underflow controller 56 controls an
overflow or underflow (i.e., effective bits) in the calculated
result of the arithmetic unit ALU4 to thereby control the
effective bits of the calculation. A waveform shifter 60, in
accordance with fundamental waveform designating parameters

20 WF1l and WF2, performs a changing process to shift fhe phase
value of input phase data.or set the phase value to zero for
a specific portion. Such a changing prodess may essentially
be conducted, for example, by use of a method disclosed by
the same assignee in Japanese Patent Publication No. HEI 6-

25 44193. When a formant sound window function is to be
generated, this waveform shifter 60 down (right)-shifts the
phase value of the input phase data by one bit (i.e., reduces

the phase value by half). Thus, with the down-shifted phase



processor DSP3 will be described with reference to Fig. 6. This digital
si-gnal processor DSP3 is supplied, via the paraneter bus PBUS, with
paraneter NBW designating a noise 10 bandw dth, paranmeter NRES
designating a sharpness of noise spectrum and paraneter NSKT designating a
flaring shape of the skirt portion of noise spectrum as parameter data for
formng a noise signal. To a selector 30,0f the arithnetic
operati on/ storage 15 section 7 are supplied the above-nentioned
parameters NBWand NRES, calculated output data #3 sent froman arithmetic
unit ALU3. Ayt#aya Firsc-delldy cyileubf thé, simeerdavefarmeds| owadbmubl | er
(OF/UF) 38 and shifter 39, and a white noise signal generated froma white
noi se gener stomgthéerbogisB3fe tablet® ¥dth sespeetetouppei pitdhtayele of

sel ected by the selector 30 in accordance with the control signal fromthe
control siguhe gsnutaphagesdatfen 6 of the digital signal processor 3. The

thus-selected data is fed to the Ainput of the arithpetic unif _ ALU3 by wa
of a del ay circufhezgutpyt of thergelectpr P r1§11%?thE°a?i%hﬂ££¥E and "%

oper oL o) L IRE3EE LR LrPLS, BADPILESh AL EESE P08 PR LUl Y
el oct " SRRCHIGASE A Cho! Ve RUAR o 08! Boblbrot “siihan SEoR e
positive or  nedabiue 59PBUS, FM feedback level parameter FBL or formant
- sound skirt characteristic designating parameter SKT is
supplied to a controller 66.. The controller 66 gives :the
10 shifter and log/linear converter 65 shift amount designating
"data in accordance with the supplied parameter. The parameter
SKT is supplied to the controiler 66 after being up (left)-
shifted (i.e., after the parameter value being doubled) so
that when generating a formant sound window function waveform,
15 the shifter and log/linear converter 65 outputs a waveform of
sine wave raised to the power of "2 X SKT". For instance,
where SKT = 1, the sine waveform data in logarithmic form
comprised of the first-half sine wave is multiplied by "2" by
up-shifting the input data by one bit, so as to generate
20 waveform data which will provide a waveform corresponding to
a function value of the second power of sine when converted
into an antilogarithm. The waveform corresponding to a
function value of the second power of sine will provide an
extended skirt of the half wave portion of the sine wave and
25 will be suitable as a window function.
The output data of the shifter and log/linear converter
65 is temporarily stored into register REG4 or written into

the memory RAM4 by way of a delay circuit 67, in response to



I s added to the uppernost bit of the thus-selected data, and then the
selected data is fed to the B input of the 5 arithnetic unit ALU3 by way
of a gate circuit 34 and delay circuit 35. A parallel/serial converter 36
converts data #AREG output fromregister AREGinto serial form The gate
circuit 34 and parallel/serial converter 36 are provided to calculate a
partial product for serial nultiplicatiop, 10 The arithnmetic unit
ALU3 adds together the data fed to the” nd B inputs. The added result
is supplied to the.selector 30 as the data #3 passed through the del ay

circuit 37, tRyesdherbingigyid 0w rennivhel teht281a8dgasl f §eheBd8ting Hecerisied
result is also stored into the registers REG3, AREG and 15 = witten into

the menory RAMBTHearagisltay REGAUil 40 shifacaegdater wHdsd eutgmunt radta
signal fromthe generating section 6. The overflow underflow controller
38 control $REGA dsefédowoothendelétbori Althe cal cul ated result of the 20
arithnmetic unit ALU3 to thereby control the effective bits of the

cal cul ati on. . TheIBhinesporsse p&pf ot ¢ondredi f $igpal n fymm s&hpy|control

mul tiplication, or data shifting in accordance wifh a predeterm ned
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by way of a delay circuit 68. Also, the written data in the
memory RAM4 is read out therefrom and then ssnt-to the first
10 digital‘signal processor DSP1 by way of the delay circuit 68,
in response to the control signal from the control signal
generating section 6 of the digital signal processor DSPl.
(Tone Synthesis by Cooperation of Digital Signal processors]
Next, a description will be made about a manner in which
15 a tone waveform is synthesized by the above-mentioned digital
signal processors DSPlL to DSP4 in the digital signal
processing section.DSP performing the respective operations
in a parallel fashion.
Fig. 8 is a time chart illustrating the respective time-
20 divisional channel tiﬁing of the individual digital signal
processors DSPl to DSP DSP4. In the figure, numerical values
"1" to "18" denote time-divisional timing of channels 1 to 18.
As shown, each of the digital signai processors DSPl to DSP4
e#ecutes the operations_of the individual channels, while -
25 sequentially switching one channel to another every time 21
system clock pulses are giwven. Namsly, one cycle of the
time-divisional 18-channel operations in each of the digital

signal processors is equivalent to a time over which 378 (21



- 38 - that the register AREG presents no tine difference between its data
write and read timng to and fromthe register AREG The data witten in
the menory RAMB is read out therefromin accordance with the control signal
generating 5 section 6 of the third digital -signal processor DSP3, and is
then supplied as the data #RAMB to the selector 31 via a delay circuit 41.
The data witten in the nenory RAMB can 2%59 be read out therefromin
accordance with the control signal generating section 6 of the fourth
digital signal 10 processor DSP4, in which case the data is sent via the
delay circuix ¥g) tElccH ipeddd egrec aimasrier 42 to be converted into a

| ogarithm c value and then sent as data #RAMBL to the digital signal
processor DSP4 byheadigfitaldsligpati procesd8rs ThePlietayD3P4 cexecuts, edch 37,
40, 41 function to delay 15 the respective input data by a tine D

cor r espondi shanpedneperatikopsl at, dhfiferert deiming; r ciame ks, fafceheym 10

delay the input data by a tine 3D corresponding to three clock pul ses.
Next, the d§g&Hﬁ%$qﬁ%mWWP%PSFPBCFEFQWQ 4%ﬂ9¥éhtﬁﬁﬁpﬁé(ﬂﬁQQﬁ§4§PsP%?%ge
ti 7 int f th digijal si |, .20 . PSP4. will b
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lied, vi fer. . . . .
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f undament al oHgY BEeRMpR-£orRC Al ighded) St h dibrdd Gl B e 2Bperafiibis,
synthesis or a fundairental waveform of the first FM operator 1in the FM
synthesis, pagpBBteveYy? GeTHHIALING at timing a two-channel time (i.e.,
42 clock pulses) after the envelope operations timing, the
10 fourth digital signal processor DSP4 perfdrms,the waveform
generationloperafioné of channel 1 at timing a one-channel
time (21 clock pulses) after the phase and noise operations
timing, and then the first digital signal processor DSP1l
performs the mixing operations of channel 1 at timing a one-
15 channel time (21 clock puises) after the waveform generation
operation timing.

Thus, when' envelope data of a specific channel is
prepared in the second digital signal procéésor DSP2, phase
data and noise signal of that channel are prepared in the

20 first and third digital signal processors DSPl1 and DSP3 by use
of the envelope data at timing that is later than the
envelope data preparation timing by a two-channel time.
Further, at timing later than the phase data and noise signal
preparation timing by a one-channel time, the fourth digital

25 signal processor DSP4 prepares tone waveform data.of that
channel by use of the envelope data, phase data and noise

signal. Then, at timing later than the tone waveform data

preparation timing by a one—channel time, the first digital
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(see Fig.

wavef orm of the second FM operator OP2 in the FM synthesi s,

FBL setting a self-feedback level in - 39 - the FM synt hesi s,
and paraneter SKT setting a skirt portion characteristic of a formant sound

19) .

To a selector 50 of the arithmetic operation/storage section

7 are supplied the calcul ated output data #4 sent from5 an arithnetic unit
ALU4 by way of a delay circuit 55 and o_vg;lfl_ovv/ underf | ow controller
(OF/ UF) 56, data #RAM2 read fromthe nmenory RAM2 of the second digital

si gnal pr.ocessor DSP2 (level data LVL1, LVL2, LVLu of each channel), and

data #RAML k2gaalll probBesBeNDsPl Ridds ofoddithdr e diclid daveiforal dd®a of

processor

DSP

channel ) pashed specdifde ehahyelmandutthogenafatthe mtherthehdnrddis.sound
generator 52 disturbs these input data to create phase data of a rhythm
sound, in accord®y&hwst bapaingethe &gl tabsionkly prodessoasatet perifosm
PBUS. Any one 15 of these data is selected by the selector 50 in
accordance Wheh regpeghivel cpeFptigndmitheacoP@¥allel gashjarer andhgat

section_6 of the digital signal, processor DSP4. The thus- .selected data is
fed to Phe ALtABEENS chamned

53. 20
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Next, a description will be made about a manner in whiqh
a tone waveform is synthesized by the cooperation of.the
digital signal processors DSP1 to DSP4 on the assumption that
the processors DSP1 to DSP4 operate at the time-divisional
channel timing as shown in Fig. 8. Figs. 10, 12 and 14 are
combined functional block diagrams showing wvarious circuit
elements of the digital signal processors DSPl to DSP4-as.
combined in accordance with the programmed processing flows
and illustrating how the processors DSPl1 to DSP4 are
functionally related to each other for necessary cooperative
operations. For convenience of description, thé circuit
elements of the second digital signal processor DSPZ are not
shown in Figs. 10, 12 and 14.

Fifst, a description will be made about a manner in
which a tone waveform is synthesized in accordance with the
formant sound synthesis method on the basis of the cooperation
of the digital signal processors DSPl1 to DSP4, in relation to
a case where two formant sound waveforms are obtained on the
basis of two groups of the pitch frequency phaée data and
formant center frequency phase data and these formant sound

waveforms are then added together to form a final formant

(phase data PGpl, PGr2, PG 1, PG 2, PGwn, PGM2, PGQu of each



data #RAMB read out fromthe third digital signal processor DSP3, so that
the selector 51 selects predeterm ned one of the 25 supplied data in
accordance with the control signal fromthe control signal generating
section 6 of the fourth digital signal processor DSP4. The 't hus-sel ected
data is fed to the B input of the arithmetic unit ALU4 by way of a delay
circuit - 40 - 54. The arithnetic upijgALU4 adds together the data fed
to the A and B inputs. The added result is supplied to the selector 50 as
the data #4 through the delay circuit 55 and 5 overfl ow underfl ow

control l er sbtndamtvéforhso Iredridera teckgntbestdebywaa(onimere) f Edimantg
paths. Nanely, ih one of the paths, the data #4 is sent via a delay circuit
57 to a | ogsbundawavefioemseon58heobpeigomfertived (ioxt @oHe ardnuRfaref ke and

is then applied to input a of a selector 64. In another 10 ath, the data
#4 is sent pitch freeayercy Rhasefata anoy§PIMART: ﬁﬁPEeBZf’E%qunE%rR/té??%d

B R L A R e L N
e S R e e )
o e ooy SRS, RrhFe SRS 57 S53LLo00 bhouns! M agtinie L1
shifter 60, jhNgapanese Patent Laid-open Publication No. HEI 2-254497.
That the digital signal processors DSPl to DSP4 should
perform the necessary operations in the formant souﬁd
10 synthesis mode is instructed by a vélue of tone synthesizing
algorithm parameter ALG which is given in- response to the.
user'é sound color selection or the liké via the operator
-section OPS (Fig. 1) or any other suitable means. For
example, when the algorithm parameter ALG is of value "0", it
15 indicates that the necessary operations should be performed
in the formant sound synthesis mode.
--Exemplary Operations of Digital signal processor DSPl for
Formant Sound Synthesis--
Fig. 9 is a time chart illustrating exemélary operations
20 at various steps of the phase and mixing operations performed
by the first digital signal processor DSPl in accordance with
the formant sound synthesis. One cycle of the microprbgram
comprises 21 steps, i.e., steps SO0 to S20, and one step
corresponds to oné cycle of the system clock. One cycle of
25 the microprogram corresponds to one channel timing of Fig. 8,
and the program is executed for the 18 channels time-
divisionally as shown in Fig. 8. Steps SO to S10 and S13 to

S18 are directed to the phase operations, and steps S11, S12,



accordance with fundamental waveform designating paraneters 20 W1 and

W2, perforns a changing process to shift the phase val ue of

i nput phase

data or set the phase value to zero for a specific portion. Such a changi ng
process may essentially be conducted, for exanple, by use of a nethod
di scl osed by the sane assignee in Japanese Patent Publication No. HEl 6- 25
44193. Wien a formant sound mﬁndOM/fgngﬁtpn is to be generated, this

wavef orm shifter 60 down (right)-shifts

e phase val ue of the input. phase

data by one bit (i.e., reduces the phase value by half). Thus, with.the .
down- shi f t ed1phafg S20-ahd disbdted ad ivhd phalse opelratdbnishe Shneigavefor m
Is read out fromthe log/sine table 62 with respect to one pitch cycle of

t he i nput phaem daf)ain@ieatespdatal selte toelbectfimd Gb ithe rpuinpwt aoShtheer
and 5 | og/ i near converter 65, which shifts or log/linear converts the

i nput dat a emitbmpticeundtaAddds r ditem didl indigiateshdaim Hak cko boe PBAS,
FM f eedback | evel paranmeter FBL or formant sound skirt characteristic

desi gnati ngtparthet # 3drputs efpprhed 3Bl thete oyndit 6BLULTheiEgM: 1 6F) er

66 gives th
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meﬁory RAM1. Fig. 10 is a combined functional block diagram
illustrating a manner in which the first digital signal
processor DSPl prepares phase data, rather than the actual
hardware circuit structure.

(1) Operations of Digital signal processor DSPl at Step SO

At step S0, operations aré performed; by means of the
arithmetic unit ALUl of Fig. 5, to modulate the value of the
pitch frequency number FNUM for use in preparing two groups
of the pitch frequency phase data PGpl and PGp2.

Items (a) and (b) of Fig. 9 indicate, in a simplified
form, data to be fed to the A input and B input of the
arithmetic unit ALULl; at step SO, phase increment value data
corresponding to the pitch frequency number FNUM is set to be
fed to the A input of the arithmetic unit ALUl, and attack
glide data AG is set to be fed to the B input of the
arithmetic unit ALUl. Reference characters "n or n-1"
parenthesized below "FNUM" in item (a) will be explained -
later.

More specifically, in the example of Fig. 5, pitch
frequency number FNUM and vibrato parameters VIB and DVB are

given to the modulating section 12, and the selector 10 is



15 the shifter and | og/linear converter 65 outputs a waveform of sine
wave raised to the power of "2 X SKT". For instance, where SKT = 1, the
sine waveformdata in logarithm c formconprised of the first-half sine
wave is multiplied by "2" by up-shifting the input data by one bit, so as
to generate 20 waveformdata which will provide a maveforn1correspond|ng
to a function value of the second pomerd¥% si ne when converted into an
antilogarithm The wavef orm correspon g to a function value of the
second power of sine will provide an extended skirt of the half wave

portion of ¢thesshNgo W e liKe ouﬂ%&é oL S Wt ANE Bndary TEHVEEMASEEEN . -

The output data of the shifter and 1og/linear converter 65 is tenporarlly
stored into13egi s RERdadyluli dotivertexr t1® SatpuysRAdtaywhtghofisa dlel ay
circuit 67, in response to - 42 - the control signal fromthe contro

si gnal geneleganijtheici valGe Fhevergedt EroREGhel pitaihifrequegicyt erumibmse
output data #REGA is fed to the selector 51. In response to the control

si gnal fr onF¥é hesring undezrggne) vgbnetgtmcv@ls%’@wrwosxmol{ heThb8rQutriYi t al
signal processor DSP4, the witten data in the nmenor I s read_ out

t her ef r'om afte héf §93rﬁc§§ddé{1’a thenegelgctae 40 @cﬂdoru?‘ﬁn b§e%§'r°ofth§ del ay
CIIULL 58 A28 oRSRl SR, WS BA oo 0 culy et el o
del ay Clrcué$n9§rter and shifter 14 and delay circuit 15. At this step
S0, the controller 23 controls the log/linéar converter and
shifters 14 and 16 not to perform any conversion or shifting,
10 so that the input data is allowed to pass therethrough
unprocessed.

Meanwhile, at predetermined timing, attack glide data AG
of the current channel in logarithmic form is read out from
the memory RAM2. The read-out data AG is sent as data #RaM2

15 to‘the first digital signal processor DSPl by way of the data
bus DBUS and fed to the selector 11. The selector 11 selects
the data #RAM2, i.e., attack glide data AG, which is thén fed
to the B input of the arithmetic unit ALUl by way of the
log/linear converter and shifter 16 and delay circuit 17.

20 | Thus, the vibrato-controlled pitch fréquency number FNUM
"in logarithmic form and attack glide' data AG are added
together by the arithmetic unit ALUL. Because addition of
logarithmic wvalues corresponds to multiplication of the
antilogarithms (i.e., linear values) of the logarithmic values

25 as well known in the art, the above-mentioned operation is
equivaleﬁt, from the antilogarithmic wviewpoint, to an
arithmetic operation for performing attack glide modulation

by multiplying the vibrato-controlled pitch frequency number



In response to the control signal fromthe control signal generating
section 6 of the digital signal processor DSPl1. [Tone Synthesis by
Cooperation of Digital Signal processors] Next, a description will be nmade
about a manner in which 15 a tone waveformis synthesized by the
above-mentioned digital signal processors DSP1 to DSP4 in the digital
signal processing section DSP perform nggghe respective operations in a
parallel fashion. Fig. 8 is atime chart illustrating the respective time-
20 divisional channel timng of the individual digital signal processors
DSP1 to DSPrR8M4byl rthehettagkr glidendaitaaAGual ues "1" to "18" denote
time-divisional timng of channels 1 to 18. As shown, each of the digital
si gnal processor $nDSEhiso BOMerxedker tHe @ﬁ@%‘fﬁe@nsaﬁf PRETREAPDI dtal
channels, while 25 sequentially swtchj one channel to_another every
time 21 sysﬂ@ﬁpéﬁ6§kﬁhﬁs¥§#%ﬁe°é & leﬁhefﬁquﬁQCXyEP@ &Ftﬁﬁp and
time-divisional 18-channel eration n e ch t he d| I tal naI
processors P§°§&GP§aFBﬁtr?ﬁuit?PﬁemBaE#aﬁﬁ cﬂl % ?Eﬁqu ncy4§um ?Flgyu%lock

DU 55 81 M!Sl Ry S\ LS SRR Rod Bl A PR, cHeBLEng0c"
g’ggpag e seetifled i 18/ gaihgfaameﬁ%%hﬂ%ﬁé {1e1§§régfaﬁlfegelsnvﬂyop@a
pecitic chann channel 1), the first and thir
digital signa QEPQE?SQV%dgﬁﬂ-delay time corresponding to three clock
pulses and then output through the output controller 20 as
data #1 at the timing of subsequent step S3 which will be
10 described in detail later.
The above-mentioned operations are summarized with
reference tb the combined functional block diagram of Fig. 10,
where the circuit elements with the same initial letters as
those' of Fig. 5 denote the same or corresponding circuit
15 elements of Fig. 5. Further,‘a step number parenthesized at
the end of each cifcuit element in Fig. 10 indicates that tﬁe
circuit élement becomes operative at that step. For instance,
l“ALUl(SO)" signifies the arithmetic unit ALUl which becomes
operative at step SO. Thus, for understanding the oper.ations
20 at step SO, attention should be paid the circuit route noted
with "SO" in Fig. 10. Similar notation is applied to Figs.
12 and 14 which will be described later.
In Fig. 10, a vibrato data generator 12a(s0), AND gate
12b(S0) and adder 12c(S0) together correspond to the
25 modulating section 12 of Fig. 5. Periodic vibrato data having
a depth and rate corresponding to the vibrato depth and rate
designating parameter DVB is generated by the vibrato data

generator 12a(S0) and sent to the AND gate 12b(sS0). The AND



and DSP3 performthe phase operations and noi se operations, respectively,

of “channel 1 at timng a two-channel tine (i.e., 42 clock pulses) after the
envel ope operations timng, the 10 fourth digital signal processor DSP4
perfornms the waveform generation operations of channel 1 at timng a
one-channel tinme (21 clock pulses) after the phase and noi se operations
timng, and then the first digital sigqalgpgocessor DSP1 perforns the

m Xi ng operations of channel 1 at timng a one- 15 channel tinme (21 clock
pul ses) after the waveform generation operation timng. Thus, when envel ope
data of a spemid ilebYisANNeks &faplefawkéni thé heilect brfichf PparsngtRir VIB
processor DSP2, phase data and noi se signal of that channel are prepared in
the 20 fi riststanctttshvibirdicgi 0Nl ( stiagrialofpvibestorperBiimamce DSRD butpsd of
the envel ope data at timng that is later than the envel ope data
preparat|onﬁhannﬁ;ﬂgﬂhﬁ1Mm@1@ﬁ@n@atﬁﬂ|ﬂ§heFNﬁbWé¢0 gate puputadaom khe t he
phase data and noi se si gnal preparatlon t|n1 a one-channel tine, the
fourth di gi *J0 Zmte é@% 0)p s addgd Eg&?és freANeRSYe PYRRETa F UMK

Then, a® 11 R gaeeeter Eﬁcﬁﬁél%E%Z%%‘f “aset i S Been RERGUES o
one Shamnel S bR, e, o sad i BB ng AR RO e
cher channels, output data of the adder 12c(S0) is converted into a
logarithmic value by the linear/log converter 13(S0), which
is then added to the éttaqk glide data AG by the afithmetic
10 unit ALU1(SO).
-- Description about Channel Synchronization--
In connection with the modulation of the pitch frequency
number FNUM executed at step SO aé mentioned aone, a
description will be made about channel synchronization
15 operation. |
The channel synchronization operation is directed to
automatic, simultaneous control of generation of same-pitch
tones in two or more adjoining toﬁe generating channels. For
this purpose, a channel synchronization flag RBP is provided
20 for each of the channels. For example, where the flag RBP
for channel 1 is at a valﬁe of "O" and the flags for
adjoining channel 2 and channel 3 are at "1", channel 2 and
channel 3 are controlled to automatically generate tones of
same pitch as allocated to channel 1 at same key-on timing -
25 (tone generation timing) as in channel 1. Data to be set to
the channel synchronization flags RBP are gi&en from the

microcomputer section COM to the individual channels, e. g.,

in response to the user's sound color setting operation or the



By thus causing the digital signal processors to performthe respective
opéerations in a parallel fashion and at 5 different channel timng in
accordance with the respective programed procedures, the tone waveform
data can be prepared at an even faster speed. Next, a description will be
made about a manner in which a tone waveformis synthesized by the
cooperation of the 10 digital signal prgessors DSP1 to DSP4 on the
assunption that the processors DSP1 to DSP4 operate at the tine-divisional
channel timng as showmn in Fig. 8 Figs. 10, 12 and 14 are conbi ned
functional hiilek ¢h atlieBpet@vbgsectionsORPSs cuit el ements of the digital
si gnal processors DSP1 to DSP4 as 15 conbi ned in accordance with the
programred procesBhug, f Bbwstepd SO,| ust ralvé nghaonel heypchbrendzrdiDBP I ttay
DSP4 are functionally related to each other for necessary cooperative
oper at i ons. RBE-oef cantomes ganeyating rehaneel behngccusgentdye muaoessied he
second digital signal processor DSP2 are not 20  shown in Figs. 10, 12 and
14. First, A%REexTedi 3@ whhl heurERRtaharnelamMer 8 wAkch & 1 ofdtch

f ' 1t hesi zed i ith.the f t d hesi
ot hod Oh ¢ HEE R Syt CERUAAT 1BaLERRHE" o) B RFERRI oF) Bbsc
DSP1 t o DSP. - ti t f oLk t A
are obt(:) ai ne ]bjh %tgéc%ajglgg%% tzémuorﬂﬁﬁgéﬁgwg ani %hgﬁ %&ue%%;ggﬁ;@égﬁ gs

and formant ﬁhé%%ﬁiﬂﬁié%/ FRUAE @oUBEAr88 dtd NESE B 1 1P WHE R 119 B

are then added together to forma final formnt
In such a case, various operation related to key-on/key-off,

including envelope generation in the second digital signal

10 processor DSP2, are performed on the basis of a key-on signal
of the tone allocated to the current channel n.

.Conversely, if the channel synchronization flag RBP of
the current channel n is at "1", pitch frequency number FNUMn-
1 indicative of the pitch of the tone allocated to a channel -

15 n-1 immediately preceding the channel n is given as the pitch
frequency number FNUM to be fed to the modulating section 12.
In such a case, various key-on/kef-off related processes are
performed on the basis of a key-on siénal of the <tone
allocated to the channel n-1.

20 It is assumed here that the smallest channel number is
1, and if n = 1, pitch frequency number FNUMn and key-on
signal KON (i.e., KONn) for that channel are used irrespective
of the channel synchronization flag RBP for that channel.

Therefore, if the flag RBP is at "1", adjoining channels -

25 n and n-1 are synchronized to generate tone at same pitch and
timing (if the flag RBP for the channel n-1, every adjoining
channels from the channel n to a smallest-channel-number

channel having the flag RBP at "0" are synchronized). For



- 45 - sound waveform In order to synthesize two (or nore) formant sound
wavefornms on the basis of two (or nore) groups of the pitch frequency phase
data and fornmant center frequency phase data and add these fornmant sound
waveforns to forma final 5 formant sound waveform as nentioned above,
there may be enpl oyed a known techni que as di sclosed by the sanme assignee

i n Japanese Patent Laid-open Publication yo. HEl 2-254497. That the digital
signal processors DSP1 to DSP4 shoul d per ormthe necessary operations in
the formant sound 10 synthesis node is instructed by a val ue of tone
synthesi zi n@xal h?qatkmeaer &hBt €ladbCrRBPI €Bri &h@hmeld Lhtoeghanaelt 28t hee
user's sound co selection or the like via the operator section OPS (Fig.
1) or any otdter"®ui tsbt e ne&psr1",Fd0"gxahbt g, "When "dMe AQJqrithiny padddpet er

ALG is of value "0", it 15 i ndi cates that the necessary operations should
be perfornmedl'n t"3¢,f diOtant"Gourdd 'Sy Mlesand nboe, resreapiveyypehanneds of
Digital S|gnal processor DSPl1 for Formant Sound Synthesis-- Fig. 9is a

time chart |I¢GSFP§PPﬁé éxé%ﬁlRﬁnyEErSPPGnyaYQfor&tSV&FPG§§SSP§p§ §eMehe

phase and m Xi n eratlons erfornmed hQy the fi t di al SI rogessor
DSP1 i nBace G emas Fef T taging con rudcatld, Stab Y IS

d
Cor osponds PETBRE 8, PcbhTRE 8 At penih Yk’ %%f SAHERERES o
m CT OPY 00T 1Y GNP drfti Ubine hﬁéé?—edn.tfiﬂlﬂggOés':éﬂloéaté&dcﬁgﬁngiogr;am

S executed
channel 9 to channel 13 all perform tone waveform synthesis

at a same pitch and same key-on timing as ailoqated to

|10 channel 9; channel 14 independently performs tone waveform
synthesis at. a pitch and key-on timing allocated to the
channel; channei 15 and chénnel 16 perform tone waveform
syntheeis at a same pitch and same key-on timing'as allocated
to channel 15, and channel 17 and channel 18 independently

15 perform tone waveform synthesis at respective pitches and key-
on timings allocated to the channels.

By performing tone waveform synthesis in a plurality of
adjoining channels at the same pitch and key-on timing as
mentioned above, separate formant sounds are synthesized with

20 different formant center frequencies according to channel-
specific formant frequency number FORM and the formant sounds
are completely synchronized in generation timing, although
their pitches are the same. Thds, tones (formant sound) in
synchronized channels can be heard as a single tone signal,

25 |and eventually, it is possible to obtain a tone of a multi-
peak formant characteristic having a plurality of different
formapt components. |

(2) Operations of Digital signal processor DSPl at Step S2



divisionally as shown in Fig. 8 Steps SO to S10 and S13 to S18 are
directed to the phase operations, and steps S11, S12, - 46 - S19 and S20
are directed to the phase operations. In Fig. 9, item(a) indicates data
set to be fed to the A input ‘of the arithnmetic unit ALUL, item (b)

i ndi cates data set to be fed to the B input of the arithnmetic unit ALUL,
item (c) 5 I ndi cates the contents of e data #1, item(d) indicates the
contents of data to be witten into the glster REGL, and item (e)

i ndi cates the contents of data to witten into the nmenory RAML." Fig. 10 is

a conbi ned functimnatedh oSk, doparatibhkUsiredtgdifcrnE\N By | fedhisCHEL Rbe
first digital signal 10 processor DSPl prepares phase data, rather than

the actual harichhadestics ot AdIuefIFLg.( B), @eemaidulateofthl gialale ©ifyrthe
processor DSP1 at Step SO At step SO, operations are perforned, by neans of
the arithnetformantt fxequesicyFngmbsr FORMpfof ause tire preparisig thwe g¥oupsi t ch

frequency nunber FNUM for use in preparing two ups of the pitch
frequency pitfsdheaaerigy] fxeauegsy. Pﬁ’laéﬁe%@é?)a %ril( Bpdo PGy for ifpamante,

in a SIfEDHerd form data to be fed to the A input and B i nput of the
arithmetd ¢ FWRSALUL: at step SO phase |ncrerrent val ue data 20

pt ot he ar AireeRevinth RHEEE Y TR LY et 3. o e BEeb e
fed to the %ﬂa[&f&‘t 18Er5m8nt value data corresponding to the formant
frequency number FORM is set to be fed to the A input of the
arithmetic unit ALUl, and attack glide data AG is set to be
10 fed to the B input of the arithmetic unit ALUL.
. More specifically, in the example of Fig. 5, the formant
ffequency number FORM and parameters DFM and FOM for
modulating a formant sound center frequency are given as input
parameters to the modulating section 12, and the selector.10
15 is 'caused to select the output data of the linear/log
converter 13. The linear/log converter 13 outputs data which
is a logarithmic'value converted from the formant frequency
number FORM having undergone frequency modulation control.
This output data is selected by the selector 10 and thén fed
20 to the A input of the arithmetic‘unit ALUl by way of the
log/linear converter and shifter 14 and delay circuit 15. At'
this step S2, the controller 23 controls the 1qg/1inear
converter and shifters 14 and 16 not to pérform any conversion
or shifting, so that the input data is allowed to pass
25 therethrough unprocessed.
Meanwhile, attack glide data AG of the cutrent channel
in logarithmic form is read out from the memory RAM2. The

fead—out data AG is fed as the data #RAM2 to the selector 11.



arithmetic unit ALUL. Ref erence characters "n or n-1" parenthesized
below "FNUM' in item (a) will be explained 25 | ater. More specifically,
in the exanple of Fig. 5, pitch frequency nunber FNUM and vi brato
paraneters VIB and DVB are given to the nodul ati ng section 12, and the
selector 10'is - 47 - caused to select the output data of the linear/log
converter 13. The linear/log convertergd3_ outputs data which is a

| ogarithm c val ue converted fromthe pitch frequency nunber FNUM havi ng
under gone vi brato nodul ation control. This output 5 data is selected by the
sel'ector 10 rhaed seheatbed1oskhecks nhet datat BRAMR|, t whitthc isnitheAl Bédbgownay
of the log/linear converter and shifter 14 and delay circuit 15. At this
step SO, the&heonBr dinpert 28£cothe olagitthaelttdg/ | undtr AddHy ebrerwayid ofhi ther s
14 and 16 not to performany conversion or shifting, 10 so that the input
data is all @mdlﬁ@ep@sngar@emmgh%meééeanm |greyit 17.
predeterm ned tinmng, attack glide data AG o& t he curr% nnel_ in

| ogarithnic formiis.ead & fFEEﬁPﬁQGRERBPV ﬁﬁﬁ?ﬁ’?ﬁ@'gé&gg t 49r%eRE is
SO 292 BURECL bt |50, Lol 31 Yoo SRRk £ gt gl
e SoL2 S el L OB ORRE G YL CBeLEnkORRc’ S0 A B
Because addition of logarithmic values corresponds to
multiplicatioh of the antilogﬁrithms (i.e., linear values) of
- the logarithmic values; the above—ﬁentioned operation is
10 equivalent, from the antilogarithmic wviewpoint, +to an
arithmetic procéss for berforming aftack glide modulation by
multiplying the frequency-modulation-controlled formant
frequency number FORM by the attack glide data AG.
In this ‘manner, step S2 executes an operation to
15 modulate the value of the fbrmanf frequencf number FORM and
provides the modulated formant frequency number FORM as a
logarithmic wvalue. The thus-modulated formant ffequency
number FORM is delayed through the delay circuits 15, 17, 18
and 19 by a total delay time cofresponding to three clock
20 pulses and then output through the output controller 20 as the
data #1 at the timing of subsequent step S5 which will be
described in detail later.
In the combined functional block diagram of Fig. 10, a
modulation data generator 12d(S2), AND gate 12e(S2) and adder .
25 12£(S2) together correspond to the modulating section 12 of
Fig. 5. Periodic frequency modulation data having a depth and
rate corresponding to the frequency-modulation depth and rate

parameter DFM is generated by the modulation data generator



| og/linear converter and shifter 16 and delay circuit 17. 20 Thus,
the vibrato-controlled pitch frequency nunber FNUMin logarithmc form and
attack glide data AG are added together by the arithnmetic unit ALUL. :
Because addition of logarithm c values corresponds to nultiplication of the
antilogarithnms (i.e., linear values) of the logarithmc values 25 as well
known in the art, the above-nentioned staalion I's equivalent, fromthe
antilogarithm c viewpoint, to an arithmetic operation for perform ng attack
glide nodulation by multiplying the vibrato-controlled pitch frequency
nunber - 128(s2hNAMdY skhe aid atkeglaANDe gata ACe(BR2)Lhi sThenAND gatep

SO executes an operation to nodulate the value of the pitch frequency
nunber FNUMl2ed S@r)ovidesendieledsutiemt thedulfregdepcyehofiudgtdony oanfDEE
FNUM5 as a logarithmc value. The thus-nodul ated pitch frequency numnber
FNUM i s del ppsameltesudPM héngtrugtei fagquenpy, moduligtien 98 Hystanbhtaf
delay tinme corresponding_to three clock pul ses and then output through the

out put cont FEEABENSY aBOAULATAINdy (PR (FURRRF ofthEubBEGEERECst EFSTUSRAY ch
111 besl0 Rsaried L det sl L aLet. Mo SUAVEIRIL | S1ed SPELEL! arsas o
B e RBeChEEU B PR e TS el iy e
FORM by the adder 12£(S2), so as to output data having been
obtained from the frequency' modulation of the formant
frequendf-number FORM. This output data of the adder 12£(S2)
10 is converted into a logarithmic value wvia the linear/log
converter 13(S2), which is then added to the attack glide data
AG by tﬁe arithmetic unit ALUL(S2).
(3) Operations of Digital signal processor DSPl at Step S3
As shown in items (a) and (b) pf Fig. 9, at step S3, Epe'
15 data #1 is set to be fed to the A input of the arithmetic
unit ALUl, and data indicative of "0" is set to be fed to the
B input of the arithmetic unit ALUl.
More specifically, in the example of Fig. 5, the
selector 10 is caused to select the data #1, and the selector
20 11 is caused to select the data indicative of "O". As the
data #1, the pitch frequency number FNUM (logarithmic value)
modulated at step SO is given at this step S3, three clock
pulses after step 0 (item (c) of Fig. 9). Further, at this
step S3, the controller 23 controls the log/linear converter
25 and shifter 14 to convert the logarithmic wvalue of the the
.modulated.pitch frequency number FNUM output from the selector

10, but the log/linear converter and shifter 16 does not

perform conversion or shifting so that the data "O" output



15 el ements of Fig. 5. Further, a step nunber parenthesized at the end
of"each circuit elenent in Fig. 10 indicates that the circuit el enent
becones operative at that step. For instance, "ALUL(SO)" signifies the
arjthnetic unit ALUL whi ch becones operative at step SO. Thus, for
under st andi ng the operations 20 at step SO, attention should be paid the
circuit route noted with "S0" in Fig. 10 5S_i_m'lar notation is applied to
Figs. 12 and 14 which will be descri bed Fater. In Fig. 10, a vibrato data
generator 12a(S0), AND gate 12b(S0) and adder 12c(S0) together correspond
to the 25 swesiul ahieng sedeictor 1210f iEi gallowBdr i @di cpaisbr athegathrbaghng a
depth and rate corresponding to the vibrato depth and rate designating

par anet er Dvdprocpasedat efthbg, t tlee vindxial avteth (pal typin dirsauenta h8dbean ENUMnt
to the AND gate 12b(S0). The AND - 49 - gate 12b(SO is enabled when the
vi br at o on/ sonveartedetievtoyiam jantilegarithn and dhe svakue of0V arat sdded

performance), to_out But the periodic vibrato data. The vibrato data output

from t he ANBog@ther pysthe; arifpmatic whkt Aty fand S meamseithptubhs by
th dder 12¢(S t tput d havi been, derived f t i, br at
Cont rol Sof - BHEAR (opdaRte AYRIER LENCHNDN Bt IRl THsa s -

12¢(SO is er i a._l( i4hmc value by the linear/log converter
13(SO), whi JusES Pian%%r?d;é‘g‘é’éﬂ‘%%%egt'attack glide data AG by the arithmetic

10 uni t AkU|(SQh this manner, step S3 executes an operation to convert

the modulated pitch frequency number FNUM into an
antilogarithm. The antilogarithm of the ‘pitch frequency

10 nuﬁber FNUM is delayed through the delay circuits 15, 17, 18
and 19 by a total delay time corresponding tb three clock
pulses and then written via the output controller 20 into the
register REGllat the timing of subsequent step S6 which will
be. described in detail later.

15 In the combined functional block diagram of Fig. 10, a
19g/linear converter 14(S3) corresponds to the operational
function performed by the log/linear converter 14 of Fig. 5
at step S3, and the result of the operation performed by the
arithmetic unit ALU1(SO) at step SO, i.e., the modulated pitch

20 frequency number FNUM is fed to the log/linear converter
14(S3) to be converted into an antilogarithm.

(4) Operations of Digital signal processor DSPl at Step S4
At step S4, dperations are performed, by means of the
arithmetic_unit ALUl of Fig. 5, to modulate the value of

25 unvoiced formant freqﬁency number UFORM for use in preparing
center frequency phase data PGu for unvoiced formant sound.

As shown in items (a) and (b) of Fig. 9, ét step S4,

phase increment value data corresponding to the unvoiced



-- Description about Channel Synchronization-- In connection with the

nodul ation of the pitch frequency nunber FNUM executed at step SO as

menti oned above, a description will be made about channel synchroni zation
15 operation. The channel synchronization operation is directed to
automatic, sinultaneous control of generation of sane-pitch tones in two or
mor e adj oi ni ng tone generating channelg.sgqj this purpose, a channel
synchroni zation flag RBP is provided 20 for each of the channels. For
exanpl e, where the flag RBP for channel 1 is at a value of "0" and the

flags for agbeinah®y feledfielcy? Mib&NaURORMS i eset td" bechfedelo? wird A
channel 3 are controlled to automatically generate tones of sane pitch as
al | ocat ed t anphgno€l theabrithmekig- oniti ALYY, 28nd dtback gghtdatdabatAGung)
as in channel 1. Data.to be set to the channel synchronization flags RBP
are given fienseketoi beofedptoetheecBt inputonftthe rerivametigaunthahhéls, e.
g., in response to the user's sound color setting qperation or the - 50
- like on the opMoxeor specifdrabby, THas the axgrede of ( Ed9channel the

it
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frequency are given to the modulating section 12, and the
selector 10 is daused to se_ieci;. the output data of the
linear/ldg converter 13. The linear/log converter 13 outputs
10. data which'is a logarithmic value converted from thelunvoiced
formant frequency number UFORM havihg undergone frequency
modulation control. This output data is selected by the
seiector 10 and then fed to the A input of the arithmetic
unit ALUl by_wéy of the log/linear converter and shifter 14
15 énd delay circuit 15. At this step S4, the controller 23
controls the log/linear converter and shifters 14 and 16 not
to perform any conversion or shifting, so that the input data
is allowed to pass therethrough unprocessed. |

Meanwhile, attack glide data AGu of the current channel
20 in logarithmic form is read out from the memory RAM2. The
read-out data AGu ié fed as the data #RAMZ2 to the selector
11. The selector 11 selects the data #RAM2, which is then
fed to the B input of the arithmetic unit ALUl by way of the

log/linear converter and shifter 16 and delay circuit 17.
25 Thus, the frequency-modulation-controlled frequency
numbexr UFORM in logarithmic form and attack glide data AGu are
added together by the arithmetic unit ALUl. The above-

mentioned operation is equivalent, in terms of antilogarithm,



frequency nunber FNUMto be fed to the nodul ating section 12. In such a
case, various operation related to key-on/key-off, including envel ope
generation in the second digital signal 10 processor DSP2, are perforned
on the basis of a key-on signal of the tone allocated to the current

channel n. Conversely, if the channel synchronization flag RBP of the
current channel n is at "1", pitch frequapcy nunber FNUWh- 1 indicative of
the pitch of the tone allocated to a channel 15 n-1 i mredi ately preceding
the channel n is given as the pitch frequency nunber FNUMto be fed to the

modul ating gecthAn a2ithfetiieh proasss VEbrOUpLEHrainigey stftfadlie! ajeilie
processes are perfornmed on the basis of a key-on signal of the tone

al | ocat ed tmodtEatbemngt multipl@ing the firequersysummihletriontaintielled
smal | est channel nunbér is 1, and if n = 1, pitch frequency nunber FNUWh
and key-on fregeenéy\nyiber URCRM)bY othe hattatkingdiderdatsedGurr especti ve
of the channel . synchroni zation flag RBP for that channel. Therefore, if the
flag RBP is at "in Hhis| Marpehanfdiep 264 axgRHtAS1 8Re AWRERFEAR zekP t o
generate tone_at sane pitch and _timn i f, the flag RBP for the channel

n-1, evry %H?Blr?n‘F‘ﬁgtEgaﬂﬁé% PFor"FPth‘“é’ﬁ’&ﬁﬁéi foripnt frequency number

S et O BSOS LB Lk WA Rt et o e 1 o
S?gnnel }8"f6§a§iﬁpmiéosqﬁgef The thhélmodulé%éd fre&géncy numtber UFORM -
| is delayéd throuéh the delay circuits 15, 17, 18 and 19 by a
totél delay time corresponding to three clock pulses and then
10 output through the output controller 20 as the data #1 at the
timing of subsequent step S7 which will be described later.
In the combined functional block diagram of Fig. 10, a
modulation data generator 12g(S4), AND gate 12h(S4) and adder
12i(S4) together correspond to the modulating section 12 of
15 . Fig. 5. Periodic frequency modulation data having a depth and
‘rate corresponding to the frequency-modulation depth and rate
parameter UDFM is generated by the modulation data generator
12g(s4) and sent to the AND gate 12h(S4). The AND gate
12h(S4) is enab;ed when the frequency-modulation on/off
20 parameter UFOM instructs frequency modulation ON (start of
frequency modulation), to output the periodic frequency
modulation data. The frequency modulation data output from
the AND gate 12h(S4) is added to the unvoiced formant
frequency number UFORM by the adder 12i(S4), so as to output -
25 data having been obtained from the frequency modulation of the
formant frequency number UFORM. This output data of the adder
12i(S4) is converted into a logarithmic wvalue wvia the

linear/log converter 13(S4), which is then added to the attack



"1, ", "o", "0", "1", "0" and "0", respectively, channel 1 to channel 4
al’l performtone waveform synthesis at a sane 5 pitch and sane key-on
timng as allocated to channel 1; channel 5 to channel 8 all performtone
wavef orm synthesis at a sane pitch and same key-on timng as all ocated
channel 5; channel 9 to channel 13 all performtone waveform synthesis at a
sane pitch and sanme key-on timng as allggated to 10 channel 9; channel
14 independently perfornms tone waveform Synthesis at a pitch and key-on
timng allocated to the channel; channel 15 and channel 16 performtone
wavef orm sygliide date AGuaby RheChrdthmeaie key-+toALUL(SA) .as al l ocated to
channel 15, and channel 17 and channel 18 independently .15 performtone
wavef or m synt hé&i)s Operatdpast of Digi thk sigrbk processtamiDSPd altl StepedSt o
the channels. By perform ng tone waveform synthesis in a plurality of

adj oi ni ng channelds showneipaitepst td) ard Kdy) @f Filg.n§.agtnekepofied theve,
separate formant sounds are synthesized with 20 different formant center

frequenci es 38t8oitdi ikF t 8eEhEANLE- £8SeFq i Bhe ofndRPUL QfuctRs RTHBRMEEERV

d the_f d | I h Zzed i ti i nng,
21 though 1 nEPR pRLiles e BRcoFhe LaHed iR o4 ol it SATaRE BRuRE) PR The
synchronizeg ggnQe5§ % i rqigsu '%iﬂi tone signal, 25 and
eventual ly, ig S poSsi bl e ?b g@ ain & tone of “a multi- peak formant

characteristic h@,)gf%? si‘»eEE'fl&éhﬂif, of ndiiid E‘é,@g}ﬁp]fé)f%ﬁig%gc.o BDORRA! forhdnt

Operations of Digital Signal proCessor DSPl at Ste
' ‘frequency number FORM (logarithmic value) modulated at step

S2 is given as data #1, and the selector 10 is caused to
10 select the data #1. At this step S5, controls the log/linear
converter and shifter 14 to éonvert the logarithmic value of
the the modulated frequéncy number FORM into an antilogarithm
under the control of the controller 23, but the log/linear
~ converter and shifter 16 does not perform any conﬁersion or
15 shifting so that the input data 'is allowed to pass
therethrough unprocessed.
Meanwhile, data indicative of "0" is fed to and selected
by the selector 11, and the selected data is then sent to the
B input of the arithmetic unit ALUl by way of the log/linear
20 converter and shifter 16 and delay circuit 17. Thus, the
modulated frequency. number FORM converted into an
'antiiogarithm and the value "0" are added togetﬁer by the
arithmetic unit ALUl.
In this manner, step S5 executes an operation to convert
25 the modulated formant frequency number FORM into an
antilogarithm. The antilogarithm of the frequency numbexr FNUM
is delayed through the delay circuits 15, 17, 18 and 19 by a

total delay time corresponding to three clock pulses and then



- 52 - At step S2, operations are performed, by neans of the arithnetic
unit ALUl of Fig. 5, to nodulate the value of the formant frequency nunber
FORM for use in preparing two groups of the center frequency phase data
PE&1 and P& 2 for formant 5 sound. As shown in itens (a) and (b) of Fig. 9,
at step S2,.phase increnent value data corresponding to the formnt
frequency number FORMis set to be fed_tggthe A input of the arithnetic
unit ALUl, and attack glide data AGis set to be 10 fed to the B input of
the arithmetic unit ALUL. More specifically, in the exanple of Fig. 5, the
for mant fr egudttennwitiae itheORMtpwt proretetldiesr [FM dmcb FEOM f peghetieraREGY a
formant sound center frequency are given as input paraneters to the

nmodul ati ng sdcttben timingnedf eubsdauendr sitepl 58 whichuebll tbesdescribad

out put data of the Ilnear/Iog converter 13. The linear/log converter 13
out puts dat dnwehedi@iils 1ateggari t hni ¢ val ue converted fromthe formant

f nmb h f | at trol hi

out put QoA 13 SSPoCERR BYRBRBSdcIURRHLoR Lo i Aster at20E98 O ¢'{dn M npu
f th it et ALU the | og/l t d_shi.ft

T4 and el oy PEREC AP S ‘%h?%%g?pl@f%ﬁ% BRLAS] 16L55 CRREPOPE CRo

| og/ | t f t ot

o 26 111 ng L 5E, Spo?Rinddy) caiteltr "th e e & B LGLP 83 64 eRaLD"

unpr ocessed tHi¥e YAl Sred! EaEkatt | #8edabAcdCrintdie FouM ent FHeANEd the

log/linear converter 14(S5) to be converted into an
antilogarithm.
10 (6) Operations of Digital signal processor DSP1l at Step S6

At step S6, operations are pérformed, by means of the
arithmetic unit ALUl of Fig. 5, to increase, by a
predetermined number of times, the value of the frequency
number FNUM, for use in preparing two groups of pitch

15 frequency phase data PGpl and PGp2.

At this step S6, the pitch frequency number FNUM
converted into an antilogarithmié value at step S3 is given
to the register REG1 three clock pulses after step S3 and
stored into the register REGlL as shown in item (d) of Fig. 9.

20 In this example, the stored pitch frequency number FNUM in an
antilogarithm is immediately output from the register REG1l as
data #REGL. |

Furthér, as shown in items (a) and (b) of Fig. 9, data
processed from the data #REGl are set to be fed to the A and

25 B inputs of the arithmetic unit ALUl. That is, the pitch
frequency number FNUM converted into an antilogarithmic value
at step S3 is given as the data #REGl to the selectors 10 and

11, and the selectors 10 and 11 are caused to selecf this



in logarithmc formis read out fromthe nenory RAM2. The read-out data AG
s fed as the data #RAM2 to the selector 11. - 53 - The selector 11

sel ects the data #RAM2, which is then fed to the B input of the arithnetic
unit ALUl by way of the log/linear converter and shifter 16 and del ay
circuit 17. Thus, t he frequency- nodul ati on-control | ed formant 5
frequency nunber FORMin logarithmc forgQagd attack glide data AG are
added together by the arithmetic unit AL Because addition of logarithmc
val ues corresponds to nmultiplication of the antilogarithns (i.e., linear
val ues) of tdad gga@sgit.hnmi c val ues, the above-nentioned operation is 10
equi'valent, from the antllogarlthn1c viewpoint, to an arithnetic
process for peeranuhrméacatgmhﬂsrmﬂqpaﬂ&u1isequ¢m¢mlwpﬂglpﬂﬁ@atlon
frequency-nodul ati on-controlled formant -frequency nunber FORM by the
attack gli deoakemete® VULThi ssmappiiedt & SEhéx&QR*&O]é@%pggatY%ﬁl fthels5
nodul ate the val ue of the fornmant frequency nunbe and ro desgghe

mﬁdul at Sdl fcﬁqmd ! tan e fnc TRY R e mnb %SG%FB%r?fOWe 98f‘

t t t I h h d
ci'rou 15 15,508 Logf g %ap Gt ??o%ég%a%w%" AR B
clock 20  pul se% and the Mg}n‘? (1%% %@%ﬁé\/ﬁ r%éf%o%@g%e&he

data #1 at thETECH rml seque tep escri
detail latergng shlfter 16 performs_shlftlng by a predetermlned number of

places and positive/negative sign inversion (normally,
positive sign of the frequency number is inverted to negative
10 sigﬁ). The positive/negative sign inversion is an operation
for causing the arithmetic unit ALUl to function as a°
subtracter. |
Thus, one pitch frequency number FNUM shifted by the
predetermined number of places is subtracted, via .the
15 arithmetic unit ALU1, froﬁ anothér-pitch frequency numbexr’ FNUM
shifted by 1|:he predetermined number of places. In this
example, these predetermined number of places are determined
so that the subtraction result becomes greater than the
original pitch frequéncy number FNUM by a value corresponding
20 to the multipiication factor designated by the parameter
MULT1l. For example, if the multiplication factor designated
by the parameter MULT1l is "3", the predetermined number of
places to be shifted in the log/linear converter and shifter
14 is set to be "2" and the predetermined number of places to
25 be shifted in the log/linear converter and shifter 16 is set
to be "0O". Because of this, the pitch frequency number FNUM
unshifted buf inverted to negative sign is added to the pitch

frequency number FNUM up-shifted by two bits to assume a value



In the conbined functional block diagramof Fig. 10, a nodul ati on data
generator 12d(S2), AND gate 12e(S2) and adder 25 12f (S2) toget her
correspond to the nodul ating section 12 of Fig. 5. Periodic frequency
nodul ati on data having a depth and rate corresponding to the
frequency-nodul ati on depth and rate paraneter DFMis generated by the
nodul ati on data generator - 54 - 12d(&S2)_ and sent to the AND gate
12e(S2). The AND gate 12e(S2) is enabled when the frequency-nodul ation
on/ of f parameter FOMinstructs frequency nodul ation ON (start of frequency
modul at i on) intpeaséfuby t feup atined,C andeheaceyabsubtivhation alfit'sd X HENUM
frequency nodul ati on data output fromthe AND gate 12e(S2) is added to the
f or mant fr equeyM neib@r XFCRTMY iseconductedf.( SAs sorssuld,otthenre disa
havi ng been obtained from the frequency nodulation of the fornmant
frequency nehteinedrpiteh sfrrayrnCyiapumbert ﬂ@t@dd&c@qse{d&zyom valkue
converted into a logarithm c value via the I|near/IOﬁ converter éﬁﬁ%

a Y

whlchSES thghrﬁﬁdEHm?% 9*&??&?&%%??ﬂqhﬁ§ &ft&hﬁCPﬁigP 1ap1tehetrea
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Spec'f'caly¥hahﬂei§eaﬁ&agpéﬁbgéqﬁéﬂt SubtPction as mentioned above, it
is possible to perform an arithmetic operation of any optional
multiplication factor, except for two, such as three, five,

10 six or seven.

The  pitch frequency number FNUM increased to a wvalue
corresponding to a desired multiplication factor is delayed
through the delay circuits 15, 17, 18 and 19 by a total delay
time corresponding to three clock pulses and then written via

15 the output controller 20 into the register REGl at the timing
of subsequent sfep S9 which will be described in detail later.

In Fig. 10, the functional blocks corresponding to this
step S6 are shown along the routes following the log/linear
converter 14(S3), where shifter 14(S6) corresponds to the

20 log/linear converter and shifter 14 of Fig. 5, shifter 16a(S6)
and inverter 16a(S6) together correspond to the log/linear
converter and shifter 16 of Fig. 5, and shift controller
23(S6) corresponds to the controller 23 of Fig. 5. That is,
at this step S6, the pitch freqﬁency number FNUM converted

| 25 into an antilogarithm by the log/linear converter 14(S3) at
step S3 is fed to the shifters 14(S6) and 16a(S6), which,
under the control of the controller 23 based on the parameter

MULT1, shift the pitch frequency number FNUM by respective



selector 10 is caused to select the data #1, and the selector 20- 11 is
caused to select the data indicative of "0". As the data #1, the pitch
frequency nunber FNUM (Il ogarithm c value) nodul ated at step SO is given at
this step S3, three clock pulses after step O (item(c) of Fig. 9).
Further, at this step S3, the controller 23 controls the |og/linear
converter 25 and shifter 14 to convertgghe |ogarithmc value of the the
nodul at ed pitch frequency nunber FNUM output fromthe selector 10, but the
|l og/l'inear converter and shifter 16 does not perform conversion or shifting
so that thepfiedétefnimed piinbers ofpladesnrt ithesabeee anedtiosed naywek & 0
pass therethrough unprocessed. Thus, the nodul ated pitch frequency nunber
FNUM converThkel outputinofinthéoghiftam dhd(She sl davedtedr £oadddegalgcteher
by the arithmetic unit ALUL, and this nmeans that the 5 pitch frequency
number FNUWaluenvaa: i thgjainvertery 6§69, jardersIbe FRR sef. ¥hethis

Tk
manner, step S3 executes an _operatjion to conyert the nod ed _pitch
frequency 11eRA# - i nTBenanthft FESRRFTLNM OUtﬂ’fé:sar‘?bui ﬁ%‘ﬁrﬁ*? Gt the

N
itch f 0 nb [ I d_th h.the d [ it,s 15,
17, 1o ind 580857 2 and aETEPR | (SRS 00e BBkl RUCCR ( RS BOBTLI R an
then witte i’*ﬁ“é@fcg?"éﬁyts%fﬁmﬁ{%@'er 20 into the register REGL at the

timng of sUbséquen Wi ll be described in detail later.
(7) Operations of Digital signal processor DSPl at Step S7

At step S7, operations are peiformed, by méans of the

arithmetic unit ALUl of Fig. 5, to accumulate the modulated .
10 unvoiced formant frequency number UFORM to thereby create
phase data PGu progressively changing with time.

As shown in items (a) and (b) of Fig. 9, at fhis step
S7, the data #1 is set to be fed to the_A“input of the
arithmetic unit ALUl, and the phase data PGu obtained in the

15 preceding cycle is set to be lfed to the B input of the
arithmetic unitIALUl.

More specifically, in the example of Fig. 5, the
unvoiced formant frequency nﬁmber UFORM (logarithmic wvalue)
processed ét step S4 is output as the data #1 at this step S7

20 three clock pulses after step S4. Further, at this step S7,
the log/linear converter and shiffer 14 converts the
logarithmic value of the frequency number UFORM into an
antilogarithm under the control of the controller 23, but the
log/linear converter and shifter 16 does not perform

25 conversion or shifting so that the input data is allowed to
pass therethrough unprocessed.

Meanwhile, at this step S7, phase data PGu of the

current channel is read out from the memory RAM1l and then



15 In the conbined functional block diagramof Fig. 10, a log/linear
cenverter 14(S3) corresponds to the operational function perfornmed by the

| og/ i near converter 14 of Fig. 5 at step S3, and the result of the
operation perfornmed by the arithmetic unit ALUL(SO at step SO i.e.
nodul ated pitch 20 frequency nunber FNUMis fed to the | og/linear
converter 14(S3) to be converted into ang ntilogarithm (4) Operations of
Digital signal processor DSP1 at Step $S4 :g«t step S4, operations are
performed, by neans of the arithnmetic unit ALUL of Fig. 5, to nodulate the

value of 25gendnyei gadal erAMt td eghe nsylactder 1 UFORYheOIsdlsetor Miepbs i ng
center frequency phase data PGu for unvoiced formant sound. As shown in

itens (a) asdt(dy xfldotgthe, dataskrAMBA, 1 Easeriogressdive phhse data PGu
corresponding to the unvoiced - 56 - formant frequency nunber UFORM i s
set to be f&drtootise Aligmali, ofhicle &si thept ifeduia ThenB inpuit fckthei de
data AGQu is set to be fed to the B input of the arithrmetic unit ALUL."  More
speci fi cal | grithmeticewnit| ALEL bygway, ofhdhe logildinear ANt RRdncy
nunber UFCORM and paraneters. UDFM and UFOM f or dul at,in n _unvoj.ce

f or mant 9 souRBLEERF e 61 PEGUERLPYA B EFYEN :[‘%)‘ t hggﬁoﬁlﬂlﬂ"?'ﬁgz’fedﬁ]o% I1 and

h I ' | .
convertor 15307t \NETGeA, SinRRi epealdhlY, nbEbls o [oga (e
Iogarlthnlcvgfhg§ %8”@%3“3*36?33§f¥%Lﬁﬁggéegata PGu read out from the

memory RAM1l. The addition result of the unit ALUl is delayed

, the

through the delay circuits 15, 17, 18, 19 and 24 by a total

10 delay time corresponding to four cléck_pulses and then étored

via the output controller 20 into the storage area, for phase

' data PGu, of the memory RAM1l at the timing of subseqﬁent step

811 which will be described in detail later. In this way,

the unvoiced formant frequency number UFORM is accumulated

15 every cycie, as the result of which phase data PGu is

generated ana stored into the memory RAMl.

In Fig. 10, the functional blocks corresponding to this

~ step S7 are shown along the routes following fhe arithmetic

unit ALU1(S4), where log/linear converter 14(S7) corresponds

20 to the log/linear converter and shifter ‘14 of Fig. 5 and

phase generator ALUlL and RAMl(S?) corresponds to tﬁe

arithmetic unit ALUl and memory RAM1l of Fig. 5. The unvoiced

formant frequency number UFORM (logarithmic value) obtained

by the arithmetic unit ALUL(S4) at step 4 is fed to the

25 log/linear converter 14(S7) to be converted into an

antilogarithm, which is then accumulated by the phase
generator ALUl and RAM1(S7) to provide the phase data PGu.

(8) Operations of Digital signal processor DSP1l at Step S8



formant frequency nunber "UFORM havi ng undergone frequency nodul ation
control . This output data is selected by the selector 10 and then fed to
the A input of the arithnetic unit ALUL by way of the log/linear converter
and shifter 14 15 and delay circuit 15. At this step S4, the controller
23 controls the log/linear converter and shifters 14 and 16 not to perform
any conversion or shifting, so that the égput data is allowed to pass

t her et hrough unprocessed. Meanwhil e, aTt¥eK glide data AGu of the current
channel 20 in logarithmc formis read out fromthe nmenory RAM2. The

read-out data AGHgi shéef A5 {€smdais HRME Y0 eNgige! 8¢t at diep IS8, sengct or
11 selects the Sg?aéﬁéﬁwz, wﬁ?%% ?%éﬁhen fe f% thg B I nput ofpthe

arithmetic ggih #RrEB1bysWs¥t Ofotlhe fad/ o Nee KoMt esf aelie sdri tiaiedfc and
delay circuit 17. 25 Thus, the frequency-nodul ation-controlled
frequency nufiberALFORMndG dadgarindidatifvey mfati@"atisasktgtodbedfied tGuthe e
added together by the arithnmetic unit ALUL.. The above- nentioned

operation iB tgputab€nthei arithmetdé anitl| AGHLLt hm - 57 - to an
arithmetic process for perform ng attack glide nodul ati on by multiplying
the frefuency- moMarst | speebfieallsrd firg y e¥ampde UPERVFBY -t he- at thRk
glide data AQJ. _In this manner, step S4 executes an operation.tq

modul ate t hEodulakeds formanty AR aRtmPRE FARY, FomBer teRoriith A

provi des thgng?fgég£ggh£r§gugggg ggnPgrs%E}e fﬁ%glthe register REGl at

this stép S8, three clock pulses after step S5, (see item (d)

of Fig. 9), and then output as the data REGl1 from the

10 register REGl. The selector 10 is caused to select the data

#REG1, and the selector 11 selects "0". The controller 23

controls the log/lineaf converter and shifters 14 and 16 not

to perform any conversion or shifting, so that the input data

is allowed to pass therethrough unprocessed. Consequently,

15° the formant frequency number FORM in an antilogarithmic value

is allowed to pass through the arithmetic unit ALUl

unprocessed.

The formant frequency number FORM oﬁtput from the

arithmetic unit ALUl is delayed through the delay circuits 15,

20 17, 18 and 19 by a total delay time corresponding to three

clock pulses and then written via the output controller 20

into the register REG1l at the timing of subsequent step S1l1
which will be described in detail later.

This step S8 just performs a process for converting the

25 contents of the data #REG1l into modulated formant frequency

number FORM (antilogarithmic value) for timing at and after

step S11, and thus it is not specifically shown in Fig. 10.

(9) Operations of Digital signal processor DSPl at Step S9



| ogarithm c val ue. The thus-nodul ated frequency nunber UFORM i s del ayed

t irough the delay circuits 15, 17, 18 and 19 by a total delay tine
corresponding to three clock pul ses and then 10 out put through the output
controller 20 as the data #1 at the timng of subsequent step S7 which wll
be described later. In the conbined functional block diagramof Fig. 10, a
nodul ati on data generator 12g(S4), AND. e 12h(S4) and adder 12i ($4)

t oget her correspond to the nodul ati ng -section 12 of 15 Fig. 5. Periodic
frequency nodul ation data having a depth and rate corresponding to the
frequency- nodul aAtoe+tdgpis?,arsherdteldrdy aaird cpetEbihed, gbyemeand yf ttise
nodul ati on data generator 12g(S4) and sent to the AND gate 12h($4). The
AND gat e 12&fSthmetsiemabitdAlifibnof HBidg + duche ypraparet £ orsorgoddp 296 tch
paranmeter UFOM instructs frequency nodul ation CN'gstart of frequency

nmodul at i on) fregueneyuphage datieod@r) regirg cihaovpiitshi dregeancyrrumber
frequency nodul ati on data output fromthe AND gate_ 12h(S4) is added to the
unvoi ced f oF et 1RFEGRERE yiRuKBLtre RORFBJetRENLRgE t4BPBsa), so as to

OULPUL 29 JataplaghiibSen A 16 o LA LECPHEICY T gl el Lhe

Conuer <0, 88 Skl YRR A4 el “ebbel AR ORI, LY e

ani L ngt - HPE Endbtid Shhi +{ RLEPLT 8hl0theP! £ B-SEL Grodh 9Pt CEASHREndPPL
phase data PGpl is set to be fed to the B input of the
arithmetic unit ALUl.

10 More specifically, in the example of Fig. 5, the pitch
frequency number FNUM processed at step S6 is stored into the
register REGl at this step S9, three clock“pulses after step
S6 (see ifem (d) of Fig. 9), and is then output from the
register REGl as the data #REGl. The selector 10 is caused

15 to select the data #REGI. Further, at this step S9, the
log/linear converter and shifter 14 down-shifts the pitch
frequency number data by one bit under the control of tﬁe
controller 23 for the reason mentioned below, but the
log/linear converter and shifter 16 does not perform

20 conversion or shifting so as to allow the input data to pass
therethrough unprocessed.

Meanwhile, at this step S9, phase data PGpl of the
current channel is read out from the memory RAM1l and then
sent as data #RAM1 to the selector 11. The selector 1l is

25 caused to select the read-out data #RAM1l, i.e., progressive
phase data PGpl, which is then fed to the B input of the
arithmefic unit ALUi by way of the log/linear converter and

shifter 16 and delay circuit 17.



As shown in itens (a) and (b) of Fig. 9, at step S5, the data #1 is set to
be fed to the Ainput of the arithnetic 5 unit ALUl, and data indicative
of "0" is set to be fed to the B input of the arithnmetic unit ALUL. More
specifically, in the exanple of Fig. 5 the formant frequency nunber FORM
(logarithm c value) nodul ated at step S2 is given as data #1, and the
sel.ector 10 is caused to 10 select the &q}a #1. At this step S5,
controls the log/linear converter and sh? ter 14 to convert the logarithmc
val ue of the the nodul ated frequency nunber FORMinto an antilogarithm

under the controlrhak,t Re Pitct | Sredifend ! ntiiBel0Waltah RRSwI-MhEf el 1B
shifter 16 does not perform any conversion or 15 shifting so that the

i nput  dat aonesbigl amdecthd @hasss ddteer PEhl ongad ubprto deeome ckhaVERAMD | dre
data indicative of "0" is fed to and selected by the selector 11, and the
sel ect ed daadded ttegethex thy t vheB unptt ARUL he arlhehnweasomni whil Uthéey
way of the log/linear 20 converter and shifter 16 and delay circuit 17.
Thus, the nbegldirgar roayextey andrhifterpid deynrehifded jthe piggh
antilogarithm and the value "0" are added together by the arithnetic unit

ALUL. P t hfECAUAREY, "UPBET S8aER LYt 88Cahidpefari® FIWRnvRE tVBEISS  fb
T S ML N s N R I i
CITouits 15, odhocdFudnded§uhir vk Plab, dGbadubé Pas O41 FORRP k&bt oL 57
relation to the waveform synthesis based on the formant sound
synthesis method, the embodiment is designea to obtain a final
10 formant sound waveform by adding two series formant sound
waveforms.

Then, the arithmetic unit ALUl adds the halved-~value of
the pitch frequency number to the progressive phase data PGpl
read out from the memory RAMl. The addition result of the-

15 _unit ALUl is delayed through the delay cifcuits 15, 17, 18;
19 and 24 by a total delay time corresponding to fdur clock
pulses and then stored wvia the output controllef 20 into the
storage area, for phase data PGpl, of thé memory RAM1 at the
timing of subsequent step S13 which will be described in

20 detail later.

In this way, at step S9, the halved value of the pitch

. frequency number data obtained by increasing the modulated
pitch frequency number FNUM by the predetermined number of
times is accumulated every cycle, as the result of which

25 first-group pitch frequency phase data PGpl is obtained. Upon
key-on of a performance operatoi of the electronic musical
instrument (i.e., at the outset of generation of a tone), the

phase data PGpl is initialized to a predetermined value (e.g.,



- 59 - witten via the output controller 20 into the register REGL at the
timng of subsequent step S8 which will be described in detail later. In

t he conbi ned functional block diagramof Fig. 10, 5 there is shown that a
| og/ i near converter 14(S5) corresponds to the log/linear converter 14 of
Fig. 5 at step S3, and that the nodul ated formant frequency nunber FORMIi s
fed to the log/linear converter 14(85)_18 be converted into an
antilogarithm 10 (6) Operations of Bigital si gnal processor DSPl at
Step S6 At step S6, operations are perforned, by neans of the arithmetic

unit ALUL of*Ofi)gby5theooutputagentipliepr 2det ertenedanusierigl ti7nBhowkhe
val ue of the frequency nunber FNUM for use in preparing two groups of

pitch 15 fane rrEmpl ep ek et tlpe av@GpinandaPGed. oft the sfitsp-@boup hpipchch
frequency nunmber FNUM converted into an antilogarithm c value at step S3 is
given to th&regyencyr pEse t data JGpdk prepaxedf dor thepabgvanuentienddi nt o
the register REGL as shown in item(d) of Fig. 9. 20 In this exanple, the
stored pithaPPSﬁhency nunmber FNUMin an antilogarithmis imediately
OB T e Bl A S Bl b 2253080 Bl LRI (2
e o 2ime”SENBAE s S O 44 b et Bt
' - unit ALU1(S6), where phase generator ALUl and RAM1(S9, S10)
corresponds to the arithmetic unit ALU1 and memory RAM1 of
Fig. 5. The pitch frequency number data obtained by the
10 arithmetic unit ALUl(SG) at stép 6 is accumulated by the phasé
generator ALUl and RAM1(S9) to provide the pitch frequency
phase data PGpl. '
(10) Operations of Digital signal processor DSP1 at Step
S10
15 At step S10, operations are performed, Sy means of the
arithmetic unit ALUl of Fig. 5, to prepare second-group pitch
frequency phase data PGp2 using the pitch frequency number
FNUM increased in valﬁe by the predetermined number of times.
As shown in items (a) and (b) of Fig. 9, at this step
20 S10, the data #REGlL is set to be fed to the A input of the
arithmetic unit ALUl, and the second-group phase data PGp2 is
set to be fed to the B input of the arithmetic unit ALUIl.
More speciﬁically, in the example of Fig. 5, the same
pitch frequency number data as at step S9 is given as the
25 data #REGl1 and the selector 10 is caused to select the data
#REGL1. At this step S10 as well, the log/linear converter
and shifter 14 down-shifts the pitch frequency number data by

one bit under the control of the controller 23 for the same



at step S3 is given as the data #REGL to the selectors 10 and 11, and the
selectors 10 and 11 are caused to select this - 60 - data #REGL.
Meanwhil e, at this step S6, frequency multiplication paraneter MILT1 is
applied to the controller 23 via the selector 22. Thus, under the control
of the controller 23, 5 the log/linear converter and shifter 14 perforns
shi.fting by a predeterm ned nunber of plages, and the log/linear converter
and shifter 16 perforns shifting by a predeterm ned nunber of places and
posi tive/ negative sign inversion (normally, positive sign of the frequency
nurber is i peasbad ds0 nwigeioned 18bovsi §h) relHE.AAOStd | HEEPEGAL, I WUt Ehe

I nversion is an operation for causing the arithmetic unit ALUL to function
as a subtradbgylihbar, coaverter fasdgueshifiterberl-Nddeshi fnetl byetrborm
predet er mi ned nunber of places is subtracted, via the 15 arithnmetic unit
ALU1, from spovessipht on shaftingysauabetoFaUlwhthe einpytt datar bdepassi ned
nunber of pl aces. In this exanple, these predeterm ned nunber of places
are det er m #Bgreshraugh: HBPEAEEEEEHr on result becones greater than the

or 1 0 ek 1 LCh 1 educhat bt ENMAL 2 dghue RoLeshond 00,20 o LB e
e et or m nEHBELAR Caghtle11ed HPELEToRE E20nP UPhEhott Rhnr® an + ehLS
sent as data #RAM1 to the selector 11. The selector 11
selects the read-out data #RAM1l, i.e., progressive phase data
PGp2, which is then fed to the B input of the arithmetic unit -
10 ALUl by way of the loé/linear converter and shifter 16 and
delay circuit 17. '

Then, the arithmetic unit ALUl adds the pitch frequency
number data down-shifted.by one bit and the progressive phase
-data PGp2 read out from the memory RAMl. The addition result

15 of the unit ALUl is delayed through the delay circuits 15,
17, 18, 19 and 24 by a total delay time corresponding to four
clock pulses and then stored via the output controller 20 into
fhe storage area, for phase data PGp2, of the memory RAM1l at
the timing of subsequent step S14 which will be described in

20 detail later.

~In this way, at step S10, the halved value of the pitch
frequency number data obtained by increasing the modulated
pitch frequency number FNUM by the predetermined number of
times is accumulated every cycle, as the result of which

25 second-group pitch frequency phése data PGp2 is obtained.
Upon key-on of a performance operator of the electronic

musical instrument, the phase data PGp2 is initialized, by the

output controller 20, to a value phase-shifted by 180° from



pl aces to be shifted in the log/linear converter and shifter 14 is set to
be "2" and the predeterm ned nunber of places to 25 be shifted in the )
| og/ I inear converter and shifter 16 is set to be "0". Because of this, the
pi.tch frequency nunmber FNUM unshifted but inverted to negative sign is
added to the pitch frequency nunber FNUM up-shifted by two bits to assune a
val. ue - 61 - increased by four tinmes,_and hence a subtraction of "4 X
FNUM - FNUM = 3 X FNUM' is conducted. ~ "a result, there is obtained
pitch frequency nunber data increased to a value three tinmes greater than

t hat of thetﬁéiﬂhﬂaiapibamuéraeueﬂéyfirstng&‘eab pheie dBtsCarupict(d\y.,

shifting (arithnmetic operation of 2[err]) by respective predeterm ned
nunbers of pfaehe iFirkhegirdupt pdaze Vel PCEl bbeqoenllowebitr aciliven 3",
nmenti oned above, it is possible.to performan arithnetic operation of any
opt i onal nuthe plphsestel odatactREp2 edisepinitialimed stroh as vailuee, hallfe, thHed
six or seven. The pitch frequency nunber FNUM i ncreased to a val ue

cor r espondi maximum phasecwakue)d: pl L&am R )f 8ft §id-s lde|shpws a0 REARIR
delay circuits 15, 17, 18 and_ 19 by a total delay tinme cqrresponding to

three c¥ockohultime- HﬁHYPHQnWﬁ¥Wﬁ%ﬂPﬁuEP?SSGCPH@ ghepRt Pddy FIFUERFY nt o

s GBS Tafbe L Pl PRogeabasth° B Mot il diert, i ng
to this SteBhé@n?r%héhgﬂﬁs¥J@¥édﬂ“i£%BﬂE¥Eédﬂéﬁ&§r§hééé k84! ‘B’ ana
seéond—group pitch frequency phase data PGp2 are generated
with a time difference of a half cycle because. the respective
10 initial settings are displaced by i/2 of the maximum phase
value. -

As with stgp S9, the functional blocks corresponding to
this step SO are shown in Fig. 10 along the routes foilowing
the arithmetic unit ALUl(S6), where phase generator ALUl and

15 RAM1(S9, S10) corresponds to the a;ithmetic unit ALUl and
memory RAM1 of Fig. 5. The pitch frequency number data
cbtained by the arithmetic unit ALUl1(S6) at step 6 1is
accumulated by the phase generator ALUl and RAM1(S10) to
provide the pitch frequency phase data PGp2.

20 (11) oOperations of Digital signal processor DSPl at Step
S13 |

Steps Sl11 and S12 are directed to the mixing operations
and hence will be described in detail later in connection with
the operation of the fourth digital signal processor DSP4. -

25 A description will be made about step S13 here.

The modulated formant frequency number FORM in an

antilogarithmic value processed at step S8 is stored into the

register REG1 at step S11, three clock pulses after step S8



converter 14(S3), where shifter 14(S6) corresponds to the 20 | og/ i near
converter and shifter 14 of Fig. 5, shifter 16a(S6) and inverter 16a(S6)

t oget her correspond to the log/linear converter and shifter 16 of Fig. 5,
and shift controller 23(S6) corresponds to the controller 23 of Fig. 5.
That is, at this step S6, the pitch frequency nunber FNUM converted 25

I nt.o an antilogarithmby the | og/linear ﬁ@nverter 14(S3) at step S3 is fed
to the shifters 14(S6) and 16a(S6), whic under the control of the
controll er 23 based on the paraneter MILTLl, shift the pitch frequency
nunmber FNUM bger gspac(dyeof Fig629-).predeterm ned nunbers of places in the
above- nenti oned manner. The output of the shifter 16a(S6) is inverted to a
negative val ue vR& sltep S18,t operelisds anedgexfiogrmesht by mEarisheof the
controller 23. Then, the respective outputs of the shifter 5 14(S6) and
i nverter 1e§%shweté¢eunaﬂd@ﬁu 1 (ofydtliger S,bFo preparet fiestcoroup Fentig¢ss) .

(7) Operatigns of Digital signal processor DSP1 at Step S7 At step S7,
oper at i ons SF@qB%?FXrnBBaSﬁy detas BFLLnebwriaerwtntating AEEﬁ.cﬁ°¥W§Pt5

ooy S P R, S
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inthe | g13, the data #REG1 is set to be fed to the A input of the
arithmetic unit ALUl, and the first-group center frequency
phase data PGfl is set to be fed to the B input of the
10 arithmetic unit ALUl. _

More specifically, in the example of Fig. 5, the
‘selector 10 selects the formant frequency number FORM output
from the register REGl. Further, the controller 23 controls
the log/linear converter and shifters 14 and 16 not to perfofm'

15 conversion or shifting so as to allow the input data to pass
therethrougﬁ unprocessed.

Meanwhile, at this step S13, the first-group center
frequenoy phasé data PGfl of the current channel is read out
from the memory RAM1 and then sent as data #RAM1 to the

20 selector 11. The selector 11 selects the read-out data #RAM1,
i.e., phase data PGfl, which is then fed to the B input of
the arithmetic unit ALUl by way of the log/linear converter
and shifter 16 and delay circuit 17. The addition result of
the unit ALUl is delayed through the delay circuits 15, 17,

25 18, 19 and 24 by a total delay time corresponding to four
clock pulses and then stored via the output controller 20 info
the storage area, for phase data PGfl, of the memory RAM1 at

the timing of subsequent step S17 whioh will be described in



15 preceding cycle is set to be fed to the B input of the arithnetic unit

ALCUl. More specifically, in the exanple of Fig. 5, the unvoiced fornmant

frequency nunber UFORM (l ogarithm c val ue) processed at step S4 is output

as. the data #1 at this step S7 20 three cl ock pul ses after step $4.

Furthér, at this step S7, the log/linear converter and shifter 14 converts

the logarithm c value of the frequency_nnger UFORM i nto an antil ogarithm .
ut

under the control of the controller 23, “the | og/ | i near converter and

shifter 16 does not perform 25 conversion or shifting so that the input
data is all aemditio 1paes.t her et hrough unprocessed. Meanwhile, at this step
S7, phase data PGu of the current channel is read out fromthe nenory RAML
and t hen - 63 In sivits amyatat AV S18 1 hehs efernant 1fredqhensy| nunberll
is set to select the data #RAML, i.e., progressive phase data PG for noise
si gnal , whi &#RMsisheacueulated Rvery musleftq rhexebyhprepargnthepfirsty way
of the log/linear converter and 5 shifter 16 and delay circuit 17. The

arithnetic GRPEPAISPYRIISTIPIURRHI BRASE olfdAt BFflquentPORuMSHTFrds @
oG | et tehek, bS B G852 B PLBBo A2l P20 R8T L
el o) oo Rt atte e Lo A O, L e id snscran
value (e.g., "O0") by the output controller 20. Also, upon
occurrence of overflow in the first-group pitch frequency
phase data PGpl, the phase data PGfl is: reset to a
10 predetermined value (e.g., "O") by the output controller 20.
Item (c) of Fig. 17 shows an example of time-varying values
of the first-group pitch frequency phése data PGfl prepared
in the above-mentioned manner.
In Fig. 10, the functional blocks corresponding to this
15- step S13 are shown along the route of selector SELl1l following
the log/linear converter 14(S5), where the selector SELl1
corresponds to the function of the control.signal generating
section 6 of the first digifal signal processof DSP1l of Fig.
3 and phase generator ALUlL&RAM1(S13, S16) corresponds to the
20 arithmetic unit ALUL and memory RAML of Fig. 5. In the
formant sound synthesis mode, the formant frequency number
FORM. converted into an antilogarithmic value by the log/linear
converter 14(S5) at step S5 is selected by the selector SEL1l
for use in phase operation, and accumulated by the phase
25 generator ALUl and RAM1(S13, S16) to provide the first-group
center frequency phase data PGfl.
| (12) Operations of Digital signal processor DSPl1 at Step

Sl4



via the output controller 20 into the storage area, for phase data PCGu, of
the menory RAML at the tim ng of subsequent step S11 which will be
described in detail later. In this way, the unvoiced fornmant frequency
nunber UFORM i s accunul ated 15 every cycle, as.the result of which phase
data PGu is generated and stored into the nmenory RAML. In Fig. 10, t.he
functional blocks corresponding to this a%qp S7 are shown al ong the routes
following the arithnmetic unit ALUL(S4); ere log/linear converter 14(S7)
corresponds 20 to the log/linear converter and shifter 14 of Fig. 5 and

phase generator AlUL+aRdsRAMLAR7AcERNTEEBORESoperabeonTishp@tformad] By UL
and memory RAML of Fig. 5. The unvoiced formant frequency number UFORM

(1 ogarithni medakUR)s OBhai ad thindtie awhitnaLul usft FAQUL(S4) tat stepadei s
fed to the 25- log/linear converter 14(S7) to be converted into an
anti | ogari t fdrswhgrbupswiihdowafunotiiene phbget detehI&wlganertherbagig afid
RAML(S7) to provide the phase data PGQu. (8) Operations_of Digital signal
processor DEprmantSbapdsgdth (=puindow Eupfkiom tineswigihindesigratipgg.
9, at step S8, the data #REGL is set to be fed to the A input of the

arit hnebi c @Aremater, Blnd data indicative of "0" is set to be fed to the B

ORI AR R A N C -0 R LT

'nto an S14, a window function frequendy number (denoted by "BW" just

for convenience) based on the formant bandwidth designatiﬁg

parameter BW is set to be fed to the A input of the

10 arithmetic uhit ALUi, and the first-group window function

phase data PGwl is set to be fed to the B input of ‘the
arithmetic unit ALUl.

More specifically, in the example of. Fig. 5, thé

selector 10 is caused not to select any of the data. The

15 formant bandwidth designating parameter BW is fed via the

selector 22 to the cbntroller'ZS, and under thelcontrol of

the controllér 23 according to the parameter BW, the

log/linear converter and shifter 14 outputs a window function

frequency number based on the parameter BW. Meanwhile, window.

20 function phase data PGwl_of the curreﬁt channel is read out

from the memory RAM1 and then sent as data #RAM1 to the

sélector 11. The selector 11 selecfs the read-out data #RAM1,

i.e., phase data PGwl, which is then passed through | the

' log/linear converter and shifter 16 unprocessed apd fed to the

25 B input of the arithmetic and logical by way of and delay

circuit 17. Thus, the unit ALUl adds together the window

function frequency number and phase data PGwl read out from

the memory RAMI.



antilogarithmat step S5 is stored into the register REGL at this step S8,
three clock pul ses after step S5, (see item(d) of Fig. 9), and then out put
as the data REGL fromthe 10 regi ster REGL. The selector 10 is caused to
sel ect the data #REGL, and the selector 11 selects "0". The controller 23
controls the log/linear converter and shifters 14 and 16 not to perform any
conversion or shifting, so that the inp ui data is allowed to pass

t heret hrough unprocessed. Consequently, % the formant frequency nunber
FORMin an antilogarithmc value is allowed to pass through the arithnetic
uni't ALUL unprocamee@ddadiraohoresal tf bequnacuniynRer1 FERMIeVaApEd thosughe
arithnmetic unit ALUL is delayed through the delay circuits 15, 20 17, 18
and 19 by athet dleld®l airicuirtsc S ,espbndidigahd LAr &y & osktglul dekapntibhéen
witten via the output controller 20 into the register REGL at the timng
of subséquerpbrzegposdinghitoh thirele lododdsullses iandicthen output tThieughep
S8 just perfornms a process for converting the 25 contents of the data

#REGL into #b&mQ¥FQFﬁcﬁ%@ﬁﬁ°¥¥%ﬁu3ﬁcfﬂnﬁk%rdFERMﬂ%ﬂﬂFI5&9Hﬁ#ﬂﬁ&gv9fue)

for tlmng at _and after ste nd thus it is eC|f|caII shown in
Fig. 105 (oFubSSAYERS Stap %’Z.‘MC V@Hiﬁ edspetar -o Upbagkey-. 65
- At step 89 opgerati ons orne nean of t rithnetic_uni
ALUL of Fi g 8?0 %r@&ﬁ%ﬂ“ﬁ?‘?ﬁ g?BﬁBaB?¥c fa the eEec%rong flusica

instrument, the window function phase data PGwl is initialized
to a predetermined value (e.g., "0") by the output controller
20. Also, upon occurrence of overflow in the first-group
10 pitch frequency phase data PGpl, the window function phase
data PGwl is reset to a predetermined value (e.g., "O") by
the output controller 29. |
In Fig. 10, the functional blocks corresponding to this
steb S14 are shown along the route of window function
15  frequency number generator 14(S1l4, S15), where the window
function frequency number generator 14(S14, S15) corresponds
to the log/linear con&erter and shifter 14 of Fig. 5 and
window function phase generator ALUl and RAMi(Sl4, S15)
corresponds to the the arithmetic unit ALUl and memory RAM1 -
20 of Fig. 5.
(13) Operations of Digital signal processor DSP1l at Step
S15 |
Af step S15, operations are performed, by means of the -
érithmgtic unit ALUl df Fig. 5, to prepare second-group window
25  function phase data PGw2 on the basis of formant bandwidth
| (=window function time width) designafing parameter BW.
The operations of step S15 are different from those of

step S14 in that second-group window function phase data PGw2



frequency phase data PGl using the pitch frequency nunber FNUM i ncreased

I n value by predetermned tines. 5 As shown in itens (a) and (b) of
Fig. 9, at this step S9, the data #REGL is set to be fed to the A input of
the arithnmetic unit ALUL, and the first-group pitch frequency phase data
PGl is set to be fed to the B input of the arithnetic unit ALUL. 10

More specifically, in the exanple of Flg7 "the pitch frequency nunber
FNUM processed at step S6 is stored into #he register REGL at this step S9,
three clock pulses after step S6 (see item(d) of Fig. 9), and is then

out’put fromdhene thidrdintRePharifel s ddad #REGIErdhethe! nehoty18aMS aadsed
15 to sel ect the data #REGL. Further, at this step S9, the |og/linear

converter anthehiddet a4 dava- #RaMlS tdetipet sbléctquendy toinber sddeatied one
bit under the control of the controller 23 for the reason nentioned bel ow,
but the | og/ihHexsdry.convEmusy &he stmiteALlR deddsnoth@emigidaw(function’
conversion or shifting so as to allow the input data to pass therethrough
unpr ocessed.frgswendy aumpern Bis tex @beSPhaﬁﬁa%téaFEW?Gb‘Paéf oufte from; Ehe

cel oct of 11meRpRY SaMct ofhe1aRGLEOn BRBLt ¢ 8 LY MR s OedouEta
O e SR R S I T TS RERTR ST
16 and del@%ilrcgéérégpondlng to three clock pulses and then output
through the output controller 20 as the data #1 at the timing
of subsequent step S18 which will be described later. Upon

10 key-on of a perforﬁance operator of the electronic musical
instrument, +the window function phase data PGw2 is
initialized, by the output controller 20, to a wvalue phase-
shifted by 180" from the iﬁitial value of the phase data PGwl
(e.g., if the initial value of the phase data PGwl is "O",

15 the phase data PGp2 is initialized to a half value of the
maximum phase value). Also, upon occurrence of overflow in
the second-group pitch frequency phase data PGp2, the window
function phase data PGw2 is reset to a predetermined wvalue by
the output controller 20.

20 In Fig. 10, the functional blocks corresponding to this
step S15 are shown along the route of the window function
frequency number generator 14(S14, S15), where the window
function frequency number generator 14(S14, S15) corresponds
to the log/linear converter and shifter 14 of Fig. 5 and

25 window function phase generator ALUl ané RAM1(S14, S15)
corresponds to the the arithmetic unit ALUl and memory RAM1
of Fig. 5.

(14) Operations of Digital signal processor DSPl at Step



- 66 - Thus, the pitch frequency nunber data down-shifted by one bit and

t he phase data PGpl read out fromthe RAML are added together by the unit
ALUL. The reason why the log/linear converter and shifter 14 down-shifted
the pitch 5 frequency nunber data by one bit is to reduce the val ues of
the two-group pitch frequency phase data to half of the respective original
val-ues, because, as already described in,gelation to the waveform synthesis
based on the formant sound synthesis net%od t he enbodi nent is designed to
obtain a final 10 formant sound waveform by adding two series formant
sound wavef @ugs. Then, the arithmetic unit ALUl adds the hal ved-val ue of
the pitch frequency nunber to the progressive phase data PGl read out from
the nenory RAML. AtThetepd @16, 0ropesrsatiiions dree dérformed, Aby/imeansiebfiyeHe

t hrough the delay circuits 15, 17, 18, 19 and 24 by a total delay tine

corr espondi aFitbmeddc enbtlAGil fsFigd §hetp pmepatres second-groppt center
controller 20 into the storage area, for ghase data_P&1, of_ the nennrg
RAML at t he fTEAMSRCY BhBSEqueAtast BEEZ]3b¥hi eRcwHLabingesthehefornan

det ai | ter. In thi , at S9, the hal ved I f th itch
ffeghen%i ﬁ&FEQQGBQ?zﬁﬁﬁ%ﬁﬁ%ﬁﬁ%@pPﬂgPsﬁs&mﬁﬁ?ﬁi%%ﬁﬁggﬁgﬁrp' I'f(r::’ei'hu@ncy
nunber FNUM g%iﬁg% &E§g%%ﬁ&glg%%pn§g?er of tinmes is accunul ated every

cycle, as t he'resul i'ch 'st-group pitch frequency phase data

&%ilcgf obt ai ned.pRdP Y i@tiM LR RYY YIRS WEFALAN O eLF BhESLT 8B C
step S13 in that second-group centerlfrequency phase daté PGE2
of the current channel is read out from the memory RAM1 énd

10 then sent as data #RaM1 to'the selector 11 to be selected
thereby. Thus, the uniﬁ ALUl adds the formant frequency
number FORM to the second-group center frequency phase data
PGf2 read out from the memory RAM1l. The addition result of
the unit ALUl is delayed through the delay circuits 15, 17,

15 18, 19 and 24 by a total delay time corresponding to four
clock pulses and then storedlinto the storage area, for phase
data PGf2, of the memory RAM1 through the output controller
20 at subsequent step S20 which will be described in detail
later.

20 In this way, at step S16, the formant ffequency number
FORM is accumulated every cycle to thereby prepare the second-
group center frequency phase data PGf2. Upon key-on of a
performance operator of the electronic musical instrument, the
phase data PGf2 is initialized to a predetermined initial

25 value (e.g., "O") by the output controller 20. Also, upon
occurrence of overflow in the second—gréup pitch fregquency

phase data PGp2, the phase data PGf2 is 1reset to a

predetermined value (e.g., "0") by the output controller 20.



instrument (i.e., at the outset of generation of a tone), the phase data
PGl is initialized to a predeterm ned value (e.g., - 67 - "0") by the
output controller 20. Item(a) of Fig. 17 shows an exanple of time-varying
val ues of the first-group pitch frequency phase data PGyl prepared in the
above- nenti oned manner. 5 In Fig. 10, the functional bl ocks '
corresponding to this step S9 are shown ﬂéong the routes follow ng the
arithmetic unit ALUL(S6), where phase geheérator ALUL and RAML(S9, S10)
corresponds to the arithnmetic unit ALUL and menory RAML of Fig. 5. The

pifch frequepsr paybeE #aha abt aneed Rk idia &Fiﬁﬂf@—tx}&ﬁm va1i$6)
at step 6 is accgngFated Ey t he phase genergﬁgf;ALU1 and RA (§%) to

provi-de theopithd decsnibrgyouhaeniitat FregubncylphabpedataoPeEdfpliphiad
signal processor DSPl1 at Step S10 15 At step S10, operations are
perfornmed, bnp thanaboVvetmentionhédemannenit ALUL of Fig. 5, to prepare
second-group pitch frequency phase data PGp2 using the pitch frequency
nunber FNUM i ncr 8asE#gi n1Qal the bjunablionalcbloeks cepriesrending i testhis
shown in itens (ai and (b) of Fig. 9, at this step S10, the data #REGL

20
is set Po bETCERSIG TR SHowh 1O the ZPHERNRE| sel@rton SELL EH13 1216)

Z???Rgﬁ?{gugﬂfigﬁiﬂgé%ﬁgFi &aif%é§¥ JS%J%%ngglh?SEQ? ghéggu£hgfséfgétor

SEL1(S13, S16 corresponds to the function of the control
signal generating section 6 of the first digital signal
processor DSP1l of Fig. 3 and phase generator ALUl and
10 RAM1(S13, S16) corresponds tq fhe arithmetic unit ALUl and
memory RAM1 of Fig. 5. In the formant sound synthesis mode,
the formaht frequency number FORM converted into an
antilogarithmic value by'the log/linear converter 14(S5) at
step S5 is selected by the selector SEL1 for use in phasé
15 operation, and accumulated by the phase generator ALUl and
RAM1(S13, S16) to provide the second-group center frequency
phase data PGf2.
(15) Operations of Digital signal processor DSPl at Step
S17
20 | At step S17, operations are performed to select, as
first-group window function phase data PGwl to be actually
used, either the window function phase data PGwl prepared at
step S14 or pitch frequency phase data PGp;.
As shown in items (a) and (b) of Fig. 9, at this step
25 S17, the data #REGL is set to be fed to the A input of the
arithmetic unit ALUl, and the first-group pitch frequency
phase data PGpl is set to be fed to the B input of the

arithmetic unit ALUl.



More specifically, in the exanple of Fig. 5, the sane pitch frequency
nunber data as at step S9 is given as the 25 data #REGL and the sel ector
10 is caused to select the data #REGL. At this step S10 as well, the

| og/ I i near converter and shifter 14 down-shifts the pitch frequency nunber
data by one bit under the control of the controller 23 for the sane - 68
- reason as nentioned above in relation 46 step S9, but the 1og/linear
converter and shifter 16 does not perform conversion or shifting so as to
allow the input data to pass therethrough unprocessed. 5 Meanwhi | e,
at this step SlOMopbaspedaifacRELE, oOint bRecexarplecAnheg. i 5, reasl widddwom
the menory RAML and then sent ‘as data #RAML to the selector 11. The

sel ector 1lferCtios phasecathtmut PGl aobRaltedi at stepgBi4isiiee gilvese alat a
PGp2, which is then fed to the B input of the arithnetic unit 10 ALUL by
way of the fagal #hefhreenedpckr padseshigfiter e $ldsl Anditheiselgctanen,
the arithnmetic unit ALUL adds the pitch frequency nunber data

down- shi f t ed@bySoBYsiad atel FRLSFFofPEs Fa% phhse daFheE2 FEERETIROYR om
LD TerBr s EpbEn J1Eoihd ade b bben G S et Phahhetc) /5dhs
cory PO ! Brbing! Bl 888 7R SRer SR S BAF ML Lco che
_RANH at selector 11 to be selected thereby. Then, under the control
of the controller 23, the log/linear converter and shifter 16
converts the inpuf data into a negative wvalue, although the
10 log/linear converter and shifter 14 does not perform
conversion or shifting so as to allow the input data to pass

therethrough unprocessed.

Thus, the arithmetic unit ALUl subtracts the first-group
pitch frequency phase data PGpl (fed to the B input of the
.15 unit ALUl) from the window function phase data PGwl (fed to
the A input of the unit ALUl) obtained at step S14 by
accumulating the window function frequency ﬁumber BW. If the
subtraction result is positive (i.e., the window function
phase data PGwl obtained by accumulating the window function
20 frequency number BW is greater in wvalue than the pitch
frequency phase data PGpl), the window function phase data
PGwl is delayed through the delay circuits 15, 17, 18, 19 and
24 by a total delay time corresponding to four clock pulses
and then stored.into the -storage area, for phase data PGW1,
25 of the memory RAM1 through the output controller 20 at next
| step S18. If, on the other hahd, the subtraction result is
negative (i.e., the window function phase data PGwl obtained

by accumulating the window function frequency number BW is



the timng
| ater. Int

of subsequent step S14 which will be described in 20 det ai
his way, at step S10, the halved value of the pitch frequenc

nunber data obtained by increasing the nodul ated pitch frequency nunber
FNUM by the predeterm ned nunber of times is accunul ated every cycle, a

the result

of which 25 second-group pitch frequency phase data PGp2

obtai ned. Upon key-on of a perfornmance_ rator of the electronic nusic
i nstrunment, the phase data PGp2 is initialized, by the output controller
20, to a value phase-shifted by 180[err] from - 69 - the initial val

of the firsgg@adleo Minsmadaes BhAA {Re pitdH fidkguuiencyt phasepdabaseepin) A

PGl is of

| onest value "0", the phase data P&2 is initialized to a va
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for phase data PGwl so that fhe phase data PGpl will be
retained as phase data PGwl in the memory RAMI.

An example of the window function phase data PGwl stored
in the memory RAM1 fh;ough the output controller 20 is shown
in item (e) of Fig. 17, where the window function phase data
PGwl obtained at step 314 is greater in value than the pitch

frequency phase data PGpl. In such a case, the window

tive
As
hown
re

function phase data PGwl reaches a predetermined maximum value ‘

ahead of the pitch frequency phase  data PGpl. Once the
window function phase data PGwl reaches the predetermined
maximum value, the output controller 20 of Fig. 5 performs
output control to retain (or slice) the window function phase
data PGwl at the maximum wvalue. Therefore, the varying
waveform of the window function phase data PGwl will have
slant and flat portions as shown in (e) of Fig. 17.
On the other hand, if the window function.phase data
PGwl obtained at step S14 is equal to or smaller than the
pitch frequency phase data PGpl, the phase data PGwl will
present the same variation as the pitch frequency phase data
PGpl shown in (a) of Fig. 17.
(16) Operations of Digital signal processor DSPl1 at Step

sis



15 RAML( S9, S10) corresponds to the arithnmetic unit ALUL and nenory RAML
of Fig. 5. The pitch frequency nunber data obtained by the arithnetic
unit ALUL(S6) at step 6 is accunul ated by the phase generator ALUl and
RAML( S10) to provide the pitch frequency phase data -PGp2. 20 (11)
Operations of Digital signal processor DSPl at Step S13 Steps S11 and S12
are-directed to the mxing operations angghence will be described in detai
| ater in connection with the operation of the fourth digital signal
processor DSP4. 25 A description will be rmade about step S13 here. The
nmodul at ed for mantatr egapn@i8unbperEORMhEN e apbrfopaedt WY Csabbde, as
processed at step S8 is stored into the register REGL at step S11, three
cl ock pul sesedarst-gatayp SBindow fihctiorecphdasen dalfa oPGFE gto9pe ActaiadlyS13,
oper ati ons arqeqferfor med, by nmeans of the arithmetic unit ALUL of Fig. 5,

to prepare fu4 @idiher diee windeyu Svnrtiions phegea data] Py 2a prepaired 8¢ t he
formant 5 frequency nunber FORM out put fronltheléﬁgster REGL. As shown

initems (a)StRI 4D F Bhigh f£reguengy phage sieka tBEPZrat a #REGL is set to

be fed to the A t of th it ti 1t ALU d the first-qgro
cgntgr f’ﬁ?equgncyI us%‘g)%ﬁqﬁfcﬁglﬂpr%téétg?% 5’éeféﬁf?‘gr?ﬂﬁeﬁrlf’{‘};ﬁf‘géﬁugﬁe 10

arithmetic lguép‘ghglin that the window function phase data PGw2 obtained
. at step S15 is sent as data #1 to the selector 10 three clock
pulses after step S15 so as to be selected thereby and in
that pitch frequency phase dafa PGp2 of the current channel
10. is read out from the memory RAMl and is sent as data #RAM1 to

the selector 11 so as to be selected thereby.
Thus, as at step. S17, thé window function phase data
PGw2 obtained at step S15 and the pitch frequency phase data
. PGp2 are compared with each otherlby use of the subtractioh
- 15 function of the arithmetic unit ALUl. If the window function
phase data PGw2 obtained by the accumulating operation is
greater in value than the pitch frequency phase data PGp2, the
window function phase data PGw2 is stored into the storage
area, for phase data PGW2, of the memory RAM1 at next step
20 S19 (see (e) of Fig. 9); otherwise, the pitch frequency phase
data PGp2 is stored into the storage area, for phase data

waz, of the memory RAML.

An example of the window function phase data PGw2 stored
in the memory RAM1 through the output controller 20 is shown
25 in item (f) of Fig. 17, where the window function phase data
PGw2 obtained at step S15 is greater in value than the pitch
frequency phase data PGp2. In such a case, the window

function phase data PGw2 reaches a predetermined maximum value



More specifically, in the exanple of Fig. 5, the selector 10 selects the
formant frequency nunber FORM out put fromthe register REGL. Further, the
controller 23 controls the log/linear converter and shifters 14 and 16 not
to perform 15 conversion or shifting so as to allow the input data to
pass therethrough unprocessed. Meanwhile, at this step S13, the
first-group center frequency phase data ggf} of the current channel is read
out fromthe menory RAML and then sent aS data #RAML to the 20 sel ector
11. The selector 11 selects the read-out data #RAML, i.e., phase data PG 1,

which is themeh@d ¢ the Bpitynt febqiibAcyr igHu®Re | @avai tPGY2JL byorRy €het he
| og/ i near converter and shifter 16 and delay circuit 17. The addition
result of tkkdndowt Alndition dphaged ddtaouRtw2 heedehey cthecuptedébermineds
18, 19 and 24 by a total delay tine corresponding to four clock pul ses ahd
t hen st or ed maxdimume valysut thentowtpet contneblehe26t @fadiigw €5, pesfophase
data PG 1, of the nenmory RAML at the tim_ng of subsequent step S17 which
will be des@utpad FAntrol o retpin(or fldce) thenpindey fupciiep phasethe -

formant fre uenc¥,n an; FORM i s accunuiategneverjﬂf cle to thereby grepare
the fir8t. GRSy PSR &1F TRk BREYIWR A ¥BLUe  Anper SLMIYRR, BARNSR, tp - 5o8P
Dy T ST yep B BhB R0 RYE BRboh ok VB hsbl5 ELRSELER T
phase data PGw2 will have slant and flat portions as shown in
(f) of Fig. 17. 1
On the other hand, if thelwindow fﬁnction phase data
10 PGw2 obtained at step S15 is equal to or smaller than the
pitch frequency phase data PGp2, the phase data PGw2 will
present the same variation as the pitch frequency phase data
PGp2 shown in (b) of Fig. 17.
| In Fig. 10, the combined functional blocks corresponding
.15 to steps S17 and S18 are shown along the routes of a
comparator C1(S17, S18) and selector SEL2(S17, S18), where the
comparator Cl(S17, 8S18) corresponds to the subtraction
function of the unit ALUl and the selector'SELZ(Sl7, s18)
corresponding to the function of write-controlling the memory
20 RAM1 in accordance with the subtraction result in the unit
ALU1l. Where the data output from window function phase
generator ALUl and RAM1(S1l4, S15) is greater in wvalue than
'plhase data PGpl or PGp2 from a phase generator ALUl and
RAM1(S9, S10), the selector SEL2(S17, S18) selects the output
25 from the window function phase generator ALUl and RAM1(S14,
S15) as the window function phase data PGwl or PGw2 in
response to the output of the comparator Cl; otherwise, the

selector SEL2(S17, S18) selects the output PGpl or PGp2 from



value (e.g., "0") by the output controller 20. Al so, upon occurrence of
overflow in the first-group pitch frequency phase data PGpl, the phase data
P&F1is reset to a 10 predeterm ned value (e.g., "0") by the output
controller 20. Item(c) of Fig. 17 shows an exanple of tine-varying val ues
of the first-group pitch frequency phase data PG 1 prepared in the
above-nentioned manner. In Fig. 10, the éfqptional bl ocks corresponding to
this 15 step S13 are shown along the route of selector SEL1 follow ng the
| og/ |l i near converter 14(S5), where the selector SEL1 corresponds to the

function of thee gHa¥d Ojesésatbr JaANGLAldNY RAML(S9, 6 S10)t hasf ithe! whgddwl
signal processor DSP1 of Fig. 3 and phase generator ALUL&RAML(S13, S16)

cor r esponds functhen?phaser dattaePGwluort PBWR1 and menory RAML of Fig. 5.

In the formant sound synthesis node, the formant frequency nunber FORM
converted into aBegauseof i thei abovarmentioned oprocessy dbeycrereated S5)
at step S5 is selected by the sel ector SEL1 for use in phase operation, and

accunul at edcBglefeofhibe ydndoye fangitd onawey efImMRAVEPSTSd d16)a tFRFR%VI de
e g R Rt Qe R Lt 3 PRL, i TERA 00 o
accuml at i Vg gRepal] Oflnd s LT bRy o 58" 8yRlnkBR1 BLA EA! EndMLousk UL
pitch, and the time width of the window will be controlled by
the parameter BW (i.e., slope of the window function phase
data PGwl and PGw2). Specifically, the preparation of the
10 window function phase data may be contrdlled by, for example,
a method proposed by the same assignee in Japanese Patent
Laid-open Publication.No. HEI 3-84596.

Steps 19 and 20 will be described after description of

the operation of the fourth digital signal processor bSP4,
15 since these steps are directed to the mixing operations.

In the combined functional block diagram of Fig. 10 are
shown, as internal processing functions of the modulating
section 12, seﬁeral circuit elements denoted by reference
characters beginning with numeral "12", where adders 12c(S0),

20 12£(S2) and 12i(S4) are employed as operator means for
changing/modulating the pitch frequency number FNUM with
modulation data such as for vibrato generated from modulation
data generators 12a(S0), 12d(S2) and 12g(S4). Because the
pitch frequency number FNUM is an antilogarithmic wvalue at

25 this stage, it is preferred that a multiplier be used for
conducting frequency change control proportional to cent
value. However, even a greatest frequency change in the

modulating section 12 is in very slight amount, the use of



first-group wi ndow function phase data PGal on the basis of formant
bdndwi dt h (=wi ndow function tinme w dth) designating 5 . paraneter BW As
shown in itens (a) and (b) of Fig. 9, at this step S14, a wi ndow function
frequency nunber (denoted by "BW just for conveni ence) based on the
formant bandw dt h designating paraneter BWis set to be fed to the A input
of .the 10 arithnetic unit ALUL, and thngirst-group wi ndow function phase
data PGM is set to be fed to the B input“of the arithnmetic unit ALUl. More
specifically, in the exanple of Fig. 5 the selector 10 is caused not to

sel ect any @he! BBddRE2as EAPwh® in FAIGTRAID RANAW L4 si O natdnte @OESE5RS €T

BWis fed via the selector 22 to the controller 23, and under the control

of the contgalther ZhadC®&idigitgt @VONE RALYRINAL BWadwardeo G faets. If
converter and shifter 14 outputs a w ndow function frequency nunber based

on t he par athetecoldtrieadohi o€, thienduiwst) digitedt i stigndiageratzessODSPL t he
current channel is read out fromthe nmenory RAML and then sent as data
#RAML t o t hendemdcroprografare dlkiared to suppdys thrempdudationddataniAML,
i.e., phase_data PGwm, which is then passed through the |og/linear
convert 8r aR@93Rith@ic)yalupeo&es Fb@tathere @1 aﬁ%@dZG:o e pin of the

o1 NTELL SISOl ab Ry o o Ieha b e IV bls, Ul LU
out fron]th?mﬁ&%?%!igéM%rom_the antilogarithmic viewpoint), frequency
cﬁange control proportional to cent value can of course be
implemented by antilogarithmic multiplication.
10 --Exemplary Operations of Digital signal ﬁrocessor DSP3
Related to Noise Signal--

Exemplary operations at various steps of the noise
formant sound synthesis process performed by the third digital
signal processor DSP3 of Fig. 6 will be described with

15 reference to Fig. 11._ Similarly to the example of Fig. 9
relating to the first digital signal processor DSPl, one cycle
of the microprogram comprises 21 steps, i.e., steps SO to S$20,
and one step corresponds to one cycle of the system clock.
One cycle of the microprogram corresponds to one channel

20 timing of Fig. 8, and the program is executed for 18 channels
time-divisionally as shown in Fig. 8. In Fig. 11, item (a)
indicates data set to be fed to the A input of the arithmetic
unit ALU3 of Fig. 6, item (b) indicates data set to be fed to
the B input of the arithmetic unit ALU3, item (c¢) indicates

25 the contents of data #1 to be output from the shifter 39 of
Fig. 6, item (d) indicates the contents of data to be written
into the register REG3 of Fig. 6, item (e) indicates. the

contents of data to written into the register AREG of Fig. 6,



- 73 - The addition result of the unit ALUL is delayed through the del ay
circuits 15, 17, 18 and 19 by a total delay tine corresponding to three

cl ock pul ses and then output through the output controller 20 as the data
#1 at the timng of 5 subsequent step S17 which will be described later.
Upon key- on of a performance operator of the electronic nusical

i nstrument, the w ndow function phase d PGM is initialized to a
predeterm ned value (e.g., "0") by the output controller 20. Al so, upon
occurrence of overflowin the first-group 10 pitch frequency phase data
PGpl, the w pjlownbiBatesn theacoriirc "Xt HataeR B wrptedat antonethe/al ue
(e.g., "0") by the output controller 20. In Fig. 10, the functional bl ocks
correspondi RAM3B ooifthiBigt ep. S14Fage d20whs akoruprihicnedufaenctionadobXasict i on
15 frequency nunber generator 14(S14, S15), where the w ndow function
frequency ndhdgramedddustratingls sabneroriresybidb tthe hthing/ Idigital
converter and shifter 14 of Fig. 5 and w ndow function phase generator ALUl
and RAML( S1819%3L)PEereespnRiEP: #f haxdiars isHrhatuwre s shaw 2 Fighory
RAML 20 of Fig. 5. (13), Operations of Digital signal processqr DSPl at
Srop S1% Ao PEEPETes BRISE; GA0PRle JeR TS Teanat THesnBCORaLY daRiHARb i
unit ALUL oéiE'gi 5 t}gbgaqgare second- group w ndow 25 function phase
data PGA2 OR tRH& Ba§| SUBrUT o nant  bandwi dt h (=wi ndow function tine w dth)

desi gnating paf ayedslyEWons of Digital signal processor DSP3 at Step SO

.

At step SO, operations are performed, by means of the
arith'meti'c unit ALU3 of Fig. 6, to control the spéctral
10 structure of a low-pass noise signal for use in preparing a
correlative noise signal to be used as a moduiation signal for
noise formant sound synthesis. Namely, the operétion of step
SO is performed for enhancing the spectral level of a low-pass
noise signal, to thereby control thé formant peak sharpness
15 in a noise formant sound that is prepared Sy.a modulation
operation process using a correiative noisé.signal based on
the low-pass noise signal.
Items (a) and (b) of Fig. 11 indicate, in a simplified
form, data to be fed to the A input and B input of the
20 arithmetic unit ALU3; at this step S0, data based on parameter
NRES designating noise formant sharpness is set to be fed to
the A input of the arithmetic unit ALU3, and a low-pass noise
signal LPF is set to be fed to the B input of the arithmetic
unit ALUS3.
25 More specifically, in the example df Fig. 6, the
selector 30 selects the data based on parameter NRES, which
is then fed via the delay circuit 33 to the A input of the

arithmetic unit ALU3. A low-pass noise signal LPF is read



The operations of step S15 are different fromthose of step S14 in that
second- group w ndow functi on phase data PGa2 - 74 - of the current ,
channel is read out fromthe nmenory RAML and then sent as data #RAML to the
selector 11 to be sel ected thereby. Thus, the unit ALUl adds the w ndow
function frequency nunber BWto the phase data PGM2 read out fromthe 5
merrory RAML. The addition result of the ypit ALUL is del ayed through the
delay circuits 15, 17, 18 and 19 by a total delay time corresponding to
three cl ock pul ses and then out put through the output controller 20 as the
data #1 at it tfromgaofstolsgsiuarbast &f StReWturdresit | chanfles¢rid®edthat er .
Upon 10 key-on of a performance operator of the el ectronic nusical

I nst runment , memoery WANM3oWnd weott s detes HFRAME ato A selectori 3li redbeby

t he out put controller 20, to a value phase- shifted by 180[err] fromthe
initial val §electede therebydat APSihatetime, | fathe tioniaddl pesd bivef sigs
phase data PQM is "0Q", 15 t he phase data PG2 is initialized to a half
val ue of the max}FufiBREs & dhee)9ate seirepbh déeusfedd@tofthR elPVORAFS t he

A A AR N TR R AT T
o’ s BoEeEVHA° TRl SAERAD BICERIRUASOSke LU 1 B0 oY SRl
S15), wheregh3¢nie?48unit ALU3. The gate circuit 34 is normally enabled
to allow input data to pass therefhrough, except when it is
controlled to open or close at .the time of a serial
10 multiplication which will be described later.

Consequently, the arithmefic unit ALU3 adds the data
based on parameter NRES to the low-pass noise signal LPF. As
will be deséribed, the low-pass néise signal LPF is a signal
obtained by applying é low-pass process to a white noise

15 signal. The addition of the data based on parameter NRES to
such a low-pass noise signal LPF means that a D.C. component
corresponding to tﬁe parameter NRES is added to the low-pass
noise signal LPF, and hence the low spectral level region
(D.C. region.of zero frequency) of the signal LPF is enhanced,

20 so that the sharpness in formant envelope of a resultant
synthesized noise fqrmant sound can'be controlled.

In this way, step SO performs operations to control the
low region spectrum of the low-pass noise signal LPF. The
operation result is delayed through the delay circuits 33, 35,

25 37, overflow/underflow controller (OF/UF) 38 and shifter 39
by a total delay time corresponding to two clock pulses and

then written into the register AREG at the timing of step S2

to be later described (see item (e) of Fig. 11). At this



function frequency nunber generator 14(S14, S15) corresponds to the

| og/ i near converter and shifter 14 of Fig. 5 and 25 w ndow function
phase generator ALUl and RAML(S14, S15) corresponds to the the arithnetic
unit ALUl and nenory RAML of Fig. 5. (14) Operations of Digital signal
processor DSP1 at Step -75- S16 At step S16, operations are perforned,
by :neans of the arithnetic unit ALUL of Ekg. 5, to prepare second-group
center frequency phase data P& 2 by accunulatlng the formant 5 frequency
nunber FORM output fromthe register REGL, in a simlar manner to step S13.
The oper ati etepof stt,ep t3kb aswerfIdwamdeffiow t heoetdlEéep &B/UR)t has
second-group center frequency phase data P& 2 of the current channel is
read out fr duncitdomsnm@sy &RAMImibelr 18nd then sbdifttears 3®atdoaiRAdt t perfierm
selector 11 to be sel ected thereby. Thus, the unit ALUl adds the fornmant
frequency n@£LipgRE @a ke Rldaw %u@ﬁéﬁt@#ta reQuepey bhesethueughG 2
read out fromthe nempry RAML. The addition result of the unit ALUL is

del ayed t hr SPFOCRESEH-ay circuits 15, 17, 15 18, 19 and 24 by a total
oo AR By Al RS A" BRRR
control I er 2Q Al 3WASEHUAN HritRtnddd sWREEEotthl bPSRSSEdAGH df' FeGL 215,
In Fig. 12, the operations of step SO correspond to the route

along which coefficient data read out from a coefficient table

TB1(SO) in accordance with the parameter NRES is added, by-an

10 arithmetic unit ALU3(S0), to the low-pass noise signal LPF
output from an arithmetic unit ALU3(S5). The operation result

of the arithmetic unit ALU3(S0) is fed to a limiter 38(SO$ to

undergo a predetermined limit process which corresponds to the
-limiting function of the overflow/undefflow controller 38 of

15 Fig. 6.

(2) Operations of Digital signal procéssor DSP3 at Step S1

At step S1, operations are performed, by means of the
arithmetic unit ALU3 of Fig. 6, to obtain a lower-limit value
of the allowable variation range of a correlative noise signa;

20 in order to control the noise formant bandwidth.

As shown in items (a) and (b) of Fig. 11, data based on
parameter NBW designating a noise bandwidth is se£ to be fed
to the A input of the arithmetic unit ALU3, and a correlative
noise signal BWR is set to be fed to the B input of the

25 arithmetic unit ALU3.

More specifically, in the example of Fig. 6, the

selector 30 selects the data based on parémeter NBW, which is

then fed wvia the delay circuit 33 to the A input of the



| ater. 20 In this way, at step S16, the fornmant frequency nunber
FORM i s accunul ated every cycle to thereby prepare the second- group center
frequency phase data PG 2. Upon key-on of a performance operator of the

el ectroni c nusical instrunent, the phase data PG2 is initialized to a
predetermned initial 25 value (e.g., "0") by the output controller 20.

Al so, upon occurrence of overflow in the §e_(_:ond-group pitch frequency phase
data PGp2, the phase data PG 2 is reset ? a predeterm ned value (e.g.,
"0") by the output controller 20. - 76 - Item(d) of Fig. 17 shows an

exanpl e of Erfthwericngni@l HES30f A RorsROeidi~g Hal S lighallr ewrensy rabase
data PG 2 prepared in the above-nentioned nmanner. In Fig. 10, the

functional loudckframr aespoochgs avehhi 056 shep chifratite ehamned| onrgf t Bhe
route of selector SEL1(S13, S16) following the log/linear converter 14(S5),
wher e the saeaoryr RAM3] @83 sedits asodatsmp HRAMI ota hehd useléeatonf 3t htocbet r ol
signal generating section 6 of the first digital signal £roce§spr DSP1 of
Fig. 3 and SRi€ctgehdharsbya uAtinbhip timapmi dste to1@dd peethbyRissignt he
arithnetic ynif ALUL and ne [ In the formant sound

ry RAML of Fig. 5. .
synt hesPs mode, 1Hh&¥6rhdid %%&?&?cflﬁﬁ’%grsﬁmﬁpcﬁhﬁrf’eﬁ FRFESAptive
o0t Lo L el BB i R ol Bl B8 SRkt

via the delay circuit 35 to the B input of the arithmetic
unit ALU3. |

Consequently, the arithmetié unit ALU3 subtracts, from

10 the data based on parameter NBW, the correlative noise signal
BWR obtained at the preceding cycle. Thus, there is obtained
é.difference.between.the correlative noise signal BWR obtained
at the preceding cycle and the noise bandwidth designating
value NBW, to provide a lower-limit wvalue of the allowable

15 variation range of the correlative noise signal BWR with the
negative sign added thereto. Although the lower-limit value
of the allowable variation range is of positive sign in actual
implementation, this step S1 is program to temporarily obtain
the difference in a negative sign and then convert it into a

20 positive sign.

In this way, step S1 performs operations to obtain a
lower-limit value of the allowable variation range of the
correlative noise signal. The operation result is delayed
through the delay circuits 33, 35, 37, overflow/underflow -

‘ 25 controller 38 and shifter 39 by a total delay time
corresponding to two clock pulses and then written into the

register REG3 at subsequent step S3 which will ‘be later

described. The operation result delayed through the delay



15 operati on,

S16) to provide the second-group center frequency phase data PG 2. (15)

Qperations of Digital signal processor DSPl1 at Step S17 20 At step

S17, operations are performed to select, as first-group wi ndow function

phase data PGwl to be actual ly used,

pi tch frequedgyuphktese3lat 35PG3Y,i ovetficwimderFicw t BenBrblper @8 t &ad

arithnmetic unit ALUL. - 77 - More specifically, in the exanple of Fig.

5, the w ndshwifirert B&niphalisodfitatP&nldebaypedethabugh eph&ldelaygcirouis

data #1 three clock pul ses after step S14, and the sel ector
sel ect the 48t dyla ¥Fireheorresponddngupte ons t chotke@uiry pmdsecthana
s read out fromthe nenory RAML and then sent

PGpl of the current channel
» Pfekhe fgErenfe

as data #RAVEMPETRRALl¥cFEeTed inte cthe skoxage.gremerm

€.

and accunmul ated by the phase generator ALUL and RAML( S13,

ei ther the w ndow function phase data
PGal prepared at step S14 or pitch fregugpqy phase data PGpl. As shown in
items (a) and (b) of Fig. 9, at this step 25 S17, the data #REGL is set
to be fed to the Ainput of the arithnetic unit ALUL, and the first-group

10 is caused to

trol of t troller 23, th | | d_shi f 1
Convert 8 1 nEVRRBAL R« A BeROREGHAM o= boPteSSRNERb rep e 2SR GBE M noar

converter

10

15

20

25

ﬁgd liggktehesaéibegges W@i %ﬂyg”rgtep Sl as well, the

overflow/underflow controller (OF/UF) 38 functions as a
limiter and the shifter 39 does not perform shifting sb as to
allow the input data to pass therethrough unprocessed.

In the combined functional block diagram of Fig. .12, the
operations of step él correspond to the route along whidh
coefficient data read out from a coefficient table TB2(S1l) in
accordance with the parameter NRW is added, by an arithmetic
unit ALU3(S1l), to the correlative noise signal BWR obtained
in the preceding cycle and having the sign inverted by
inverter INV1(S1l). The operation result of the arithmetic
unit ALU3(Sl) is fed to a limiter 38(S1l) to undergo a
predetermined 1limit process. - The inverter INV1(S1l)
corresponds to the function of adding the negative sign by use
of the sign adding data. A memory RAM3(S20) functioning as
a shift register (S/R) on the input side of the inverter
INV1(S1l) corresponds to the function of supplying the
preceding-cycle correlative noise signal BWR as data #RAM3
from the memory RAM3.

(3) Operations of Digital signal processor DSP3 at Step S2

At step S2, operations are performed, by means of the
arithmetic unit ALU3 of Fig. 6, to obtain an upper-limit value

of the allowable variation range of a correlative noise signal



~conversion or shifting so as to allow the input data to pass therethrough
urfprocessed. Thus, the arithnetic unit ALUL subtracts the first-group pitch
frequency phase data PGl (fed to the B input of the 15 unit ALUl) from

t he wi ndow functi on phase data POGwvL (fed to the A input of the unit ALUL)
obtained at step S14 by accunulating the mﬁndOM/function frequency nunber
BW. I f the subtraction result is p05|t|X§ e., the wi ndow function phase
data PGnML obt ai ned by accunul ating the ﬁdbm/functlon 20 frequency
nunber BWis greater in value than the pitch frequency phase data PGpl),

the w ndow &un@,&ae& &Baaan@%q R nbd sdelrayvhdnihbanal s del ay circuits
15, 17, 18, 19 and 24 by a total delay tinme corresponding to four clock

pul ses and then ls0Ehdwnntie. ikemst Qa3ganar €B) 66rrFpjaseldadat®PdsedSon of
the nenory RAML t hrough the output controller 20 at next step S18. If, on
t he ot her hpadameltersNBWr designatingl & neiseghandwidtheis sét tondewfed
function phase data PGM obtai ned by accunul ati ng the wi ndow function
frequency niebthepiisput of 7the amjddimertdcoundiaPhLUB,t Bad eheopretative
frequency phase data PGp d% the pitch frequen(y Ehase data PGpl is_ stored
into th@ st 8Pd§e &igmalk BWRLHASe shlt atPoke fad t Fe @%r% fappt |gf the

practice, when oring the pitgch fr en phase dat |nto the,5
st or age areérngweﬁﬁgan&§t§LH 18 &Fﬁ§§ ﬁ%' poRgRatigps
phase data P93 t'ep aéf ggf'e?&?tt I;:Lrom ee a(; aS'l:ep S1 in that an

operation is performed for adding a positive sign "+" to the
output data of the seiectér 31. Consequently, the arithmetic

10 . unit ALU3 adds the data based on parameter NBW to the
correlative noise signal BWR obtained at the preceding cycle,
to thereby provide an upper-limit value of the allowable

. variation range of correlative noise signal BWR with the
.positive.sign added thereto.

15 In the combined functional block diagram of Fig. 12, the
operations of step S2 correspond to the route along which
coefficient data read out from the coefficient table TB2(S1l)
in accordance with the parameter NRW is added, by an
arithmetic unit ALU3(S2), to the preceding-cycle correlative

20 noise signal BWR. The operation result of the arithmetic unit
ALU3(S2) is fed to a limiter 38(82)-to undergo a predetermined
limiting process. |

(4) Operations of Digital signal processor DSPSIat Step S3
At step S3, operations are performed, in combination-

25 with subsequent step S5, to a obtain low-pass noise signal LPF
by sﬁbjecting a white noise signal WN to a low-pass filtering
process.

As shown in items (a) and (b) of Fig. 11, a white noise



for phase data PGwl so that the phase data PGpl will be retai ned as phase
data PGML. in the nmenory RAML. An exanple of the wi ndow function phase data
PGM stored 10 in the menmory RAML t hrough the output controller 20 is
shown in item (e) of Fig. 17, where the w ndow function phase data PGam
obtained at step S14 is greater in value than the pitch frequency phase

data P&pl. In such a case, the w ndg gunction phase data PGanl reaches a
pr edet er mi ned nmaxi num val ue 15 ahead of the pitch frequency phase data
PGpl. Once the wi ndow function phase data PGwl reaches the predeterm ned

maxi num val sggnabewWwNut pst sebnto dbé efe@Otofthe A Inmet fof mMehe wrwpithnetic ol
to retain (or slice) the w ndow function phase data PGwvl at the nmaxi num

val ue. ThengtoAbU3t handanyilpy-pess naiseosigoplt AFFrlsi @Rt ke therfehase
data PGML will have slant and flat portions as shown_in (e) of Fig. 17. On
the ot her hhAdtherBthePWEn@éwthanerishnghiScunata®PBitt obt ai ned at step S14

SRS, o SRk gbhafeLe, Bl ch, L1 quency pligae dgi apEL ol hecpliace
processhr DERISGros 3p Spatots pownitel pORSTH iR el B e ¢
select, as SRELAINGTAEP JUAMHALIANES | ORPEAS & staler’ Peat 910 3 Uddlay
"circuit 33 to the A input of the arithmetic unit ALU3. A
low-pass noise signal LfF is read out from é storage area,
for low-pass noise signal LPF of the current channel, of the
10 memory RAM3 and sent as data #RAM3 to the selector 31 to be
selected thereby. At that time, data to add negative sign
"—" igs given to the gate circuit 34, so that the low-pass
noise signal LPF with the'negative sign added thereto is
. passed via the delay circuit 35 to the B inﬁut of the
15 arithmetic unit ALUS3.

Consequently, the arithmetic unit ALU3 subtracts, from
thé white signal WN, the low-pass noise signal LPF obtained
at the preceding cycle. The subtraction result of the
arithmetic unit ALU3 is delayed through the delay circuits 33,

20 35, 37, overflow/underflow controller 38 and shifter 39 by é
total delay time'co;responding to two clock pulses and then
output as data #3 at step S5. At step S3, ‘the -
overflow/underflow controller 38 functions as a limiter and
the shifter 39 performs down-shifting on the basis of

25 parameter NSKT designating a flaring shape of the skirt
portion of a noise spectrum.- The parameter NSKT corresponds

to a low-pass coefficient, and the down-shifting corresponds

to coefficient multiplication process.



used, either the w ndow function phase data PGM prepared at step S15 or
pi'tch frequency phase data PG2. 5 The operations of step S18 are
different fromthose of step S17 in that the w ndow function phase data
PGA2 obtained at step S15 is sent as data #1 to the selector 10 three clock
pul ses after step S15 so as to be selected thereby and in that pitch
frequency phase data PG2 of the currentgghannel 10 Is read out fromthe
menory RAML and is sent as data #RAML to the selector 11 so as to be -

sel ected thereby. Thus, as at step S17, the w ndow function phase data PGA2

obfained at st eprflEhencoribEndi tRind RN tlouhadd agaam BEPRigL €12 pnptae ed
with each other by use of the subtraction 15 function of .the arithnetic

unit ALUL. opérabﬁonbndmwéusnn$©ncphaespdadaﬁ@&ﬁh@brahhedd@pnguwhich
accumul ating operation is greater in value than the pitch frequency phase
data PGp2, whitei ndaaefamnaan%hﬁE@ﬂd@hét@MQBS%tgﬁwam% 32E53) okmuge
area, for phase data PGA2, of the nenory RAML at next ste S19 (see
(e) of Fig. a@‘iledothﬁr%ﬁ‘s%r-"-?%eﬁ‘t’ c‘h“*? %@3 hhake U&?aﬁpﬁﬂasf% R+¥ed

h
Iof: he S nagionar ?ﬁfﬁm%ﬁg%f% Bt ST iSY e S B L& ?rﬁeﬁ@”ﬁ' °
1 1 1 1 f
wi ndow f ﬂncf‘fﬁﬁﬁrﬁﬁ%e‘év B e Ttz ). ST hoBlabhln Adeutl®0E 400
than the pi 5&*&5&.&9&! MAhag uéeég P@g sublj8ctdah &casepreaéleef%ﬂs@av

function phase reac a predeterni ned nmaxi num val ue
limiting process in a limiter 38(S3). RAM3(S5) functioning

as a shift register (S/R) on the input side of an inverter
10 INV1(SS)' corresponds <to +the function of ’éupplying the
preceding-cycle low-pass noise signal LPF as data #RAM3 from
the memory RAM3.
(5) Operations of Digital signal processor DSP3 af Step S4

At step S4, operations are performed, by means of the

15 arithmetic unit ALU3 of Fig. 6, to obtain an gllowable
variation range of a correlative noise signal in order to
control the noise formant bandwidth.

As shown in items (a) and (b) of Fig. 11, data #3 is set

" to be fed to the A input of the arithmetic unit ALU3, and
20 data #REG3 is set to be fed to the B input of the arithmetic
unit ALU3.

More specifically, in +the example of Fig. 6, the
operation result data of step S2 (the upper-limit value of the
allowable variation range of correlative noise signal BWR) is

25 fed as data #3 to the selector 30 to be selected thereby, and
the selected data is then fed.via the delay circuit 33 to the
A input of the arithmetic unit ALU3. Meantime, the operation

result data of step S1 (the lower-limit value of the allowable



- 80 - ahead of the pitch frequency phase data PGp2. Once the w ndow
function phase data PGM reaches the predeterm ned nmaxi mum val ue, the
output controller 20 of Fig: 5 performs output control to retain (or slice)
t he wi ndow function phase 5 data PGM at the maxi numvalue in a simlar
manner to step S17. Therefore, the varying waveform of the w ndow function
phase data PGM2 wi |l have slant and fl at gtr.zoltions as shown in (f) of Fig.
17. On the other hand, if the w ndow funCfion phase data 10 PGA2 obt ai ned
at step S15 is equal to or smaller than the pitch frequency phase data

PGp2, the pRasdsddon RgeV blf ieseslative SaBesearsiyn«al BWR! Weih t ¢he
frequency phase data P&G2 shown in (b) of Fig. 17. In Fig. 10, the conbi ned
functional hegaktdveosigapaddedgtheretb) dsefledStd ahd SéleetersBawkoabeng
the routes of a conparator C1(S17, S18) and sel ector SEL2(S17, S18), where
t he conpar aSedected] thegedy,c endedihenkelectdd data ristthenffedt vba thet he
unit ALUl and _the selector SEL2(S17, S18) corresponding to the function of
wri t e- cont r SeEEg CEREuAENSPyto othe BANRYE Qi Jihes f&d thimed ichand §hALHSE | on

result in the unii ALUIL. Where the data oytput fromw.ndow function phase
gener at lcrir ALUL afPrRRabest4y 'Slt%‘ei ?rgft«i‘a‘?%&‘% HRAY L ALURa YIRS R BheGp1

o o2 T eBA IR A" VAT o A MR SR 0L SELRD e
%g,]\g'r ?; or Alqu-;ei-ﬂ‘i iﬁéWﬁ&e of Sghéi'atn% ,"_"EBC’QE’ {4 Qﬁqu'aeo RAgea 2535 or
variation range between the upper- and lower-limit values.
" In this way, step S4 performé operations to obtain the
10 allowable variation range of correlative n¢ise signal BWR.
The operation result is delayed through the delay circuits 33,
35, 37 by a total delay time corresponding to two clock
pulses, dpwn-shifted by the shifter 39 by one bit and written
into the régister REG3 at subsequent step S6 which will be
15 later described in detail (see item (d) of Fig. 9).

In the combined functional block diagram of Fig. 12, the
operations of step S4 correspond to an arithmetic unit
ALU3(S4).

(6) Operations of Digital signal processor DSP3 at Step S5
20 As shown in items (a) and (b) of Fig. 11, at step S5,
data "3 is set to be fed to the A input of the arithmetic
unit ALU3, and low-pass noise signal LPF is set to be fed to
the B input of the aiithmetic unit ALU3.

More specifically, in the example of Fig. 6, the

25 selector 30 is supplied with the operation result data of step
S3 (i.e., value obtained by subtracting the preceding-cycle

low-pass signal LPF from the input white noise signal WN and

subjecting the subtraction result to the coefficient operation



response to the output of the conparator Cl; otherw se, the selector
SEL2(S17, S18) selects the output PGl or PGp2 from - 81 - the phase
generator ALUlL and RAML(S9, S10) as the wi ndow function phase data PGa or
PGA2. Because of the above-nentioned process, the repeated cycles of the
wi ndow function waveform prepared in a later- 5 descri bed manner on the

basis of the wi ndow function phase data vl and PGM2 wil |l al ways be
synchroni zed with the sound pitch, and the tine width of the wi ndow will be
controlled by the parameter BW (i.e., slope of the wi ndow function phase

data PGV apdoBE¥8) basSaeehf ithel ppraineten MSKTIt iamd afelidutsl Cthisn dualcau
function phase data nay be controlled by, for exanple, a nethod proposed by
the same asThgntkus nsdbpeved ddtd de fed diapshePdslayacivauil. 33Eto 38596,
Steps 19 and 20 will be described after description of the operation of the
fourth di gi Rainpuymfl Hheosrisbmebbpunit ALUY cMepptimest LPY-RRES 1O4RR ed
to the m xing operatlons I n the conpbi ned functional bIo§E1d|a an1of Flg

10 are showAighel |H’§'rr’k§ "iﬁa@ce%@l‘ ngEPhnet SERTEEP ATE3rodAYaR

12 | d t ed b f t b th
nurrer al 5 12556055, LPEud *_ﬁc‘?@%}’e 5o bhalnelen OF e Befie] W ?{‘g‘?\cl)myed
as operat or gggn s éé){ac{k@ggi & V%‘é's%ﬁe%%orrhglpjté? fé&ﬂé‘ <¥ DR, FNUM

wi th modul aPFon ats su rat 0 generate romm) atlon
and the selected data is imparted the positive sign and then

passed via the delay circuit 35 to the B ‘input of the
arithmetic unit ALUS3. |
10 Consequently, the arithmetic unit ALU3 adds the
coefficient-operated data to the lowjpass noise signal LPF
obtained in the preceding cycle. The addition result of the
érithmetic unit ALU3 is delayed through the delay circuits 33,
35, 37, 6verflow/underflow contrdl;er 38 and shifter 39 by a
15. total delay time corresponding to two clock pulses, further
delayed through the delay circuit 40 by a one-clock-pulse time
and then stored into the storage area, for signal LPF of the
current channel, of the memory RAM3 at subsequent step S8
which will be.later described. In this way, by the combined
20 operations of steps S3 and S5, the white noise signal WN is
subjected to a low-pass filter operation process, and the
resultant low-pass filter output, i.e., low-pass noise signal
LPF is stored into the memory RAM3. In this case, the memory
RAM3 functions to delay the low-pass noise signal LPF by one .
25 sample time, i.e., functions as the shift register RAM3(S5)
of Fig. 12.
In the combined functional block diagram of Fig. 12, the

operations of step S5 correspond to the function of the



data'generators 12a(S0), 12d(S2) and 12g(S4). Because the pitch frequency
nanmber FNUM is an antilogarithm c value at 25 this stage, it is preferred
that a multiplier be used for conducting frequency change control

pr.oportional to cent val ue. However, even a greatest frequency change in
the nodul ating section 12 is in very slight amount, the use of - 82 -
the adders as shown in Fig. 10 wll regs é_jn reduced costs rather than

bri ngi ng about substantial adverse effects. If the construction of the
first digital signal processor DSPl and mcroprogramare altered to supply
t he nodul at apptHaeaicnuhit ADUA(E5hnandvahiifs segihtert RAM3486)added to the
sumof the attack glide data AG and the pitch frequency nunber FNUM :
(mul tiplied fré6mt Ppexatibogarift Bigd tellewigngl) priocefsor \PSHAamfe Steps ol
proportional to cent value can of course be inplenented by antilogarithmc
mul tiplicat$Bnto181l7 - . Exenplary Qperations of Digital signal processor
DSP3 Rel ated to Noi se SI I-- peratlons a% varlo S ste of the
noi se for mant soﬁﬁdsgﬁﬂﬁ 55@§e§§ arﬁyp?ﬁ orfed ?ﬁgﬁ?éﬁiﬁggnal

ference to Fig., 11.
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LPF (assumed to be 12~bit data in the following description)

stored in the register AREé at step S2, by serially
multiplying the allowable variation width data by the low-pass
10 noise signal LPF.

The low-pass noise signal LPF processed at step SO in
the above—mentionéd manner is stored into the register AREG
at step S2 and converted into serial form by <the
parallel/seriai converter 37 to be serially output as 12-bit

15 serial low-pass noise signal SLPE, from its lowermost bit,
within a 12—clock:pulse period from step S6 to step S17.

First, at step S6, as shown in items (a) and (b) of Fig.
11, no data is set to be fed to the A input of the arithmetic
unit ALU3, and partial product data #REG3 * SLPF is set to be

20 fed to the B input of the unit ALU3.

More specifically, in the example of Fig. 6, the
selector 31 is supplied with the operation result data of step
S4 (i.e., data indicative of the allowable variation width of
the correlative noise signal DWR, which will be hereinafter .

25 be referred to as "allowable variation data"), and the
selector 31 selects this data. The selected data is given
the positive sign and then transferred to the gate circuit 54.

To the control 'input of the gate circuit 34 is given a



One cycle of the m croprogram corresponds.to one channel 20 timng of

Firg. 8, and the programis executed for 18 channels tine-divisionally as
shown in Fig. 8. In Fig. 11, item(a) indicates data set to be fed to the A
i nput of the arithnetic unit ALU3 of Fig. 6, item (b) indicates data set to
be fed to the B input of the arithnetic unit ALU3, item (c) indicates 25
the contents of data #1 to be out put fgoglppe shifter 39 of Fig. 6, item
(d) indicates the contents of data to be"witten into the regi ster REG3 of
Fig. 6, item(e) indicates the contents of data to witten into the

regi ster AREEgAb1Fi gndBcative 88 théfFirsdikit esf tderLalt Bov-Spads dadisé0 be
witten into the RAM3 of Fig. 6. Fig. 12 is a conbined functional block
diagram il | signali SHPR feomethenpahallhel /iserhal dcongerter s3hnal The ogatsor
DSP3 of hardware structure as shown in Fig. 5° 6 prepares noise signal
rat her thancieudtt 34l owtpubart0'ts mhen ther fdretebit1pf perial ohewapass
Digital signal processor DSP3 at Step SO At step SO, operations are
perfornmed, PPiReafdgnpli AEPErL6nnRl i BubnPYTREES Bhe Fyglug of GIRERR rdreRhe
corr el aPi vothe ELESEARLE % BRFIRE A SRR AR 5198RdSEPFotEn L L 26 ©
enhanci ng. REE) 8 i Sirk REbn, 15 BREREHHER. be"bBRaTRS BREEERA, )
the formant ;peAKC-EBLLREST the above-mentioned allowable variation width

| data and the 1owermoé£ bit of the low-pass noise signal SLPF.

The multiplication result is sent via the delay circuit 35 to
10 the B input of the arithmetic unit ALUS.

The arithmetic unit ALU3 functions to adds the partial
products obtained by the serial multiplication. At the-first
two steps S6 and S7, no data is fed to the A input of the
arithmetic unit ALU3 so that the paftial product data fed the

15 B input of the arithmetic unit ALU3 is allowed to pass
therethrough unprocessed. This is because the partial product
is delayed through the delay circuits 35 and 37 by a total
delay time corresponding to two clock pulses.

Therefore, at steb S6, the partial product is output

20 from the arithmetic wunit ALU3 without being unprocessed
thereby, and then it - is, after being delayed through the delay
circuits 35, 37 by a total delay time corresponding to two
clock puls'es, passed through the overflow/underflow controller
38, down-shifted by the shifter 39 by two bits and output as

25 data #3 at subsequent step S8 which will be later described
in detail (see item (c) of Fig. 11). At and after step 8,
the data #3 is selected by the selector 30 and fed to the A

input of the arithmetic unit ALUS. The reason why the



15 In a noise formant sound that is prepared by a nodul ati on operation
process using a correlative noise signal based on the | ow pass noi se
signal. Itenms (a) and (b) of Fig. 11 indicate, in a sinplified form data
to be fed to the A input and B i nput of the 20 arithmetic unit ALU3; at
this step SO data based on paraneter NRES designating noi se formant
sharpness is set to be fed to the A inpujzof the arithnmetic unit ALU3, and
a | ow pass noise signal LPF is set to be ?ed to the B input of the
arithmetic unit ALU3. 25 - More specifically, in the exanple of

Fig. 6, tpartehechebadftselieptit £hemdthe wabedALUG phs adewrs SINRES:d viby ch
is then fed via the delay circuit 33 to the A input. of the arithnmetic unit
ALU3. A | owtpasshifitee 3Pgbgl tw®Fbitsriadto adj@dt-thetddtawaighbnggto
area, of the current -.channel, of the nennrg RAMB and sent as data #RAMB to
the sel ect omadtht bebeusel tbeedataec#dbys addedatotthe, CQ&@%@@Eﬁ%dﬁaﬁﬁ%@%ive
sign "+" is given to the gate circuit 34, so that _ the § 5 noj se
signal LPF mrpﬁupﬁe(ﬁogrtlﬁétélﬁﬁ'Qﬁﬂéﬂlﬂﬂéﬂépg t§epH§§EdA€V§ t o Rt 5§
circuits 35 to the B |n %g arithmetic unit ALU3. The gate circuit 34
i s normal | yUBRER| &B2Pot IGQIPn t data to pass therethrough, except when

it is controlled,o oq%qin QcDe e aatmﬁdlhtﬁlaéll@a&corﬁ 3@l eddhed, in the

mul tiplication white escrib
gate. circuit 34, between the above-mentioned allowable

variation width data #REG3 and the second lowermost bit data
6f the low-pass noise signal SLPF. The multiplication result
10 is delayed by a time corresponding to two clock pulses, down-
shifted by two bits and output as data #3 at subsequent step
S9 which will be later described in detail (see item (c) of
Fig. 11).
At next step S8, a multiplication is performéd, in the
15 gate circuit 34, between the above—mentioﬁed allowable
variation width data #REG3 and the third.lowermost bit data
of the low-pass noise signal SLPF. As shown in item (a) of -
Fig. 11, at each of steps S8 to S18, the data #3 output from
the shifter 39 is selected by the selector 30 and fed to the
20 A input of the unit ALU3. Thus, the partial product for the
lowermost bit of the low-pass noise signal SLPF (data at the
A input) and the partial product for the third lowermost bit
of the low-pass noise signal SLPF (data at the B input) are
added together by the arithmetic unit ALU3 so as to provide
25 a sum of the partial products. The éum of the partial
products output from the arithmétic unit ALU3 is, after being
delayed through the delay circuits 33, 35, 37 by a total

delay time corresponding to two clock pulses, passed through



‘Consequently, the arithnetic unit ALU3 adds the data based on paraneter
NRES to the | ow pass noise signal LPF. As will be described, the | ow pass
noi se signal LPF i's a signal obtained by applying a | ow pass process to a
white noise 15 signal. The addition of the data based on paraneter NRES
to such a | ow pass noi se signal LPF neans that a D.C. conponent
cor.respondi ng to the paraneter NRES is_aggeg to the | ow pass noi se signal
LPF, and hence the | ow spectral |evel region (D.C. region of zero
frequency) of the signal LPF is enhanced, 20 so that the sharpness in
formant envejnepec@br 1w suhdartlsy ntbatireederoide, f aowhRbEhigted aan Bhe
controlled. In this way, step SO perforns operations to control the | ow
regi on spectshiftelr t3e bpywepasbibsi andsioghputl@s dafle #Peatt subsequeeht s
del ayed through the delay circuits 33, 35, 25 37, overflow underfl ow
control |l er E®EPUB1ABSkich skillecbe3dalberadescalibed i tdekaibr (sepohtiemg to
two cl ock pul ses and then witten into the register AREG at the timng of

step S2 to He)l @&feFigesdidilbed (see item(e) of Fig. 11). At this - 85-
step- SO, the oaqverflow underflow control]er OF[ UF 8 fupctions, as a
limter Band the <Hi Mt BEREI n? 'b‘é%‘?’o?’rﬁ%ﬁ’f‘g‘? n’gss%e §°’E‘Be‘§+ | &% %H%

U 0o GRS A MRRRRC S Boore-mentiAusd KO FRRELE™™
bl ock diagr%@fﬁ%ﬁ%&& w%%th data #REG3 and the fourth lowermost bit data
of the low-pass noise.signal SLPF. At this step S9, the data '
#3 correspoﬁding to the partial product for the second
10 lowermost bit of the low-pass noise signal SLPF is selected
by the selector 30 and fed to the A input of the unit ALUS.
Thus, the partial product for the second lowermost bit of the
low-pass noise éignal SLPF (data'at the A input) and the
partial product for the fourth lowermost bit of the low-pass
15 noise signal SLPF (data at the B input) are added together by
the arithmetic unit ALU3 so as to provide a sum of the
partial products. The sum of the partial products output f£rom
the arithmetic unit ALU3 is, after being delayed through the
delay circuits 33, 35, 37 by a total delay time corresponding
20 to two clock pulses, passed through the overflow/underflow
controller 38, down-shifted by the shifter 39 by two bits and
output as data #3 at subsequent step Sl11 which will be later
described (see item (c) of Fig. 11).
Similarly, at subsequent steps S10, S12, S14 and S16, -
25 partial products for odd-numbered bits from the lowefmost bit
are sequentially obtained, and the sum of the partial products
so far obtained are calculated. A total sum of such partial

products for the odd-numbered bits calculated at step 16 is



In Fig. 12, the operations of step SO correspond to the route al ong which
coefficient data read out froma coefficient table TB1 (S0) in accordance
with the paraneter NRES is added, by an 10 arithnmetic unit ALU3(S0), to
the | ow pass noise signal LPF output froman arithmetic unit ALU3(S5). The
operation result of the arithmetic unit ALU3(SO) is fed to a liniter 38(S0)
to-undergo a predetermnedlimt process *hlch corresponds to the limting -
function of the overflom/underflom/contro | er 38 of 15 Fig. 6. (2
Operations of Digital signal processor DSP3 at Step S1 At step S1,

operations gegapedl ByMBdtobdlNeane Sdridspandifgets Ctwdi ¢1AEkS @hd Ftigenb,
to obtain a lower-limt value of the allowable variation range of a

correl ati veontpae asgdata293 fromother shbftent 39| (1bemnod eof aFbgnt1l).
bandw dt h. As shown in itens (a) and (b) of Fig. 11, data based on

par anet er NBW dediifeatisrg athosgkseauent detieps S31,t SLR, f 845t @ncheSIV ) nput
of the arithnetic unit ALU3, and a correlative noise signal BWRis set to
be fed to tﬁérBJ-PFiFRPE'OQ)‘#C"E‘-‘F]é%e"e&rPPHHBF?é bits fmams theplewepmestikat| v,
in the exanpl e of Flg éﬁﬂ or 30 selects t he data, based on

par anet 8r \BYP SRRBRRFLSLRE (3R @A P the PRT 331 e URER FRt of

o e AT e S P Ol AR
products for the even-numpered bits calculated at step 17 is
delayed by a total time corrésponding to two clocké and then
oufput as data #3 from the shifter 39 (item (c) of Fig. 11).

10 By the above-mentioned serial multiplications between
the allowable variation width data and low-pass noise signal
LPF, the allowable variation width data of the correlative
noise signal BWR is scéled with the randomly varying low-pass
noise signal LPF. However, since the operations up to step
15 S17 obtain the total sum of the partial products for the odd-
numbered bits and the total sum of the partial products for
the even-numbered bits separately, it is necessary to further
add together the two +total sums in order to obtain an
ultimate scaling result (ultimate multiplication result). The
20 above-mentioned operations of steps S$6 to S17 correspond to

the function of multiplier ALU3(S6 to S17) in Fig. 12.
(8) Operations of Digital signal procesSor DSP3 at Steps

S18 to S20

As shown in items (a) and (b) of Fig. 11, at step S18,
25 data #3 is set to be fed to the A input of the arithmetic
unit ALU3, and data storéd in a temporary storage area of the

memory RAM3 is set to be fed to the B input of the arithmetic

unit ALU3.



menory RAMB and sent as data #RAMB to the selector 31 to be sel ected

t hereby. At this tine, data to add positive sign 5 "-" is given to the
gate circuit 34, so that the correlative noise signal with the negative
sign added thereto is passed via the delay circuit 35 to the B input of the
arithmetic unit ALU3. Consequently, the arithmetic unit ALU3 subtracts,
from 10 t he data based on paraneter NBW, the correlative noise S|gnal BVWR
obtai ned at the preceding cycle. Thus, there is obtained a difference

bet ween the correl ative noise signal BWR obtai ned at the preceding cycle
and the noi se baMbrelt pirsifieaililyg vahuethBWekamplovisile Figwers, i rhe

val ue of the allowable 15 variation range of the correlative noise signal
BWR wi t h t hepeagetione segwltddéd sttegr e$06  Alit Boyghthenetobakr sumri of vahee of
the allowable variation range is of positive sign in actual inpl-ementation,
this step SPartigdogereducts efrpl?)r é;hel ywdshtrumbaxned dbite) edse fied ataehei ve

sign and then convert it into positive sign. In this way, step Sl

perfornms op&iSHETRE 30 AR éﬂenS&lPG’\F;@Fi therebya Gé‘dthFh§e&FF§W§bfiétal is

i ati h | a t
del éﬁih%?gﬁrfﬁ*f %édgmé(y)rfré}eer cﬁ?ﬁyg%ﬁ%‘i‘%% 0¥ 0 fnddPrTo P S5 the' ©
control | er lﬂ{éq:lcsgh}ih AL quallrﬁflnrlé)t a&atéjeé (I&?Eﬁ goli:éﬁ ng%g

to two clock inses an en witten ‘he regis &F seq

step S3 whi qéﬂcdeaagle R-da tnepM RSE 18 dnemdPYF 104105 k1 08, I egHb! 13@b§¥§§mlt
t hrough t he del ay

value of the correlative noise signal BWR with the negative

-

sign calculated at step S1 and stored into the storage area
10 TmpM at step S4) is output as data #RAM3 and fed to the
selector 31 to be selected thereby. The data selected by the
selecfor 31 (i.e., the lower-limit wvalue of the correlative
lnoise signal BWR having the negative sign added thereto) is
then sign-converted (i.e., the negative sign is inverted into
15 the positive sign) and fed via the gate circuit 34 and delay
circuit 35 to the B input of the arithmetic unit ALU3.
Consequently, the arithmetic unit ALU3 adds together the
lower-limit value of the correlative noise signal BWR with fhe
positive sign fed to the B input and a part of the values
20 obtained by scaling the allowable variation width data of the
correlative noise signal BWR with the low-pass noise signal
LPF (total sum of the partial products for the odd-numbered
bits) fed to the B input. The additioh result is delayed by
a total time coiresponding to two clock pulses and then output
25 from the shifter 39 at the timing of step S20 to be fed as
data #3 to.thé selector 30. '
At next step S19, the total sum of the partial products

for the even-numbered bits is delayed by a total time



- 87 - circuits 33, 35, 37, overflow underf |ow controller 38 and shifter
39 is also further delayed through the delay circuit 40 by a tine
corresponding to one clock pulse and then tenporarily stored into the
storage area TnpM of the current 5 - channel, of the nenory RAMB at
subsequent step S4 which will be |ater described. At this step S1
as- well, the overflow underflow contrqlder (OF/ UF) 38 functions as a
limter and the shifter 39 does not performshifting so as to allow the

i nput data to pass therethrough unprocessed. 10 In the conbi ned

functi onal &ﬁésﬁéﬁ&m% 86 B cldckt frui1eRsy adndnsheh suepubl fron edond
to the route along which coefficient data read out froma coefficient table
TB2(S1) in shiftemnd® attbhéhtipingnofesthf\\SR2O addded wixitdrerarintorethe
unit ALU3(S1), to the correlative noise signal BWR obtained 15 in the
precedi ng cyegistexr REG3 n(sedcitemn(chveftBigbylidverter INVL(S1). The
operation result _of the arithmetic unit ALU3(S1) is fed to a limter 38(Sl)
to undergo a prelet EharvRedn ftame (proapds(b) of Fige Ll &t sexy \wajes])

CorToRanISLf {adinghl o e BUULI0 Ll fepaLl e SLON DXARE 20 e L1,
o e ok Rl i LS o MO R T 405548
L e TP G, e ortchibr RUALL RIS, DYy gt o o5
the example of Fig. 6, the selector 30 selects the data #3,
so that the operation result of step S18 is fed to the A

10 input of the aéithmetic unit ALU3. Meantime, the selector 31
selects the data #REG3 from the register REG3, so that the
total sum of the partial prodﬁcts for the even-numbered bits
calculated at step S17 is fed to the B input of the
arithmetic unit ALU3. '

15 Consequently, in the arithmetic unit ALU3, the remainder
of the "values obtained by scaling the allowable wvariation
width data of the correlative noise signal BWR with the low-
pass noise signal LPF" (total sum of the partial products foi
the even-numbered bits) (data fed to the B input) is added to

20 the value obtained by adding the part of the "values obtained
by scaling the allowable variation width data of the
correlative noise signal BWR with the low-pass noise signal
LPF" (total sum of the partial products for the odd-numbered
bits) to the lower-limit value of the noise signal BWR with

25 the positive sign (data fed to the B input). In this manner,
the "values obtained by scaling the allowable variation width
data of the correlative noise signal BWR with the loﬁ—pass

noise signal LPF" are added to the "lower-limit value of the



arithmetic unit ALU3 of Fig. 6, to obtain an upper-limt value of the

al'l owabl e variation range of a correlative noise signal -88- in order to
control the noise formant bandwi dth. As shown in itens (a) and (b) of Fig.
11, data based on paraneter NBW designating a noise bandw dth is set to be
fed to the Ainput of the arithnetic unit ALU3, and a correlative 5 noi se
signal BWRis set to be fed to the B inpyp of the arithnetic unit ALU3,
simlarly to step S1. The operations of “Step S2 are different fromthose of
step S1 in that an operation is perforned for adding a positive sign "+" to

the out put dakredhtite helLset eigral EWRIequenigryviides aarmdwinmbrrelldtivein t
ALU3 adds the data based on paraneter NBWto the correl ative noi se signal
BWR obt ai nedoaset sggpatcBiRng Thel tcotreldeiebyneiseisitgnal (BWRY -output

val ue of the allowable variation range of correlative noise signal BWR with
t he positi véreingbhedeetithietis ginits ALU3 is,| pftee be#BIndelryied « FRF@MID| ock

diagramof Fig. 12, the operations of step S2 correspond to t rout ¢ al ong
whi ch coef f tBPefieldit sCLeaw BBt 313rrorﬁ§he3§oef4fq cPEnd tE‘B'F%fT q@i’) tpe
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of the memory RAM3 at the timing of step S2 for the next
channel.

The correlative noise signal BWR. prepared in the above-

10 mentioned manner and written in the memory RAM3 is read out

‘at steps Sl and'SZ of the third digital signal prodessor DSP3

in the next cycle for the current éhannel and utilized for

renewal. The correlative noise signal BWR written in the

memory RAM3 is also read out at predetermined timing, passed

15 - thfough the delay circuit 41, converted by the linear/log

converter 42 into logarithmic form, then sent via the delay

circuit 43 to the data bus DBUS as data #RAM3L, and finally

fed to the fourth digital signal processor DSP4 for use in
noise formant sound synthesis.

20 In the combined functional block diagram of Fig. 12, the

| operations of steps S18 to S20 correspond to the route along

which the output of an arithmetic unit ALU3(S4), i.e., the

lower-limit value.of the correlative noise signal BWR with the

negative sign is inverted to the positive sign, added to the

25 output of a multiplier MULT(S6 to S17) by-an arithmetic unit

ALU3(S18, S20) and stored into a memory RAM3(S20) functioning

as a shift register(S/R). The correlative noise signal BWR

read out in the next sampling time from the memory RAM3(S20)



(4) Qperations of Digital signal processor DSP3 at Step S3 At step S3,
operations are perforned, in conbination 25 W th subsequent step S5, to a
obtain | ow pass noi se signal LPF by subjecting a white noise signal WNto a
| ow- pass filtering process. As shown in itenms (a) and (b) of Fig. 11, a

whi te noi se - 89 - signal WWis set to be fed to the A input of the
arithnetic unit ALU3, and a | ow pass qph signal LPF is set to be fed to
the B input of the arithnetic unit ALUB.%ﬁbre specifically, in the exanple
of Fig. 6, the 5 sel ector 30 selects a white noise signal WN out put
from the whighackebaengeRey atHy SRifvhre§isset 18/R) edsviconivexrtee dyy ctheui t

33 to the Ainput of the arithnetic unit ALU3. A | ow pass noi se signal LPF
i s read out lfinear#lsgocaneestesr, 42 cintw\e faganidihod csvgdale ttPFbefouwtput
current channel, of the 10 menory RAMB and sent as data #RAMB to the
sel ector 31tpo the siatstlbwst BBUEhpndAisa halse | ugeddirr wenedInayht #962asi gn
is given to the gate circuit 34, so that the | ow pass _noise signal LPF with
the negati v&#ishgn §H&eﬁhﬁﬁéréﬂS}F§lp§§§éﬂlvP§°Fﬁ€58€lQ§P@Prcyit 35 to the B
Pt Ok {1, 15 e LLMIEE £ 80k Al BRISIBHE e HERGHEATELEE, B¢
obtained at ;{hg BLECed! BRrENE! fa1a-Ifn PUBTRGH UL MU E1OL-806502 may
be employed as the above-mentioned noise formant sound
synthesis method which controls the skirt portion and
bandwidth of noise fbrmant independently of each other by use
10 of noise formant controlling parameteré NRES, NSKT, NBW, and
therefore reference may be made to the publication, if
necessary, for further details of the method.
--Exemplary Operations of Digital signal processor DSP4
Related to Formant Sound Synthesis--
15 - Exemplary operations at various microprogram steps
performed by the fourth digital signal processor DSP4 of Fig.
7 will be aescribed with reference to Fig. 13. Similarly to
the example of Fig. 9 relating to the first digital signal
processor DSPl, one cycle of the microprogram comprises 21
20 steps, i.e., steps SO to S20, and one step corresponds to one
cycle of the system clock. One cycle of the microprogram
corresponds to one channel timing of Fig. 8, and the program
is executed for 18 channels time-divisionally as shown in Fig.
8. In Fig. 13, item (a) indicates data set to be fed to the
25 A input of the arithmetic uﬁit ALU4 of Fig. 7, item (b)
~ indicates data set to be fed to the B input of the arithmetic

unit ALU4, item (c) indicates the contents of data #1 to be

output from the overflow/underflow controller 56 of Fig. 7,



arithmetic unit ALU3 is del ayed through the delay circuits 33, 20 35, 37,
overfl ow underflow controller 38 and shifter 39 by a total delay time
corresponding to two clock pulses and then output- as data #3 at step
Sb. At step S3, the overflow underflow controller 38 functions as a
limter and the shifter 39 perforns down-shifting on the basis of 25
paranet er NSKT designating a flaring Qhaa? of the skirt portion of a noise
spectrum The paraneter NSKT correspondS to a | ow pass coefficient, and the
down-shifting corresponds to coefficient nultiplication process. - 90 -
In the conbited {danctindichtesodhedicgitanty df gdatd, tohbeopariattemsimto st ep
S3 correspond to the route along which white noise signal WN fromwhite a
noi se generther rggyisder sRBGERlcdf Hign & i tdamdt itemni (e LBdEpteso thee

| ow-.pass noise 5 signal LPF obtained in the preceding cycle and having

t he sign i neenteatsyofirdata dra arijthen dpto the 69@i§#¢6nR¥'§éu'Pf Bigar’-

arithnetic unit ALU3(S5) is subjected to a_predetermined limtin rocess
in a |initefigg(58) ispravsenbined, funstiegads blaogh fdtlar%'gﬁ“bt’e]rl‘{%‘%?é)t“d?gthe

|t b QpBMLAIEL Lt end WHESE) as SOEETSRONE bockler BORAGE, O
7o) BibatS) sBISHELGAT R i Oh B PRGERSERE WThzciP

synthesis process (however, a digital mixer ALUl&RAM1(S1l1,
" 812, S19, S20) concerns operations in the first digital signal
processor DSPl). Similarly to Figs. 10 and 12, Fig. 14 does

10 not show the actual hardware circuit structure.
(1) Operations of Digital signal processor DSP4 at Step SO
Step SO performs part of operations for preparing a
periodic functional waveform to create a first-group formant

sound waveform. |

15 - As shown ?n items (a) and (b) of Fig. 13, at this step,
first-group center frequency phase data PGfl is set to be fed
to the A input of the érithmetic unit ALU4, while no data is

set to be fed to the B input of the unit ALU4.
More specifically, first-group center frequency phase
20 data PGfl of the current channel is read out from the memory
RAM1 at predetermined timing. The read-out phase data PGfl
is sent, as data #RAM1l, from the first digital signal
processor DSPl of Fig. 5 to the data bus DBUS, by way of
which it is then input to the fourth digital signal processor
25' DSP4 of Fig. 7 to be fed to the rhythm sound generator 52.
In accordance with rhythm sound generation on/off parameter

RHY, the rhythm sound generator 52 outputs the phase data PGfl

after disturbing its phase when in the mode to generate rhythm



15 arithmetic unit ALU3 of Fig. 6, to obtain an allowable variation

range of a correlative noise signal in order to control the noise formnt
bandw dt h: As shown in itens (a) and (b) of Fig. 11, data #3 is set to be
fed to the Ainput of the arithnmetic unit ALU3, and 20
to be fed to the B input of the arithnmetic unit ALU3. Mre specifically,

t he exanple of Fig. 6, the operation re t _data of step S2 (the
upper-limt value of the allowable variation range of correlative noise

si gnal

BVIR)

is 25 fed as data #3 to the selector 30 to be sel ected

data #REG3 i s set

in

t hereby, angdotih c£l&c) efefl@issiont $6ind Byl Mt wiken dedeyinisudh ta Iode, t he

A input of the arithnetic unit ALU3. Meanti ne,
step S1 (thehéowhythmridoursi ugenérater abRowaltdputs thélphasar idattaorPGEhge
of correlative noise signal BWR with the negative sign added thereto) is

fed to the withoubrdigtuxbing sdisc pheget-heThephasel date EEfdcoetputitfrom
then fed via the delay circuit 35 to the B input of the arithnetic unit

ALUS.

5

the Thythl RONRS INRFaR9R (fetisc £6Ai toAths SebeFhersSQ Hhich

lower-1jimt value of the_ allowable variation range fromthe upper-limt
val ue of thésraﬁﬁefﬁﬁ?aﬁ§;o°3P§9$d§°tﬁ§¥ﬁq§) eCYEPY tBBFaréﬁﬁgyﬂg%ﬁeen
t he upper -
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selector 51. :
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Thus, the first-group center frequency phase data PGE1
with its phase disturbed or undisturbed in accordance with the
rhythm sound generation on/off parameter RHY is sent via the
delay circuit 53 to the arithmetic unit ALU4 to - pass
therethrough unprocessed, and then fed to the B input of the
selector 64 by way of the delay circuit 55, overflow/underflow
céntroller 56, delay circuit 61, log/sine table 62 and deiay
circuit 63. |

Consequently, the selector 64 selects the data fed to
the B input in response to the above-mentioned operation at
step SO. In this way, the first-group center frequency phase
data PGfl processed at step SO in the above-mentioned manner
is selectively output from the selector 64.

In accordance with fundament§l waveform designating
parameter WFl, the waveform shifter 60 performs a phase
manipulation process to shift the phase value of the center
frequency phase data PGfl or to set the phase value to "O"
for a specific portion. This process will éompletely change
a time-varying characteristic of phase value of the phase data
PGfl, so as to optionally change the fundamental waveform of

waveform data, from a simple sine waveform to a complex

the operation result data of



The operation result is delayed through the delay circuits 33, 35, 37 by a
total delay tine corresponding to two clock pul ses, down-shifted by the
shifter 39 by one bit and witten into the register REG3 at subsequent step
S6 which will be 15 | ater described in detail (see item(d) of Fig. 9).
In the conbined functional block diagramof Fig. 12, the operations of step
S4.correspond to an arithnetic unit ALU%&E&L. (6) Operations of Digital

si gnal processor DSP3 at Step S5 20 As shown in itenms (a) and (b) of
Fig. 11, at step Sb, data "3 is set to be fed to the A input of the

arithnetic yaiverBh3 whiehl 08 Pesa &0t Srcn anal 1dg7 Sinesenble b2 badthe the
B input of the arithnmetic unit ALU3. Mre specifically, in the exanple of

Fig. 6, thebdgis oF atiedichithgesl phmsEe athtd tds twicl bpee ataberrdestrideda of
step S3 (i.e., value obtained by subtracting the preceding-cycle | ow pass
si gnal LPF Moo specidfpoaliit éfn@hsepbagﬁagam thgesvaréesi #y fheimple
subtraction result to the coefficient operation - 92 - process based on
t he paranetéﬂnﬁsﬁTFa&ﬁGrSePeéﬁ@Piﬁi§1H§tH?V?hﬂliﬁugesEﬁégtgﬂtaaPaw?geFed

ia the del ircuit 33 to the A f the arithnmetic uni
Neant i . | o Fhes PRPE. ek gn SLmERFaPLoP OB e BRRL FFOTTAY s OBr McoRY caoher
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log/sine table 62 receives the phase data processed by the
waveform shiftef 60 and reads out sine waveform amplitude
value data in a logarithmic value corresponding to the wvalue

10 of the received phase data. Thus, there is output periodic
functional waveform data in a logarithmic valﬁe which
corresponds to the phase data of formant center frequency.

The logarithmic waveform data output from the selector
64 is passed through the shifter and log/linear converter 65

15 without being processed'thereby,-and is theﬁ, after being
delayed through the delay circuits 53, 55, 61, 63 by a total
delay time corresponding to four clock pulses, written into
the  register REG4 at the timing of step S4 which will be
described later (see item (d) of Fig. 13).

20 © In the coﬁbined functional block diagram of Fig. 14, the
_operations 6f step SO correspond to the route beginning at a
noise imparted 52(S0, S10), where the noise imparted 52(SO,
S10) corresponds to the hoise generator 52 of Fig. 7, an
arithmetic unit ALU4(SO, S10) corresponds to the arithmetic :

25 unit ALU4 of Fig. 7, and a shifter and log/linear converter
60&62(S0, S10) corresponds to the waveform shifter 60 and
log/sine table 62 of Fig. 7. The center frequency phase data

PGfl received from the first digital signal processor DSPl is



and the selected data is inparted the positive sign and then passed via the
délay circuit 35 to the B input of the arithnetic unit ALU3. 10
Consequently, the arithnetic wunit ALU3 adds the coefficient-operated
data to the | ow pass noise signal LPF obtained in the preceding cycle. The
addition result of the arithmetic unit ALU3 is del ayed through the del ay
circuits 33, 35, 37, overflow underflow %%ntroller 38 and shifter 39 by a
15 total delay time corresponding to tmo cl ock pul ses, further del ayed

t hrough the delay circuit 40 by a one-clock-pulse tine and then stored into
the storagecahegolles, Sbgﬂﬁhdiﬂbigetimpamté@nSZCSapnle)ofﬁduhanﬁmﬂysRANB
at subsequent step S8 which will be | ater described. In this way, by the
conbi ned 20phaspaiistunisediorsueddisE8rhed B% acdurdance widhsehyithmasowdd i s
subjected to a lowpass filter operation process, and the resultant

| ow- pass fi beperatipnion/off pargnefersRHY), sma%ﬁ%ahrpmh Shetaxtehmetict he

menory RAMB. In this case, the nmenory RAMB functions to delay the |o gass
noi se si gnaMEPFABY46RE. 2§10)S&H§P€“ﬁ Reing Progesfad Jheraby s ¥$

58 TSR, A o A A
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of Digital pFocessor
above-mentioned process based on the parameter WFl is applied

to the phase data PGfl, so that sine waveform data in
logarithmic form is ultimately read out in response to the

10 controlled phase data PGfl.
(2) Operations of Digital signal processor DSP4 at Step S2

Step S1 will be described after step S2 since step S1
concerns operations continued from a preceding channel. '

Step S2 performs operations for preparing a window

15 function waveform to create a first-group formant sound
waveform.

As shown in items (a) and (b) of Fig. 13, at this step

. 82, first—grbup window function waveform phase data PGwl is

set to be fed to the A input of the arithmetic unit ALU4,

20 while no data is set-to be fed to the B input of the unit
ALU4.

More specifically, first-group window function waveform
phase data PGwl of the current channel is read out from the
memory RAM1l at predetermined timing. The read-out phase data

25 PGwl is.sent, as data #RAM1l, from the first digital signal
processor DSP1 of Fig. 5 to the data .bus DBUS, by way of
which it is then input to the fourth digital signal processor

DSP4 of Fig. 7 to be fed to the rhythm sound generator 52.



S6 to S17 At steps S6 to S17, operations are perforned for scaling 5 t he
al'l owabl e variation width data of correlative noise signal BWR obtained at
step S4 by use of the | ow pass noise signal LPF (assunmed to be 12-bit data
in the follow ng description) stored in the register AREG at step S2, by
serially multiplying the allowable variation width data by the | ow pass 10
notse signal LPF. The | ow pass noise si _LPF processed at step SO in the
above-nentioned nmanner is stored into t egi ster AREG at step S2 and
converted into serial formby the parallel/serial converter 37 to be

serially ougpUth$§ desd) tthd rhythi Sbuh®\Ydiissa s dnyofpashREtel REYI 'S

| owermost bit, within a 12-cl ock-pul se period fromstep S6 to step S17.
First, at stiafiSétess "SOFFW) iso ithats tie) wilitdw)fuictich WdveformlapRakée set
to be fed to the Ainput of the arithnetic unit ALU3, and partial product
dat a #REG3 8bRR PSwiectist pabsed(to thd seledbtoB HOpwitbdéuthbeingt chahBedMor e
specifically, in the exanple of Fig. 6, the selector 31 is supplied with

t he operatiéﬁ theurhyghmasennd: gpnexgatereS52. daThe| aaleateye50f isheaused

al lomable variatjon wi dth of the correlative noise signal DAR_which will
be her ePnaf £8rsekect jhe geka #BANY . at- e I ViRAN FUption WAVEAPE™) Phagq

t he sel ector, %1 §§|$Cts this data. The selected data is given the positive
sign and thgﬁ randféarred to the gate circuit 34. To the control input of

the gate CirCUitT%%Qf;éﬂge@iésthroup window function waveform phase
data PGwl is sent via the delay circuit 53 to the arithmetic
unit ALU4 to pass therethrough unproceséed, and then fed to
10 the ﬂ_input ofzthe selector 64 by.way of the delay circuit
55, overflow/underflow controller 56, waveform shifter 60,
delay ciréuit 61, log/sine table 62.and delay circuit 63.
Consequently, the selector 64 selects the dafa fed to
the B input in response to the above-mentioned operation af
15 step S2. Thus, the phase data PGwl processed at step SO in
the above-mentioned manner is selectively odtput from the
selector 64 by way of the delay circuit 55, overflow/underflow
controller 56, delay circuit 61, log/siné table 62 and delay
circuit 63. At step S2, the waveform shifter 60 down-shifts
20 the phase value of the window function waveform phase data
PGwl by one bit, in or&er to cause the log/sine table 62 to
output, as a window function waveform, a first half of a sine
wave from the log/sine table 62 in response to one cycle of
the phase data PGwl. Thus, the log/sine table 62 reads out
25 the logarithmic value of a sine waveform amplitude iralue
corresponding to the down-shifted phase value of.the window
function waveform phase data PGwl. In this manner, the first-

group window function waveform is provided in a logarithmic



- 94 - signal, indicative of the first bit of serial |ow pass noise signal
‘SLPF fromthe parallel/serial converter 37. The gate circuit 34 outputs
"0"s when the first bit of serial |ow pass noise signal SLPF is "0" but

out puts the val ue of #REG3 when 5 the first bi.t of serial |ow pass noise
signal SLPF is "1", so that a nultiplication is perforned for obtaining a
partial . product between the above-nenti d_al | owabl e variation width data
and the |l owernost bit of the | ow pass nOi'se signal SLPF. The rultiplication
result is sent via the delay circuit 35 to 10 the B input of the
arithnetic ya1teALU3. The arithnetic unit ALU3 functions to adds the
partial products obtained by the serial nultiplication. At the first two
steps S6 and S7, Meantima, i Sofmaht edurel Akimtuthafatherhstibnizsignating\l U3
so that the partial product data fed the 15 B input of the arithnetic
unit ALU3 i pandhebed $KT pissuptehifted o onprivtesetal. thicontrgblenstdé t he
partial product is delayed through the delay circuits 35 and 37 by a total
del ay tine @Bdrthernfedgte ctheoskifeer RRQ ckog/fhinean eonyerter b%e, Afe

0o 1 S PYLBM 20 | LIS SRR, A0 AR08
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after step gnere it is up-shifted by 2 X SKT bits in accordance with the
skirt éharacterisfic designating parameter SKT up-shifted by
10 one bit (i.e., 2 X SKT). Namely, "(i X SKT) °* log sine
| (PGwl)“ is executed, which signifies that the logarithmic
value 1is converted into a waveform of sine(PGwl) in
antilogarithmic representation. This means that the window
function waveform sine(PGwl) is subjected to a waveform'
15 conversion of 2" to become a window function waveform having
a flaring skirt portion. The logarithmic data of the thus-
obtained window function half-waveform of sine wave is, after
. being delayed through the delay circuits 53, 55, 61, 63 by a
total delay time corresponding to four clock pulses, written
20 into the register REG4 at the timing of subseqﬁent step S6
which will be described in detail later (see item (d) of Fig.
13). At this step S2, the shifter and log/linear donvertef
65 fﬁnctions as a shifter as mentioned earlier, and not as a
log/linear converter.
25 In the combined functional block diagram of Fig. 14, the
operations of step S2 correspond to the route beginning at an

arithmetic unit ALU4(S2, S12), where the arithmetic unit

ALU4(S2, S12) corresponds to the arithmetic unit ALU4 of Fig.



the data #3 is selected by the selector 30 and fed to the A input of the
arithnetic unit ALU3. The reason why the - 95 - partial product output
fromthe unit ALU3 is down-shifted by the shifter 39 by two bits is to

adj ust the data weighing to match because the data #3 is added to the

cal cul ated partial product (i.e., data at the B input of the unit ALU3) two
bits 5 upper than the data #3. At next, s4 ep S7, amultiplication is
performed, in the gate circuit 34, between the above-nentioned al |l owabl e
variation width data #REG3 and the second | owernost bit data of the

| ow- pass noise sagnshiftEr. dRa MilineRlA1erf | ornwvsttdr 1060862(82| aysd2hy a
time corresponding to two clock pul ses, down- shifted by two bits and

out put as datcerré&EspaindslbteecdhenwavefprBOshhf tér Vo0 |arkk log/evinge dabllec®2i,n
detail (see item(c) of Fig. 11). At next step S8, a nultiplication is
performed, iand ha shiftgat 6503%2,cubl2)3cornespangs toe theboskifiteri endd

al l owabl e variation width data #REG3_and the third | owernost bit data of:

the | ow pasd

ot ldeay genverper 68 ehFHg- f-i t The (@9ntaT Er§IUenCY,Phagen of

steps S8 to S18, data #3 oqutput fromthe shifter 39 s selected by the
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without being processed <thereby, fed to the shifter and
linear/log converter and shifter 60&62(S2, S12) to be down-
shifted by one bit and converted in a logarithmic wvalue of a
sin wave, and up-shifted by predetermined bit via the shifter
65(S2, S12) in accordance with the parameter SKT.

(3) Operations of Digital signal processor DSP4 at Step S5

. Step SS performs operations for contrélling the tone
volume level of frequency function waveform data corresponding
to the first-group formant freduency.

As shown in items (a) and (b) of Fig. 13, at this step,
tone volume level data LVL1 is set to be fed to the A input
of the arithmetic unit ALU4, while data #REG4 is set to be
fed to the B input of the unit ALU4.

More specifically, tone volume 1level data LVL1 in
logarithmic form of the current channel is read out from the
memory RAM2 of the second digifal signal processor DSP2 at
bredetermined'timing. As mentioned earlier, this tone volume
level data LVL1 has been imparted an envelope waveform. The
tone volume level data LVL1 is sent to the data bus DBUS, by
way of which it is input to the fourth digital signal
processor DSP4 of Fig. 7 to be fed as .data #RAM4 to the

seiector 50. At step S5, the selector 51 is caused to select



of the | ow pass noise signal SLPF (data at the B input) are added together
by the arithnmetic unit ALU3 so as to provide 25 a sumof the partia
products. The sum of the partial products output fromthe arithnmetic unit
ALU3 is, after being delayed through the delay circuits 33, 35, 37 by a

t ot al delay time corresponding to two cl ock pul ses, passed through - 96
- the overfl ow underflow control |l er 38, 1-shifted by the shifter 39 by
two bits and output as data #3 at subsequent step S10 which will be later
described in detail (see item(c) of Fig. 11). 5 At next step S9, a
nul tiplicat itple idgateesRaMzEdd. e ,t Rongaveluinec Widveld datel MAMIL .t he
above-nentioned all owabl e variation width data #REG3 and the fourth

| ower nost bit datMearftitmes |tive pdegarditbmici gradlueS @fta Aoft hHile spepiéfict he
data #3 corresponding to the partial product for the second 10 | ower nost
bit-of the Huncgion wavafoymebtsh i 9tsartep &P bgnt khesdasdiisproBothad
fed to the A input of the unit ALUS3. Thus the partial product for the
second | onefAESEt-grougs cemteryfneauensy; fhage, taSL]?f#f d’a?as'é?r?ﬂelﬁto

t dth t | t f t he f h | t t h
EPU) Bue he Aoyl l?ﬁ £t Lo %eﬁﬁgﬂtftfugr% Pulhns rertes shEo”?eS
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bei ng delay%%.thﬁﬁﬁggéﬂaétor 51 is caused to select this data #REG4¢
 Thus, the arithmetic unit ALU4 adds together the
logarithmic value of the periodic function waveform of the
10 formant center frequéncy and the tone volume level data LVL1.
From the antilogarithmic viewpoint, this is equivalent to
multiplying the perioaic function waveform by the tone volume
level data LVL1 to thereby impart a toné volume envelope to
the waveform.
15 The operation result of the arithmetic unit ALU4 is,
after being delayed through the delay circuits 53, 54, 55 by
a total delay time corresponding to two clock pulses, passed
through the overflow/underflow controller 56, and output as
data #4 at the timing of subsequent step S6 which will be
20 described later (see item (c) of Fig. 13).

In the combined functional block diagram of Fig. 14, the
operations of step S5 correspond to the route along which the
logarithmic wvalue of a periodic function waveform from the
shifter and 1linear/log converter 60&62(S0, S10) and tone

25 volume level data LVL1 in logarithmic form from the second
digital signal processor DSP2 are added together by an
arithmetic unit ALU4(S5, S15). '

(4) Operations of Digital signal processor DSP4 at Step S7



delay circuits 33, 35, 37 by a total delay tine correspondi ng 20 to two
cl ock pul ses, passed through the overfl ow underfl ow controller 38,
down-shifted by the shifter 39 by two bits and out put as data #3 at
subsequent step S11 which will be | ater described (see item(c) of Fig.
11). Simlarly, at subsequent steps S10, S12, S14 and S16, 25 parti al
products for odd-nunbered bits fromthe wer nost bit are sequentially
obt ai ned, and the sumof the partial products so far obtained are

cal culated. A total sumof such partial products for the odd-nunbered bits

cal cul ated at stgpepbs7 perfornly oped@tdyds Epramtbtiplying tive rpspiodiacg to
two cl ocks and then output as data #3 fromthe shifter 39 (item(c) of Fig.

11) . Li kew Senctiosuhaegfent aehsg SHe QiIBtr&iEed b8l volume ienveleprict s
for even-nunbered bits fromthe |owernost bit 5 are sequentially,

obt ai ned, andrzespondihg par thel fprmans: sengerafreguenesd by sha windeed.

A total sumof such partial products for the even-nunbered bits, cal cyl ated
at step 17 fungbiepspysfern orrespenddng &opbhaiRireh ot §oRL kR %’nge’f hen
out put as data #3 fron1tge %gif%er-BQ (iten1é%) of Fig. 1%§r 10 By
the abo¥e- nEAt gBREHALE: FAf FLFEEpoTeup; SAE BRFWERHPEHESYPFB ®Al e variation -

LT et 0 | B BABReShoReBAInth) LEfa (HF aFLEYRD) foy it othdg pes!
varying | owgpass #30i;3f sd@ngd bEF£elOURY S¢he SA NERphIES P& | &FSthie L ST ep
unit ALU4, while data #REG4 is set to be fed to the B input
of the unit ALU4. .

10 More specifically, the logarithmic value data of the
periodic function waveform having the controlled tone volume
envelope corresponding to the formant center frequency which
has been processed at step 5 is output as data #4 at step s7,
tﬁo clock pulses after step S5, and the selector 50 is caused

15 to select this data #4.

Meantime, the lbgarithmic value data of the window
function waveform obtained at step S2 on the basis of the
first-group window function waveform phase data PGwl is stored
into the register REG4 at step S6, four clock pulses after

20 step S2, and the selector 51 is.caused to select this data
#REG4. | .

Thus, the arithmetic unit ALU4 adds together the
logarithmic values of the periodic function waveform and
window function wavefofm. From the antilogarithmic viewpoint, .

25- this is equivalent to multiplying the periodic function
waveform corresponding to the formant center frequency
function by the pitch—correspoﬁding window function waveform

to thereby perform an amplitude modulation operation for



15 S17 obtain the total sumof the partial products for the odd- nunbered
bits and the total sumof. the partial products for the even-nunbered bits
separately, it is necessary to further add together the two total sunms in
order to obtain an ultimate scaling result (ultimte multiplication
result). The 20 above-nenti oned operations of steps S6 to S17 correspond
to-the function of multiplier ALU3(S6 t% gl in Fig. 12. (8) Operations of
Digital signal processor DSP3 at Steps f to S20 As shown in itenms (a) and
(b) of Fig. 11, at step S18, 25 data #3 is set to be fed to the A input
of the aritbynthésmﬂithhU@irsmdgﬂeup sbpmanti waswefomosdgnadt or age area of
the menory RAMB is set to be fed to the B input of the arithnmetic unit
ALUS. - 98 - Ponsegpeoitiycalthe seladkorxbhpselettsi fhes datise fgsbrtei on
result of step S16 (i.e., the total sumof the partial products for the
odd- nunber e@bsi t“s)lnmﬂf ckh (xegnRNse| et the AP Hienkiered PR i akd

the selected data_is 5 then fed via, the del circuit 33 to he A In ut of
t he arlthneﬁlepuﬁVt ATHs, Nﬁﬁﬁt?ﬂﬁllﬁggﬁ.%?%¥ t+?PeF?%%£Br QoYL ar ea
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nto the st eaégﬁlers?sﬂ, &erfﬁwmaﬂ%vﬁébnmww% ahalabiagRoMBeand fed

57, to the log/linear converter 58 where it is converted into
an antilogarithmic value. The resultant converted
antilogarithmic value is output from the selector 64 by way
10 of the delay circuit 59.
The antilogarithmic value data 6utput from the selector
64, i.e., the result of +the above-mentioned amplitude
modulation operation is passed through the shifter and
log/linear converter 65 Witﬁout being processed thereby, and
15 sent to the memory RAM4 by way of the delay circuit 67.
Cbnsequently, the amplitude modulation result in
antilogarithmic form, i.e., waveform data of a synthesized
first-group formant sound is, after being delayed through the
delay circuits 53, 54, 55, 57, 59, 67 by a total delay time
20 corresponding to five clock pulses, written into the storage
area, for first-group formant sound waveform data TR1l of the
current channel,' of the memory RAM4 at the timing of
subsequent step S12 which will be described later in detail
(see item (e) of Fig. 13).
25 An example of the first-group periodic function waveform
based on the first-group formant center frequency phase data
PGfl is shown in item (a) of Fig. 18, and an example of the

first-group window function waveform based on the first-group



selector 31 to be selected thereby. The data sel ected by the selector 31
(i.e., the lower-limt value of the correlative noise signal BWR having the
negative sign added thereto) is then sign-converted (i.e., the negative
signis inverted into 15 the positive sign) and fed via the gate circuit
34 and delay circuit 35 to the B input of the arithnmetic unit ALU3.
Consequently, the arithmetic unit ALU3 925 together the lower-limt value
of the correlative.noise signal BWR mfiﬁ he positive sign fed to the B

i nput and a part of the values 20 obtained by scaling the allowable

variati on Wit dow Sindt 1 3 Gl fdtniphd@eNaata Pounals BYfowh tin theen qu pass

noi se signal LPF (total sumof the partial products for the odd-nunbered

bits) fed tert kegB iBuut . 18&R @eJi IOOFiesuls ishotkel ayredekgmpléood thHere

corresponding to two clock pul ses and then output 25 fromthe shifter 39
at the tim firot-gitayp SP6rmanbesbend avasafari3 generiacede byt iyl B lyingext
step S19, the total sumof the partial products for the even-nunbered bits
i s del ayed thesetwavgforme. The guitch @f dhprfdinattaroum fmeant gawmd and
then output fromthe shifter 39 at the timnmng of steE S20. to be witten
into the rcGREeEeTREEs asbalift /@) F the nagmal op EﬁBMfﬁ’ﬁ i @ and

(b) of Fig. 11, at next step 5 S20,.dat 3is,set tg.be fed. to t ' t
of the aritHh®t P&Etﬁpﬁ téliﬂ_ _,n%dnH‘BPﬁg# il oL 881 t 1B BT PEZ the P

firét—group formant sound waveform is twice as great as the
normal period. In the window fﬁndtion waveforms of items (c)
and (d) of Fig. 18, level "0" portions correspond to the flat

10 maximum phase value portions of the phase data PGwl and PGw2
of items (e) and (f) of Fig. 17.

In the combined functional block diagram of Fig. 14, the
operations of step S7 correspond to the route beginning at an
arithmetic unit ALU4(S7, S17), where the arith_metic unit

15 ALUA(S7, S17) corresponds to the arithmetic unit ALU4 of Fig.
7, a limiter 56(S7, S17) corresponds to the overflow/underflow
controller 56, a log/linear converter 58(S7, S17) corresponds
to the log/linear converter 58 of Fig. 7, and a register
RAM4(S7) corresponds to the kAM4 of Fig. 7. Gate Gl

20 indicates that the above-mentioned route is enabled only in
the formant sound synthesis mode. The arithmetic unit
ALU4(S7, S17) adds together the logarithmic value of the
periodic function waveform supplied from the arithmetic unit
ALU4(S5, S15) and the logarithmic value of the window function -

25 waveform supplied from the shifter 65(S2, S12) via the gate
Gl. The addition result is sent via the limiter 56(S7, S17)
to the log/linear converter 58(S7, S17) to be converted into

an antilogarithmic wvalue and then stored in a register



B_input of the arithmetic unit ALU3. More specifically, in the exanple of
Fig. 6, the selector 30 selects the data #3, so that the operation result
of step S18 is fed to the A 10 i nput of.the arithnetic unit ALUS.
Meantime, the selector 31 selects the data #REG3 fromthe regi ster REG3, so
that the total sumof the partial products for the even-nunbered bits
catcul ated at step S17 is fed to the B ijnput of the arithmetic unit ALUS.
15 Consequently, in the arithmeti'¢c unit ALU3, the renminder of the
"val ues obtained by scaling the allowable variation width data of the
correl ati verAmM4g879i.gnal BWR with the | ow pass noise signal LPF' (total
sum of the partial products for the even-nunbered bits) (data fed to the B
i nput) i s added5t)o G@erattilonss adfieDipi tabedignaddpirngessorpMSP4Lofat hetep
"val ues obtained by scaling the allowable variation wi dth data of the
correl ati veSA8i se signal BWR with the | ow pass noise signal LPF" (total sum
of the partial prqducts for the odd-nunbered bits) to the lower-limt val ue
of the noise sigRHMBARLY t ko255tepnheSBesi EEGR s?%ﬂ (BeYEormy tBathe ®f
input). . In _this nner, the "val yes obtained_hy scaling the allowabl
variati Bn wPHERSEAPRS,1E Ve ESPRERLED; V& REFLEO4E i eioR FRVEREPout Pass
noi se si gnal, LBk Q.r%e%ﬁlﬂg\%gﬁﬁu@:h%orlﬁ r sblifht w4dbg f the - 100 -
correlative nolse signa , to provide a new correlative noise signha
BYR. The "correl gheveopairatidheNabs BWePUlIHt are different from the

operations of step SO in that second-group center frequency

phase data PGf2 of the current channel is read out from the
10 memory RAM1 of the first digital signal processor DSP1l of Fig.
5 and then sent wvia the rhythm sound generator 52 to the
selector 50 to be.selected thereby.
Like the first-group center frequency phase data PGE1,
the second-group center.frequency'phase data PGf2 is processed
15 and delayed through the delay circuit 53, arithﬁetic unit
ALU4, delay circuit 55, overflow/underflow controller 56,
delay circuit 61, 1log/sine table 62, delay circuit 63,
selector 64 and shifter and log/linear converter 65 by a total
delay tome correspoqding to four clock pulses. However, at
20 . this step, the waveform shifter 60 perférms a phase
manipulation process based on second-group fundamental
waveform designating parameter WF2. Then, the processed data
is written into the register REG4 at the timing of subsequent
step S14 which will be described later in detail (see item.
25 (d) of Fig. 13).
In the combined functional block diagram.of Fig. 14, the
operations of step S10 correspond to the route beginning at

the above-mentioned noise imparted 52(S0, S10)



fromthe arithnetic unit ALU3 is, after being delayed through the del ay
circuits 33, 35, 37, 40 by a total delay tine 5 corresponding to three
clock pulses, witten into the storage area, for correl ative noi se signal
BWR of the current channel, of the nenory RAMB at the timng of step S2 for
t he next channel. The correlative noise signal BWR prepared in the above-
10 - nentioned manner and witten in the ygnory RAMB is read out at steps
S1 and S2 of the third digital signal processor DSP3 in the next cycle for
the current channel and utilized for renewal. The correl ative noise
signal BWR wri ttGen Opetdeiomsooy BAYRth3 alighaleasrondssir DSPEt aEnsted
timng, passed 15 t hrough the delay circuit 41, converted by the
linear/log &erter 42 into logarithnmic form then sent via the del ay
circuit 43 to the data bus DBUS as data #RAMBL, and finally fed to the
fourth digital siSfRilanlstcea?tesrE2s optereS1A perfernsr pnarationg for
synt hesis. 20 . In the_conmhi ned, functional_ block diagramof Fig. 12,
the operati OFRERFING & windey &ypctippal yayeforimhdq RERER oRgSRRPERt he

e., the lower-limt value of the

out put ij an aruitt}msrtictunitraLUB(vsafri. : _ er - |
correl atlvegﬁ%)l e ﬁm SRR P Y éir’fb’gatlve sign is inverted to the
D et 10 o, s S P, 32, 38 1 0 e e
functi oni ng A i €681 SE&ES Bro ﬁ%fﬂ&éﬁ'f&ﬁ&’éi?x?i‘%ﬁvé%g%' phiBe' ad
out in the next sanpling time fromthe nenory RAMS(S20 ,

data PGw2 of the current channel is read out from the memory

RAM1 of the first digital signal processor DSPl of Fig. 5 and

10 - then éenf via the rhythm sound generator 52 to the selector
| 50 to be selected thereby.

Like the first—group.window function waveform phase daté.
PGwl, the second-group window function waveform phase data
PGw2 is processed and delayed through the delay circuit 53,

15 arithmetic unit ALU4, delay circuit 55, overflow/underflow
confroller 56, delay circuit 61, log/sine table 62, delay
circuit 63, selector 64 and shifter and log/linear converter
65 by a total delay time corresponding to four clock pulses.
The processed and delayed data is written into the register

20 REG4 at the timing of subsequent step S16 which will be
described later in detail (see item (d) of Fig. 13).

In the combined functional block diagram of Fig. 14, the
pperations of step S10 correspond to the route beginning at
the above-mentioned noise imparted 52(S2, S12).

25 ~ (7) Operations of Digital signal processor DSP4 at Step
S13

Step S13 performs operations for pfeparing a periodic

function waveform corresponding to an unvoiced formant sound



- 101 - functioning as the shift register(S/R) is converted by the
linear/log converter 42 into a logarithmc value to be output to the data
bus- DBUS and is al so used for renewal of data within the third digital
signal processor DSP3. 5 The net hod al ready proposed by the sane
assi gnee such as in Japanese Patent Laid-open Publication No. HEl 4-346502
may be enpl oyed as the above-nenti oned ﬁg&fe formant sound synt hesi s net hod
whi ch controls the skirt portion and ba dt h of noise fornant

i ndependent|y of each other by use 10 of noise formant controlling

par anmet ers YBhterNSkéqubhy.and therefore reference may be nade to the

publication, if necessary, for further details of the nethod. --Exenplary
Operations of D gist ahosingria ipemses0)r andP4 Relal axligo Fy natt tlvbsngtep
Synt hesi s-- 15 Exemplary operations at various mcroprogram

st eps perfofidd benter frequendygphasesidgiia Rfwel an WOSRAiced FEgrmanti | |
be described with reference to Fig. 13. Sinilarly to the exanpl e of Flg. 9
rel ating t oSPHBAf LpsEedi §Pt he §?§n§9 EF%C%S%%PUEEP@ t@%ea€y5¥@95¥cthél

m croprQgra [ o S20, and one ep

2 SO
corresp ndsrA}"ﬁg‘oné7 %I é‘%’ %atq‘?es’tsﬁleg?s%?r: 9 okR. }_egs & gPRYe of the

nicroprogragbggrégaaonds to one channel timng of Flg 8, and the program
i s executed channel s tine-divisionally as showmm in Fig. 8. In Fig.

;-.;’?)I t Ih?rgm f:aLn: tndkl% egsfﬁ% g.l%?fl,tllfy?’e%r&)%% nﬁf%%?es aFgaggltoﬁac}%beﬁc%lgdofo

the B inputtfk Eherank! BABhNE1 is read out from the memory RAM1 of the
first digital signai processor DSPl at predetermined timing
10 and is sent, as data #RAMl to the data bus DBUS, by way of
which it is input to the fourth digital signal processor DSP4
of Fig. 7 to be fed to the selector 50 without being
processed by the rhythm sound generator 52. The selector 50
is caused to selects the data #RAM1l, i.e., center frequency'
15 phase data PGu.
| Thus, the center frequency phase déta PGu of the
unvoiced formaﬁt sound is sent via the delay circuit 53 fo
the arithmetic unit ALU4 to pass therethrougﬁ unprocessed, and
then fed to the B input of the selector 64 by way of the
20 delay circuit 55, overflow/underflow éontroller 56, waveform
shifter 60, delay circuit 61, log/sine table 62 and delay
circuit 63.
Consequently, the selector 64 selects the data fed to
the 8 input in response to the above-mentioned operation at -
25 step S13. Thus, the phase data PGfl processed in the above-
| mentioned manner is processed in the route extending through
the waveform shifter 60, delay circuit 61, log/sine table 62

and delay circuit 63 to the B input of the selector 64 and



uni t. ALU4,

overfl ow underflow controller 56 of Fig. 7, - 102 - item(d) indicates
the contents of data to be witten into the register (
item (e) indicates the contents of data to witten into the register
Fig. 14 is a conbined functional block diagramillustrating 5

of Fig. 7.

item (c) indicates the contents of data #1 to be output fromthe

a rmanner in which the fourth digital slqﬂﬁ%_processor DSP4 of hardware
Vel

structure as shown in Fig. 7 perfornms a _
a digital m xer ALUL&RAML(SII, S12, S19, S20) concerns operations

(however,

ef orm synt hesi s process

REG3 of Fig. 6, and
REG4

in the firstseliegited I8} Otlé $EDEECESD 6DPPED. thidY |€1d Y1d§aFi €mid Ovangdel?,
Fig. 14 does 10 not show the actual hardware circuit structure. (1)
Oper ati ons diathi gof ab giegriaidigr cbwesstiorDSPdvatofnerosteSpondIthgdctd OtRE

part of operations for preparing a periodic functional

waveformto create a

first-groupcedteanfrequsacyaphasendats PGu is ngadsiooin firom theslog)ysind (b)

of Fig. 13, at _this step,

first-group center frequency phase data PG1l is

set to be f&@PHE GFe TR OWPUTSf the arithnetic unit ALU4, while no data is
set to he fed to_the B input. of the unit ALU4. Mre_ specifically,
fi rst-gsoup cent efr]ﬁﬁ?éﬁ‘gé‘“ﬂﬁ‘as?’e"ﬁ? é"’l:?éﬁ SPgaAted Bhcther seheCERENhd

: d ' lmng. Th d- out
Gara Par1 | &% AL Rkrolh Bpe” FHR T #7000 lrer s diyerter P68°C

10

15

20 -

25

without being processed thereby, and then, after being delayed
through the delay circuits 53, 55, 61, 63, written into the
register REG4 at the timing of subsequent steb S17 which will
be described later in detail (see item (d) of Fig. 13).
| In the combined functional block diagram of Fig. 14, the
operations of step S13 correspond to the route of a log/sine
table 62(S13), where logarithmic value data of a sine waveform
is read out from the log/sine table 62(S13) in response to
the value of the phase data PGu supplied from the first
digital signal processor DSPl. |
If formént followihg control flag URVF coﬁtained in
parameters supplied from the microcomputer section COM of Fig.
1 is at "1", there is designated a mode where formant
frequency FORM, rather than unvoiced formant frequency‘UFORM,
is used as a center frequency for noise formant sound
synthesis. In this case, the control signal generating

section 6 reads out center frequency phase data PGfl or PGf2

of formant sound, rather than the center frequency phase data -

of unvoiced formant sound, as center frequency phase data to
be read out from the memory RAM1 of the first digital signal
processor DSPl for the operations of step S13. Thus, if the

formant following control flag URVF is at "1", step s13

S



processor DSP1 of Fig. 5 to the data bus DBUS, by way of which it is then
i nput to the fourth digital signal processor 25 DSP4 of Fig. 7 to be fed
to the rhyt hm sound generator 52. In accordance with rhythm sound
generation on/off parameter RHY, the rhythm sound generator 52 outputs the
phase data PG 1 after disturbing its phase when in the node to generate
rhyt hm - 103 - sound (i.e., percusslqﬂ¥fqynd), but when not in such a
node, the rhythm sound generator 52 outplt's the phase data PG 1 wi thout

di sturbing its phase. The phase data PG 1 output fromthe rhythm sound

generat or 5pdrForaie bpetaeisnt efd® prepatingha perisdiatfusictiicidwavetfeea t 0
sel ect the output data fromthe generator 52. On the other hand, no data is

sel ect ed by ddreresplorttimg b athumvdiued | fatmanbupoendt eenterqficequepbyse
data PG1 with its phase disturbed or undi sturbed in accordance with the 10
r hyt hm soundrg@agsendance ith phe agenterRfvequencyt phase atr| BGLLi peui t
53 to the arithnetic unit ALU4 to pass therethrough unprocessed, and then
fed to the &6 ofyfiermemt gOuWhS-ect or 64 by way of the delay circuit 55,
over fl ow underfl ow contro] | er

delay 1 cir dfl %ermugﬁt ng'!"?%?ecgégg orglft?fl & /°§i:{}§s}%£glaﬁag§eggg

to the [err]. znput in response to-the above-nentioned operation at step SO
In this may,]t e first-group center frequency phase '

Similarly to step S5, step S15 performs operations for
controlling the tone volume level of frequency -function
waveform data corresﬁdnding to the second-group formant

10 frequency. _

As shown in itemé (a) and (b) of Fig. 13, at this step
S15, tone volume level data LVL2 is set to be fed to the.A
input of the arithmetic unit ALU4, while data #REG4 is set to
be fed to thé B input of the unit ALU4.

15° : More specifically, tone volume level data LVL2 in
logarithmic form of the'current channel is read out from the
memory RAM2 of the second digital signal processor DSP2 at
predetermined timing. As mentioned earlier, thié tone volume
1evei data LVL2 has been imparted an envelope waveform. The

20 tone volume level data LVL2 is sent to the data bus DBUS, by
way of which it 4is input to the fourth digital signal
proceséor DSP4 of Fig. 7 to be fed as data #RAM2 to the
selector 50. At step S15, the selector 50 is caused to
select the data #RAM2, i.e., tone volume level data LVL2.

25 | Meantime, the logarithmic value data of the periodic
function waveform obtained at step S10 on the basis of the
second-group center freduency phase data PGf2 is stored into

the register REG4 at step S14, four clock pulses after step



data P& 1 processed at step SO in the above-nentioned manner 20 is

sel ectively output fromthe selector 64. In accordance with fundanenta
wavef or m desi gnati ng paranmeter W1, the waveformshifter 60 perfornms a
phase mani pul ati on process to shift the phase value of the center frequency
phase data PG 1 or to set the phase value to "0" 25 for a specific
portion. This process will conpletely ghange a time-varying characteristic
of phase val ue of the phase data PG1l, S0 as to optionally change the
fundament al waveform of waveform data, froma sinple sine waveformto a
conpl ex 51004nd wvatputr & datteh #REGYe ftoml ttHe aradisrtdro REGhaat adtep 62
on the basis of the changed phase data as will be | ater described. Mre
speci fical | $15if The pkdectdat §lt isecausedstonsalecthplthiki deda #REGA., a
sinple sine wave will be read out; however, 5 if the phase data
time-varies intefRuSrenthg opTikhBAYi6: harlEonpl¥4 nadder  tegebhgrexthe
waveformw || be, read out The | og/sine table 62 receives the phase data

read s
processed byCPREIFBULFOVALYR Aferth)) RERLOILH s FHRCTiPRe WRNSELF M AhpF R ude

value data in a l.ogarithmd ¢ value corresponding to t lue 10 _ of the
acerved phasedpareRbuk, R orRegt T RERUERrkG A0 el Sobe \ESLEF
O er s ey AL BEEE tAlae W o5 Sesasndarkonhit plaagotite ehigoln,
i's passed thpaughibhe &b huttipidihgdithlen RiriCHIEiftiction waveform by
the tone wvolume level data LVL2Z to thereby impgrt a tone
volume envelope to the waveform.

10 The.operation result of the arithmetic unit ALU4 is,
after being delayed through the delay circuits 53, 54, 55 by
a.total délay time corresponding to two clock pulses, passed
thfough fhe overflow/underflow controller 56} and output as
data #4 at the timing of subsequent step S17 which will be

_ 15 described later (see item (c) of Fig. 13).

Iﬁ the combined functional block diagram of Fig. 14, the
operations of step S15 correspond to the route passing through
the arithmetic unit ALU4(S5, S15), similarly to step S5.

(9) Operations of Digital signal processor DSP4 at Step

20 S16 |

Step S16 perfofms operations for controlling the tone
volume level of correlative noise signal BWR.

As shown in items (a) and (b) of Fig. 13, at this step
S16, tone volume level data for noise LVLu is set to be fed

25 to the A input of the arithmetic unit ALU4, while correlative
noise signal BWR is set to be fed to the B input of the unit
ALU4.

More specifically, tone volume level data LVLu in



15 without being processed thereby, and is then, after being del ayed

t hrough the delay circuits 53, 55, 61, 63 by a total delay tine
corresponding to four clock pulses, witten into the regi ster REG at the
tikmng of step S4 which will be described later (see item (d) of Fig. 13).
20 In the conbined functional block diagramof Fig. 14, the
operations of step SO correspond to the %ute begi nning at a noise inparted
52(S0, S10), where the noise inparted 5 0 S10) corresponds to the noise
generator 52 of Fig. 7, an arithnmetic unit ALU4(SO, S10) corresponds to the

arithnetic ZégarﬂahhiALmrﬁf ofi the 'cufhénB SHahhEl PHUréad/ bhbefrom Other t er
60&62( S0, S10) corresponds to the waveformshifter 60 and | og/sine table 62

of Fig. 7. mémorgnRAM2f o ysedasi dhaght®Y &igeedi pedesmorn ISHE rat
digital signal processor DSP1lis - 105 - controlled, by the noise
i nparted 52psedetenpined kimdngts Jhise thne uvobumer levelsdatigedViu is
accordance with rhyt hm sound generation on/off paranmeter RHY, passed:

t hrough t hesapttFeethe dake SNURBYS. Swyay chowhipghi A§ fa?oé’@@'é'édt? HeRby,
ook B S0 BBidtest MERH oS LT i 42°
P oEesS, DoSBO D Al 4RS! ok Y| BAebREe PLESg Rl BB Ty
response togihg~10y 5601y UdfbPasesdpiée PEhd: data #RAM2, i.e., tone
volume level data for noise LVLu. '
Meantime, correlative noise signal BWR of the current
10 channel is read out from the memory RAM3 of the third digital
signal processor DSP3 at predetermined timing. The read-out
signal BWR is converted into logarithmic form, delayed through
the delay circuit 43 of Fig. 6 by a predetermined time and
then sent as data #RAM3L to the data bus DBUS, by way of
15 which it is input.to the fourth digital signal processor DSP4
of Fig. 7 to be fed to the selecfor 51 thereof. At step $16,
the selector 51 is caused to select the data #RAM3L, i.e.,
correlative noise signal BWR of the current channel.
'Thus, the correlative noise signal BWR in iogarithmic
20 form is added to the tonelvolume level data LVLu by the
arithmetic unit ALUA4. From the antilogarithmic viewpoint;
this addition is equivalent to multiplying the correlative
noise signal BWR by the tone volume level data LVLu to
thereby impart a tone volume envelope to the signal BWR.'
25 " The operation result ef the arithmetic unit ALU4 is,
after being delayed through the delay circuit 55 by a one-
clock-pulse time, passed via the overflow/underflow controller

56 to the selector 50 as data #4 at the timing of subsequent



(2) Operations of Digital signal processor DSP4 at Step S2 Step Sl will be
described after step S2 since step S1 concerns operations continued froma
preceding channel. Step S2 perforns operations for preparing a w ndow 15
function waveformto create a first-group fornant sound waveform As shown
initems (a) and (b) of Fig. 13, at this step S2, first-group w ndow
function waveform phase data PG is geizbo_be_fed to the A input of the
arithmetic unit ALU4, 20 while no data™’'s set to be fed to the B input of
the unit ALU4. More specifically, first-group wi ndow functi on waveform

phase data SRS ©fstieiwelt Khanairited dattetit(deon tdne (W FAM at
predeterm ned ti m ng. The read-out phase data 25 PGM is sent, as data

#RAML, fromahe first digital signal processor DSP1 of Fig. 5 to the data
bus DBUS, by way of which it is then input to the fourth digital signal
processor DSP4 ofnFthe donlwines ffathatdoned bﬂ?@#ﬁﬂé@gﬁémg@ﬁegégor1$2Jthe -
106 - In this case, the rhythm sound generation_on/off paraneter,

i ndi cat es "operationsinf step HlAJSHFEPRIRSG Fdher GPthShaéenﬁa‘tﬂél%? s

passed to the selector 50 w thout being changed by {he _ rhythm sound
gener at®r 5POTTREALEYRCPBESS0 sﬁlgn@&uﬂ% 5pr°“?o i<l Ei}}rgh%r?gi#ma]r e
w ndow function mavefBégéan etggt%oﬁGMﬂ

processor n & volume level data LVLu from the
second digitai signal processor DSP2 are added together by an
arithmetic unit ALU(S16).
(10) Operations of Digital signal processor DSP4 at Step
10 s17

Similarly to step S7, step S17 performs operations for
multiplying the periodic function waveform having the
controlled tone volume envelope corresponding to the formant
center frequency by the pitch corresponding window function

15 waveform, in order to generate a second-group formant sound
waveform.

As shown in items (a) and (b) of Fig. 13, at this step,
data #4 is set to be fed to the A input of the arithmetic
unit ALU4, while data #REG4 is set to be fed t6 the B input

20 of the unit ALU4.

More specifically, the logarithmic value data of the
periodic function waveform having the controlled tone volume
envelope corresponding to the formant center frequency which
has been pfocessed at step 15 is output as data #4 at step

25 S17, two clock pulses after step S15, -and the selector 50
selects this data #4. Meantime, the logarithmic value data
of the window function waveform obtained at step S12 on the

basis of the second-group window function wayeform phase data



Thus, the first-group wi ndow function waveform phase data PGM is sent via
the delay circuit 53 to the arithnetic unit ALW to pass therethrough
unprocessed, and then fed to 10 the [err] input of the selector 64 by way
‘of  the delay circuit 55, overflow underflow controller 56, waveform shifter
60, delay circuit 61, log/sine table 62 and delay circuit 63. Consequently,
the selector 64 selects the data fed Lpégﬁp_[err] I nput in response to the
above-nmenti oned operation at 15 step Thus, the phase data PG '
processed at step SO in the above-nentioned manner is selectively output
fromthe selPeaRois6dtbyetdoyt adteh st afourt icdldick phlsescafitew godpr§idpw
controller 56, delay circuit 61, log/sine table 62 and delay circuit 63. At
step S2, thendatbeosmlelitbreblcsedemtss lvhfiss dada #RES4phase val ue of the

wi ndow function waveform phase data PGyl by one bit, in order to cause the
| og/ si ne tabl e 6Thu§, outthet , agd thmgitdgowunict AbH4wasddsr ntogethest thef of
a sine wave _fromthe log/sine table 62 in response to one cycle of the

phase dat a PEFRTLIFRIC (YRR, SfncthenPETELd EadkuRRition WavREorgyaeRdhni ¢
vl e oF 2 RSl e e ST LR 0% SO B
T s ChYES 4 TR CUShiTBRELS B BRILIRE Pufiin,
desi gnati ndyaveform corresponding to the formant center frequency
| function by the pitch-corresponding window function waveform
to thereby perform an amplitude modulation operatioﬁ for
10 synthesizing a second-group formant waveform signal..
Consequently, the selector 64 selects the.data fed to
the @ inpﬁt in response to the abﬁve-mentioned operation at
step S17. Thus, the amplitude modulation result (logarithmic
value) of the arithmetic unit ALU4 is sent, via the delay
15 circuit 55, overflow/underflow controller 56 and delay circuit
57, to the'log/linear converter 58 where it is converted into
an antilogarithmic value. The resultant converted
antilogarithmic value is output from the selector 64 by way
of the delay circuit 59. The antilogarithmic wvalue data
20 output from the selector 64, i.e., the resﬁlt of the above-
mentioned amplitude modulation operation is passed through the
shifter and log/linear converter 65 without being processed
thereby, and is,_after being delayed by a total delay time
corresponding to four clock pulses, written into the register .
25 REG4.at the timing of step SO of the next channel (see item
(d) of Fig. 13).
An example of fhe second-group periodic function

waveform based on the second-group formant center frequency



parameter SKT is up-shifted by one bit via the controller 66 and then fed
to the shifter and | og/linear converter 65. As 5 previ ously nenti oned,
the logarithm c value of the first-group wi ndow function waveform "I og
sine(PGa) " output fromthe selector 64 is fed to the shifter and

| og/ I i near converter 65, where it is up-shifted by 2 X SKT bits in
accordance with the skirt characteristii gesignating paranet er SKT
up-shifted by 10 one bit (i.e., 2 X'S Y- Namely, "(2 X SKT) | og sine
(PGM)" is executed, which signifies that the logarithmc value is

convert ed i?ﬁgsé Waval WDl 181 RRRAM in i Reaft | (PoasEt Migc reP! eanat aid on.

This neans that the w ndow function waveform sine(PGa) i's subjected to a

wavef or m 15exaf®Ie 66 the decdind-grdu® WE6aew Buntbion tavetonn beyed arn
having a flaring skirt portion. The logarithm c data of the thus- obtained

wi ndow. f uncthe nséedbihd vguaip rvdndow | Hinotden iwavefomon dleissy deta RG22 hiisough
the delay circuits 53, 55, 61, 63 by a total delay tine corresponding to
four clock pubwesinwitemefd200f Fhge LBe rdfem &£ )IRREA Fig.t HB tshaws) an
subsequent step S6 which will be described in detail later (see item (d) of
Fig. 13). sexamplespfptisy seorndtgTouR ERMmany/SIURhvamim gengrated
funct 1ons 2y S LSS pSR 895855 Phh e o B, A
L1, ober o ghzadls 48 SRR | ULl B 58 BEATched” mye
CorrQspondsbége&hgnaehéhggkhﬁ QQE&uéhH% Almbke? data (1/£0); the period
of the second-group formant sound waveform is twice as great
10 as the normal period.
| In the combined functional block Qiagram of Fig. 14, the
operations of step S17 correspond to the route beginning at
an arithmetic unit ALU4(S7, S17).
(11) Operations of Digital signal processor DSP4 at Step
15 | s18

Step S18 performs operafions for multiplying a periodic
function wa&eform corresponding to a center ffequency by the
correlative noise signal BWR having a controlled tone volume
envelope, in order to generate a noise formant sound

20 waveform. .

As shown in items (a) and (b) of Fig. 13, at this step,
data #4 is set to be fed to the A input of the arithmetic
unit ALU4, while data #REG4 is set to be fed to the B input
of the unit ALU4.

25 More specifically, the logarithmic value data of the
correlative noise signal BWR processed at step S16 is output

as data #4 at step S18, two clock pulses after step S16, and

the selector 50 is caused to select this data #4. Meantime,



- 108 - 7, a shifter and linea/log converter 60&2(S2, S12) corresponds to
the waveform shifter 60 and | og/sine table 62, and a shifter 65(S2, S12)
corresponds to the shifter and log/linear converter 65 of Fig. 7. The
center frequency phase 5 data PG 1l received fromthe first digital signal
processor DSPl is passed through the arithnmetic unit ALU4(S2, S12) w thout
bei ng processed thereby, fed to the shif? r and |inear/log converter and
shifter 60&62(S2, S12) to be down- shf?& by one bit and converted in a

| ogarithm c value of a 10 sin wave, and up-shifted by predeterm ned bit

via the shifhar 18g682thaid) vhludcaatdass ethe t Peiedpar fuke eiodKkiavé orm
Operations of Digital signal processor DSP4 at Step S5 Step S5 perforns

oper ati ons tekrregpbhalihgnotsd hethieonacicke+sgnithes!i zdihgf r egnéery fueguency
wavef orm data correspondi ng 15 to the first-group formant frequency. As
shown in it ebkaiapdaatt $beposlFiis sti®rest imtios thecpegistervBEGAeatesEePdat a
LVL1 is set to be fed to the A input of the arithnmetic unit ALU4, while
data #REG4 Bd7setfaur helock pulses BEItapusteP t$i3 unprdapytpulg as datappye

specifically, tone volune level data LVL1 in_logarithmc for f.the
cur r ent Scha#tBBG4i §TpRahe Te91BHeT REGHR R P HeRVE 15+ tg Fi'g‘esﬁﬁ ﬁﬁtﬂfg%-’ af®

Fone. vol uneCPUsER &5 FoLGEE TR SoBate ABEPFed an envel ope waveform ' The 25
fome voLure | ovelndBls bl s%fRbeis IR Aulee GBS Dlgueher ehich
logarithmic wvalue of the periodic function waveform
corresponding to the noise synthesizing center frequency and
10 the logarithmic value data of the correlative noise signal
BWR. From the antilogarithmic viewpoint, this addition is
equivalent to multiplying the periodic function waveform by
the correlative noise signél BWR to thereby perform a process
for generating a signal ébtained by amplitude—modulating the
15 periodic function waveform with the correlative noise signal
BWR. In this manner, a noise formant sound is synthesized.
Consequently, the selector_64 selects the data fed to
the ¢ input in response to the above-mentioned operation at
step S18. Thus, the amplitude modulation result (logarithmic
20 value) of the arithmetic unit ALU4 is sent, via the delay
circuit 55, overflow/underflow controller 56 functioning as
a limiter and delay circuit 57, to the log/linear converter
58 where it is converted into an antilogarithmic value. The
resultant converted antilogarithmic value is outpuf from the
25 selector 64 by way of  the delay circuit ©59. The
antilogarithmic value data output from the selector 64, i.e.,
the result of the above-mentioned amplitude modulation

operation is passed through 'the shifter and log/linear



processor DSP4 of Fig. 7 to be fed as data #RAMA to the selector 50. At
step S5, the selector 51 is caused to sel ect -109- the data #RAM2, i.e
tone volune | evel data LVL1. Meantine, the logarithm c value data of the
periodi c function waveform obtained at step SO on the basis of the
first-group center frequency phase data PG 1l is stored into 5 t he

regi ster RE4 at step S4; four clock p_ul:l _after step SO and output as
data #REG4 fromthe register RE4A at stéep 'Sb. The selector 51 is caused to
sel ect this data #RE&4. Thus, the arithmetic wunit ALU4 adds together
the | ogarit bgh¢ertbressfwitRoneerhg grotdssed whestebyn ahdt bentOto thenant
center frequency and the tone volune |evel data LVL1. Fromthe

antil ogarit hemoryi crgnd nby tway of cthe vdeday tolyenit pléyi-ng Mhemer thei c
functi on waveform by the tone volune | evel data LVL1 to thereby inpart a

t one vol uneaepiéitoge modubathmoneresydt i antilogprd thedca€rgsm LesupEteF the
arithnmetic unit ALU4 is, after being delayed through the delay circyits 53,
54, 55 by abedngl dediayead i bhxw éor’i@é’gorﬂﬁ]rﬁ?tﬁl’[“ﬁo 6@?1’5’9@'@% E%sgé‘de

t hrough _the qverfl ow underf] ow caontr ol Ler

) as data.#4 at.the

i ng B SGSEKBRLSSE e ENER At theysEateds el | HoF Pater FeERihtem
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RAM4 at the timing of step S2 of the next channel (see item
(e) of Fig. 13).
In the combined functional block diagram of Fig. 14, the
10 operations of step S18 correspond to the route passing through
an arithmetic unit ALU4(S18), where tﬁe arithmetic unit
' ALU4(S18) corresponds to the arithmetic unit ALU4 of Fig. 7,
a limiter 56(S18) .corresponds to the overflow/undérflow
controller 56 of Fib. 7, a log/linear converter 58(S18)
15 corresponds to the log/linear converter 58 of Fig. 7, and a
register RAM4(S18) corresponds to the RAM4 of Fig; 7. A
selector SEL1l corresponds to the function to select a periodic
function waveform corresponding to the center frequency based
on the formant following control flag URVF. That is, if the
20 fprmant following control flag URVF is at "0", the elector
SEL1 selects the periodic function waveform data corresponding
to the unvoiced formant frequency phase data PGu from the
route of the log/sine table 62(S13) and gives the selected
data to the arithmetic unit ALU4(S18). However, if the -
25 formant foilowing control flag URVF is at "l1", the elector
SEL1 selects the periodic function waveform data corresponding
to the formant frequency phase data PGfl:or PGf2 passed from

the route of the shifter and linear/log converter 60&62(SO,



| ogarithm c value of a periodic function waveformfromthe shifter and

| Tnear/1 og converter 60&62(SO S10) and tone 25 vol unme |l evel data LVL1 in
|l ogarithmic formfromthe second digital signal processor DSP2 are added
together by an arithmetic unit ALU4(S5, S15). (4) Operations of Digital
signal processor DSP4 at Step S7 - 110 - Step S7 perforns operations for
mH tiplying the periodic function mavefi%g1having the controll ed tone

vol une envel ope corresponding to the fo nt center frequency by the w ndow
functi on waveform corresponding to the pitch of tone, in order 5 to

generate th h T SfHpr ORI &9 RHY Mo AcHE10881 tAmbLeBs it and
(b) of Fig.gﬁé? g%u?hggpg%ep, da?% %ﬁg?gaset to %e fed tolthe A input of

the arithmeatgapgig)ALU4, while data #REGA is set to be fed to the B input
of the unit ALWUA. 16 More specifically, the logarithm c val ue data
of the periodi ¢120nopepatiernefl ofnDihgiital signadniprodessoroMSPAdlatreStep
envel ope corresponding to the formant center frequency whi ch has been
processed aB28tep 5 is output as data #4 at step S7, two clock pul ses after
step S5, and the selector 50 is caused 15 to _select this data #4.
Meantin®, the | odar compinarione widha sfter Hl WwhdSHer BREL Shannfk orFirep
obtained at _step S2 on the basis of the first-group mﬁngoqéfunction
mavefornlphﬁgg gerfopms qreratjons for generating fina ormant sound

waveform data by adding together first and second formant
sound waveforms.
As shown in items (a) and (b) of Fig. 13, at this step
10 S20, no data is set to be fed to the A input of the
arithmetic unit ALU4, while first-group waveform data TRl is
set to be fed to the B.input of the unit ALU4.
More specifically, w_aveform data TR1 of the current
channel (i.e., first;group formant sound waveform data) is
15 read out from the memory RAM4 at predetermined timing and then
sent via the delay circuit 68 to the selector 51 to be
selected thereby. No data is selected by the selector 50.
Thus, the first-group waveform data TRl is passed
through the delay circuit 54 and arithmetic unit ALU4 without
20 being processed by the unit ALU4. Then, the wa?eform data
PRl is, after being delayed through the delay circuits 54, 55
by a total delay time corresponding to two clock pulses,
passed through the overflow/underflow controller 56, and
output as data _#4 at the timing of step S1 of the next
25 channel (see item (c) of Fig. 13).
(13) Operations of Digital signal processor DSP4 at Step
S1 of Next Channel

As shown in items (a) and (b) of Fig. 13, at this step



into the register REG4 at step S6, four clock pulses after 20 step S2,
and the selector 51 is caused to select this data #RE&X. Thus, the
arithnmetic unit ALU4 adds together the logarithm c values of the periodic
functi on wavef orm and wi ndow function waveform Fromthe antilogarithmc
vi ewpoi nt, 25 this is equivalent to nmultiplying the periodic function
wavef orm corresponding to the fornmant g 2Ber frequency function by the

pi t ch- correspondi ng wi ndow function wavéformto thereby perform an
anpl i tude nodul ati on operation for synt hesi zing a first-group fornmant

wavef or m si gnal aa€@npequenidty td be Feleebothé4a sbhmet of hehalaimi flesktix t he
a input in response to the above-nentioned operation at step S7. Thus, the
anpl i tude nooirtaALU4, rebilé dabga#REGA dsSsetvabube Eed e dhdg Bheinputini t
ALW is sent, via the delay circuit 55, overflow underf |ow controller 56

and del ay cbfcthe erittdLVfe | og/linear converter 58 where it is converted
into an antilogarithmc val ue. resultant converted

anti | ogarithnic Marge SP?%lftlE@tllﬁ’rrorﬁh%eW%‘é‘F%‘?ﬁ%rdﬁﬁabFR\?oay( fPG'St"(ﬁrGE%
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circuit 67. pulses after step $20, and the selector 50 is caused to
select this datal#4; Meantime, the second-group formant sound
waveform data obtained at step S17 of the preceding channel
10 .is stored into the register REG4 at step S0, four clock
pulses after step S17, and output as data #REG4 from the
register REG4 at step S1 of the currént channel. The
selector 51 is caused to select this data #REG4.

Thus, the arithmetic unit ALU4 adds together the first-

15 and second-group formant sound waveform data to provide a
| final formant sound waveform.

In response to the above-mentioned operation at step S1,
the selector 64 selects the data fed to the 7 input. In
addition, the overflow/underflow controller 56 functions as

20 a limiter, .and the shifter and log/linear converter 65 is
caused to allow the fed data to'pass therethrough without
being processed thereby. Conseqﬁently, the final synthesized
formant sound waveform data output from the arithmetic unit
ALU4 is sent, via thé delay circuit 55, overflow/underflow-

25 controller 56 and selector 64, to the shifter and log/linear
converter 65 to pass therethrough without being processed
thereby, and then stored into the storage area, for waveform

data TR2 of the current channel, of the memory RAM4 at the



.Consequent |y, the anplitude nmodul ati on result in antilogarithmc
form i.e., waveformdata of a synthesized first-group formant sound is,
after being delayed through the delay circuits 53, 54, 55, 57, 59, 67 by a
total delay time 20 corresponding to five clock pulses, witten into the
storage area, for first-group formant sound waveform data TRl of the
current channel, of t'he nenory RAMA aL_&? timng of subsequent step S12
which will be described later in detail (see item(e) of Fig. 13). 25
An. exanple of the first-group periodic function waveform based on the
first-grouptimingndf cetdrers4,r ahreec vlpkaks pulses Bfkéri steposSh (seetitena)
of Fig. 18, and an exanple of the first-group w ndow function waveform
based on théedio€tFgoup3). - 112 - wi ndow functi on wavef orm phase data
PGwVL is shown in item(c) of Fig. 18. Item(e) of Fig. 18 shows an exanple
of the first-grodp s@finghgamymdhe afeemant rsoungd Wwaneform e
waveforms. _The_pitch of t first-group formant sound 5 waveformis a
+Ev o g tioh S06P

hal f (1/2) S1PehtyRhtRdn _ &5&dBR~PREUB; fERMRREQIRYRCTER LT
e o oad  asSPAE naPa er {98, O A Brow ARnERP g v TR 4%he
%;ii§3g1(ﬂ)f8£mg.g's3§nd!%%%Ef#@#hﬂﬁﬁﬁhl %aCﬁiﬁﬁéﬁgggrggBéagikbaﬁ¥§1%h?
phase val ue portions 0 e phase data an of itens (e)
and (f) of ﬁ%ﬁmai7pitch (1/£0) based on the pitch frequency number data
is obtained by adding the first- and second-group formant
sound waveforms (items (e) and (f) of Fig. 18) which have
10 been combined via modulation based on window function
waveforms phase shifted from each other by 180° and each of
- which has a frequency of 1/2f0. The resultant synthesized
formant sound waveform is stored into the storage area, for
waveform data TR2 of the current channel, of the memory RAM4.
15 As a modification of the operations of steps SZO and S1,
6nly the second-group formant sound waveform data may be
stored into the storage area, for waveform data TR2, of the
memory RAM4, without being added with the first-group formant
sound waveform data. In such a case, the first-group formant
20 sound waveform data will be stored into the storage area, for
waveform data TR1, of the memory RAM4, while the second-group
. formant sound waveform data will be stored into the storage
area for waveform data TR2.
In the combined functional block diagram of Fig. 14, the
25 operations of steps S20 and S1 correspond to the route of a
register ALU4&RAM4(S17, S20, S1), where the first- and second-

group formant sound waveform data from the log/linear

converter 58(S7, S17) are added and retained in the register



In the conbined functional block diagramof Fig. 14, the operations of step
S7 correspond to the route beginning at an arithnmetic unit ALU4(S7, S17),
where the arithnetic unit 15 ALU4A(S7, S17) corresponds to the arlthnetlc
unit ALU4 of Fig. 7, alimter 56(S7, S17) corresponds to the

overf | ow underfl ow contrel | er 56, a log/linear converter 58(S7, S17)
corresponds to the log/linear converter,33 of Fig. 7, and a register
RAMA(S7) corresponds to the RAMA of Fig. 7. Gate Gl 20 i ndi cat es
that" t he above-nentioned route is enabled only in the formnt sound

synt hesi s nade4&RANAESAY| ($2®) iS1 Juni Thé\lRA{te o£Stdyistds ALYLERAMA (ST,

| ogarithm c val ue of the periodic function waveform supplied fromthe
arithnetic 8201 SLMBSresfidndsan tthe bpegaatibmscofatbe afithmebiodowit
function 25 waveform supplied fromthe shifter 65(S2, S12) via the gate
'Gl. The ad@FV#oandememerysRAMA: via the linmter 56(S7, S17) to the

| og/ | i near converter 58&57 Sl?é to_be converted into an antilogarithmc
val ue and t nef*eampiers pupd Mixing Ppengiphansy Pt PEgiEpd signpt of
Di gital S|gnal roces $£ DSP4 at Step S10 Simlarly to step SO step
S10 pePf or RE® gﬁ??r § 4=COperations for preparing a periodic function

‘wavef orm to. T eakg B, 390N aq*;pueof Yt §OURS V6V eLQ Mxdfif1e OB ALHEONS

of step 10 are rom
"mixing operations" of the first digital signal processor DSP1l

will be described.
(1) Operations of Digital signal processor DSPl at Step
10 S11
At step Sl1, operations are performed for mixing
synthesized formant sound waveform data of the individual
channels into the left speaker of the sound system SS.
As shown in'items (a) and (b) of Fig. 13, at this step
15 S1l1, waveform data TR2 is set to be fed to the A input of the
arithmetic unit ALU4 of Fig. 5, while data MIXL is set to be
fed to the B input of the unit ALUA4.
More specifically, waveform data TR2Z of the current
channel (final formant sound waveform data obtained by adding
20 the first- and second-group formant sound waveform data) is
read out from the memory RAM4 of the fourth digital signal
processor DSP4 (Fig. 7) at predetermined timing. The read-out
data TR2 is sent to the data bus DBUS and then fed as data
#RAM4 to the selector 10 of Fig. 5. Also, left level control .
25 data read out from the pan table 21 in accordance with
parameter PAN that designates panning of a formant sound is
sent via the selector 22 to the controller 23. The above-

mentioned waveform data TR2 selected by the selector 10 is



operations of step SO in that second-group center frequency phase data PG 2
of the current channel is read out fromthe 10 menory RAML of the first
digital signal processor DSP1 of Fig. 5 and then sent via the rhythm sound
génerator 52 to the selector 50 to be selected thereby. Like the
first-group center frequency phase data PG1l, the second-group center
frequency phase data PG2 is prbcesseq_aa —and del ayed t hrough the del ay
circuit 53, arithnmetic unit ALU4, delay circuit 55, overflow underfl ow
cantroller 56, delay circuit 61, log/sine table 62, delay circuit 63,

sel ect or 64shnfitedii by ethaniod pbiheare aconverbet cind Sshind/f tet ol 4l undénythene
corresponding to four clock pul ses. However, at 20 = this step, the
wavef orm stpohteel oF e focombroblephi8e nemponsdime obp ptheedefitaskeveh
second- group fundanental waveform designating paraneter W2. Then, the
processed defatraelvwApteed i-gro tthe rdafratBR2 REBycaptrpd lefdnilfny gvel in
subsequent ste 14 which wll be described later .in detail ee tem 25
(d) of Fig.a§§$¥' aRce HEL By nthe e Tt HEviedn 2P0 kdaitagraﬁi‘ﬂficéﬁ’a*% the

operati gns step_S1 re nd he r e I | n t the.
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Digital siggalcpiecegsor DSP4 at Step S12 Similarly to step S2, step Sl12
performs .operations for

Meantime, left tone mix data MIXL is read out from the
memory RAM1 of thé first digital signai processor DSPl and
then fed as data #RAM1 to the selector 11 of Fig. 5 to be

10 selected thereby. The selected data MIXL is péssed through
the- log/linear converter and shifter 16 without being
processed thereby and then ‘fed to the B input of the
arithmetic unit ALULl by way of the delay circuit 17.

Thus, the arithmetic wunit ALUl adds togéther the

15 synthesized formant sound waveform data of the current channel
having been controlled in the left level by the left level
cbntrol data and the left tone mix data MIXL. The addition
result of the arithmetic unit ALUl is, aftef being delayed
through the delay circuits 15, 17, 18, 19, 24 by a total

20 delay time corfesponding to_foﬁr clock pulses, passed via the
output controller 20 to the_memory RAM1 to be stored into a
storage area for left tone mix data MIXL thereof at the
timing of steﬁ Si5 of Fig. 9 (see item (e) of Fig. 9). Thus,
with the operations of step Sli of Fig. 9 performed for each

25 of the channels, sample values of the synthesized formant
sound waveform data of the chaﬁnels, having the left level
controlled for the purpose of panning, are sequentially summed

to be stored into the storage area, for left tone mix data



preparing a w ndow functional waveformto create a second- 5 gr oup
formant sound waveform The operations of step 12 are different fromthose
of step S2 in that second-group wi ndow function waveform phase data PGM of
the current channel is read out fromthe nenory RAML of the first digital
signal processor DSP1 of Fig. 5 and 10 then sent via the rhythm sound
generator 52 to the selector 50 to be sgqlggrted thereby. Like the
first-group wi ndow function waveform phase data PGwv, the second-group

wi ndow function waveform phase data PGM2 is processed and del ayed through
the del ay cMigult o83théSmemdiiyt RA®LLC unit ALU4, delay circuit 55,

overfl ow underflow controller 56, delay circuit 61, |og/sine table 62,
delay circuit 62) ©peswtttions cfidDiditakr sigdal ogrocesseorc BPRY 1% 8%eBy a
total delay time corresponding to four clock pul ses. The processed and

del ayed dat &12s witten i-nto the register 20 REGA at the timng of
subsequent step S16 which w be described |ater in_detail (see itenléd)

of Fig. 13). In ffe &R n§&5LunEPF6ﬁ§F°BFoc?r8iaﬁ?ﬁﬁ?ﬁ?eéig.°f4,mfﬁ%n
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sound similar manner to step Sll.
The operations of step S12 are different from those of
step S11 in that right level control data is read out from
10 the pan table 21 in accordance with parameter PAN designating
panning of a formant sound is sent via the selector 22 to the
controller 23 and in that right tone mix data MIXR is read
out from the memory RAM1 and selected by the selector 1l1.
Thus, the arithmetic unit ALUl adds together the
15 synthesized formant sound waveform data of the current channel
having been controlled in the right level by the right level
control data and the right tone mix data MIXR. The addition
) result of the arithmeticfunit ALUl ié, after being delayed
through the delay circuits 15, 17, 18, 19, 24 by & total
20 delay time corresponding to four clock pulses, passed via the
output controller 20 to the memory RAM1 to be stored into a
storage area for right tone mix data MIXR thereof at the
timing of step S16 of Fig. 9 (see item (e) of Fig. 9). Thus,
with the operations of step S12 of Fig. 9 performed for each
25 of the channels, sample values of the synthesized formant
sound waveform data of the channels, having the right level
controlled for the purpose of panning, are sequentially summed

to be stored into the storage area, for right tone mix data



- .115 - center frequency. As shown in itens (a) and (b) of Fig. 13, at this
step S13, center frequency phase data PGu of an unvoiced formant sound is
set to be fed to the Ainput of the arithnetic unit 5 ALUW, while no data
is sét to be fed to the B input of the unit ALU4. More specifically, center
frequency phase data PGu of the current channel is read out fromthe nmenory
RAML of the first digital signal pr ocessor DSP1 at predetermned timng 10
and is sent, as data #RAML to the data bus DBUS, by way of which it is
input to the fourth digital signal processor DSP4 of Fig. 7 to be fed to

‘the sel ect oM1%R, Wolthehe hembgyPrRAM@Ssed by the rhythm sound generator 52.
The selector 50 is caused to selects the data #RAML, i.e., center frequency
15 phase dat 4§3PGoOpetatsionisheof cbigitdl egiignal piresessatra DBBL Gt t$Step
unvoi ced formant sound is sent via the delay circuit 53 to the arithnetic
unit ALU4 t 81Bass t heret hrough unprocessed, and then fed to the [err] input
of the selector 64 by way of the 20 delay circuit 55, overflow underfl ow

control ler 56, waFefshan sHhd+ etetd, lagehyceptealt 161 parfgaask QAmbreis2 and
ol ch o B CSEIeIl il o 2o ek oL RSB EE? e dgl ol it e
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circuit 61’0E0Q£§iQ8uEﬁbE§s@%m SS in a similar manner to step Sll.
Thé operations of step S19 are different from those of
step S11 in that noise waveform  data (noise formant sound
10 wéveform data) TRu of the current channel is read out from
the memory RAM4 of the fourth digital signal processor DSP4
transferred to thé first digital signal processor DSP1 via the
data bus DBUS.to be selected by the selector 10 and in that
left level contr61 data for noise is read out from the pan'
15 - tablé 21 in accordance with parameter uPAN designating panning
of an unvoiced formant sound is sent via the selector 22 to
the controller 23. Further, the left tone mix data MIXL
written in the memory RAM1l at stép S15 is read out and fed as
data #RAM1 to the selector 11.
20 "Thus, the arithmetic unit ALUl adds together the noise
waveform data TRu having been controlled in the left level by
the left level control data and the left tone mix data MIXL.
The addition result of the arithmetic unit ALUl is, after
being delayed through the delay circuits 15, 17, 18, 19, 24
25 by a total delay time corresponding to four clock pulsgs,
passed via the output controller 20 to the memory RAM1l to be

stored into a storage area for left tone mix data MIXL

thereof at the timing of step S3 of the next channel (see



and delay circuit 63 to the [err] input of the selector 64 and - 116 -
sel ected by the selector 64, so that the logarithmc value data of a
periodic function waveform corresponding to the center frequency phase data
P&u is read out fromthe log/sine table 62 to output. 5 The

| ogarithm c val ue data selected by the selector 64 is passed through the
shifter and log/linear converter 65 wt Et_being processed t hereby, and
then, after being del ayed through thed ?ay circuits 53, 55, 61, 63,
witten into the register REGA at the timng of subsequent step S17 which
will 10 bftg@spé?bgﬂ Fagerghn detail (see item(d) of Fig. 13). In the
conbi ned functional block diagramof Fig. 14, the operations of step S13
correspond to (4% Opeiratibne lody/Meigictalabsiged] SiBPpcesser eDEPJarmatt Sap

val ue data of a sine waveformis read out fromthe | og/sine table 62(S13)
in responseS20 15 the val ue of the phase data PGu supplied fromthe first
digital signal processor DSP1. If formant follow ng control flag URVF

. contai ned i n parAkestep S8Bpl réght devete cANEEedo U RS EQImadh PToARRe Fi g.
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rat her §hanfﬂﬁ$%PEéﬂ“FU4NE%FfPF@h§@ﬁ€y°{J 1np§vgg€&1a§hﬁn83ﬁge?n %gﬁﬁency

o 10! 52 " BhUET AR BB AR ar AR ShE0RRineh BaB L0 Sk
of the sound system SS in a similar manner to step Sl12.

The operations of step S20 are different from those of
step S19 in that the right tone mix data MIXR is read out

10 from the memory RAM1 and selected by the seiector 11.

Thus, +the arithmetic unit ALUl adds together the
waveform data TRu having been controlled in the right level
in accordance with the parameter uPAN and the right tone mix
data MIXR. The addition result of the arithmetic unit ALUl

15 is, after being delayed through the delay circuits 15, 17, 18,
19, 24 by a total delay time corresponding to four clock
pulses, passed via the output controller 20 to the memory RAM1
to be stored into a storage area for right tone mix data MIXR
thereof at the timing of step S4 of the next channel (see

20 item (e) of Fig. 9).

The respective values of the left and right tone mix
data MIXL and MIXR are updated each time one-sample data
values of the formant sound waveform data and noise wavefofm
data for all the chanhels are summed.

25 Although the synthesized formant sound waveform data
obtained by adding together the first- -and second-group
formant sound waveform data has been described above as being

stored into the storage area, for waveform data TR2, of the



of formant sound, rather than the center frequency phase data 25 of

unvoi ced formant sound, as center frequency phase data to be read out from
the nenory RAML of the first digital signal processor DSP1 for the
operations of step S13. Thus, if the formant followi ng control flag URVF is
at "1", step S13 - 117 - perforns operations for preparing a periodic

functi on waveform corresponding to an _urj%é(y ced formant sound center.
frequency in accordance with the center trequency phase data P& 1 or PG 2
of formant sound. 5 (8) Operations of Digital signal processor DSP4 at
Step S15 Si pehldikyRAMASt €ReSAatat Agy DO panhed nafoger the otisréorwavafonh| i ng
the tone volune | evel of frequency function waveform data corresponding to
the secondTgleuTR2f anrhTRY Ohavér bgesncepatateigwiléveltcontic)laeddfdb) of
Fig. 13, at this step S15, tone volune |evel data LVL2 is set to be fed to
t he A input pehning, atnttheeciaseunhera enly \ilie segond-grrep formapttsowedf ed
to the B input of the unit ALU4. 15 More specifically, tone volune
| evel dat aWaVeEorm; datdqhs i sHered rig hher siteegsy peRe EREnVRYeferRed@taut

1om {1 oY B Yhe' RbE oM daehpoRl EhshRLe S SR
'-V'-_2 has been | miqrihid ABmEINERCANIEYSIL] B1od€ diagram of Fig. 14, the
operations of steps S11, 8S12, S19 and S20 of ¥Fig. 9
correspond to the route 6f a digital mixer 14&ALULl&RAM1(S11,
812, sS19, S20), where a selector SELZ corresponds to the

10 function of selectively reading out the waveform data TR2 from

a register RAM4(S17, S20, Sl1l), i.e., the memory RAM4 of the

~fourth digital signal processor DSP4 and sending the read-out
data to the first digital signal processor DSPl for the mixing
'operations.

15 As has been so far described, tone waveform data (left
and right tone mix data MIXL and MIXR) is prepared in
accordance with.the formant sound synthesis method through the
cooperation of the digital signal processors DSPl to DSP4 and
then stored into the memory RAM1 of the first digital signal

20 processor DSPl. The thus-prepared tone waveform data (MIXL
and MIXR) is then read out from the memory RAM1 of the first
digital signal processor DSPl at predetermined timing and sent
to the digital-to-analog converter DAC by way of the data bus
DBUS and interface DIF.

25 --Exemplary Operations of Digital signal processor DSPl
Related to FM Synthesis—-

Now, a description will be made about exemplary

operations performed when tone waveform synthesis is conducted



20 tone volune level data LVL2 is sent to the data bus DBUS, by way of :
which it is input to the fourth digital signal processor DSP4 of Fig. 7 to
be fed as data #RAM2 to the sel ector 50. At step S15, the selector 50 is
caused to select the data #RAM2, i.e., tone volune |evel data LVL2. 25
Meantime, the logarithm c value data of the periodic function waveform
obtai ned at step S10 on the basis of thgﬁéegond-group center frequency
phase data PG2 is stored into the regi é? RE&G4 at step S14, four clock
pul ses after step - 118 - S10 and output as data #REG4 fromthe register

REAA -at st epnSléccdP@anéd €GHh Sthes PRUSSfhékeSEs eqlethidis €Rr3ugREGhe
Thus, the arithnmetic unit ALU4 adds together the logarithmc value of the
peri odi c fubobpepravaval efmidie tdigbtal seignal gpoopeksorBNDSPANtES DsP4liency
and the tone volune |evel data LVL2. Fromthe antilogarithm c viewpoint,

thi s i s equHowkwer,t csunll t Opeyatjonse qfer thei seownd | @md whhdfrdr ndbyitak
tone volune |evel data LVL2 to thereby inpart a tone vol une envel ope to the
wavef orm 18ignal progesspesaSEH? randy| RSB} whblanpthipet idesgnibes] dere
after being, del ayed through the delay circuits 53, 54, 55 by a total delay
tine coFresBSﬁBP%ﬁ theybug| Rk FaPeBicHoRkerans olynthig method as in

ftow fl l, | 5 d 4 at .t tim f
ubscquent  ShBpoSEVSARPBRIRRPA B Tane folon Rin'Fanse rirratom R s

Fig. 13). following description as well, it is assumed that two
operation elements are used as FM (frequency modulation)
waveform operation elements, which will be called first and

10 second FM operators OPl and OP2. |
| For example, irr one FM operation algoriti'lm, the first FM
operator OPl generates a modulating wave signal, while the
second FM operator OP2 performs a frequency modulation
operatioﬁ of a carrier wave signal with the modulating signal
15 and an operation to generate a modulated waveform signai based
on the modulation result. For convenience of description, the
waveform generated by the first FM operator OPl will be
referred to as a modulating wave, and the waveform generated
by the second FM operator OP2 will be referred to as a
20 carrier wave, although the meaning of these words should not
be taken so strictly; namely, in another FM operation
algorithm, the output from one FM operator may sometimes not
modulate the output from the other FM operator, or the output
waveform data of one FM operator may sometimes modulate phase
25 of° the same FM operator. In some case, the waveform
generated by the first operator FM OPl may be phase-modulated
with the output waveform of the second FM operator OP2.

As a rule, the first digital signal processor DSP1l



I n the conbined functional block diagramof Fig. 14, the operations of step
S15 correspond to the route passing through the arithmetic unit ALU4( S5,
S15), simlarly to step S5. (9) Operations of Digital signal processor DSP4
at” Step 20 S16 Step S16 perfornms operations for controlling the tone

vol ume | evel of correlative noise signal BWR As shownin itens (a) and (b)
of "Fig. 13, at this step S16, tone volu evel data for noise LVLu is set
to be fed 25 to the A input of the ari netic unit ALW, while
correlative noise signal BWRis set to be fed to the B input of the unit
ALU4A. Mre seeuftegabpgratfofnsvbd uendryisd plaise Iddta by meansltBe- first

| ogarithmc formof the current channel is read out fromthe nmenory RAMR of
the second eingi selcosidyf qpesedsgsr JP3Pamet QRZdarnet nthedfounthgdightslt one
volume | evel data LVLuU is sent to the data bus DBUS, by way of which it is
i nput t o t heignalf cpre@eeasgrt 1SR4 gﬁ&?«cpi':@@es@l@?-rmn%f 1 ggeneggtee fed
as data #RAM2 tqQ the selector 50 thereof. At step S16, the selector 50 is
caused to séF@H@aFHEQdHPXG#RﬁWEfoFmeandtBﬂ@u%ﬁFﬁnEaFE%%F Wave PBpsforie

VL M e 9 Shal bl 458 SoBla T e citERe0 oBopE, |
predeter”‘nﬁ%ﬁ'éﬂ&@toT@%né%@%éng waveform on the basis of modulated
. | phase data.
An FM operation algorithm to be executed is designated
by the above-mentioned tone synthesizing algorithm parameter.

10 1f, for example,;the parameter ALG is of value other than
“0“, it indicates that tone synthesis operations are to be
performed in accordance with the FM synthesis method, so that
a predetermined FM operation algorithm is selected depending
oﬁ the current value ("1" or "2") of the parameter ALG. In

15 the following examples, all FM operation algorithms mey be
implemented by use of common microprograms for FM synthesis
in such a manner that the individual FM operation algorithms
can be realized by only changing deta to be used in
operations at predetermined steps.

20 Fig. 15 illustrates exemplary operations performed at
various microprogram steps in the first digital signal
processor DSP1l. The signal processor DSPl performs the "phase
operations" and "mixing‘operations" as in the example of Fig.
9, and such operations will not be described in detail here

25 to avoid unnecessary duplication, because the operations of
Fig. 15 will be clearly understood by reference to the
foregoing description of the formant sound synthesis method

of Fig. 9. Further, the functions performed by the first



si,gnal BWR is converted into logarithmc form delayed through the del ay
circuit 43 of Fig. 6 by a predetermned tine and then sent as data #RAMIL
to the data bus DBUS, by way of 15 which it is input to the fourth
di'gital signal processor DSP4 of Fig. 7 to be fed to the selector 51
thereof. At step S16, the selector 51 is caused to select the data #RAML,
i.e., correlative noise signal BWR of thecurrent channel. Thus, the
correlative noise signal BWR in logarithmtc 20 formis added to the tone
volune |l evel data LVLU by the arithnetic unit ALU4. Fromthe

antilogarit l3iga veilewagnall, prbcesadei bsen bh €Hui bakest of othul progyamngorhe
correl ative noise signal BWR by the tone volune |evel data LVLuU to thereby
i npart a tomwdguollsngenevallipecdorespond gbal tivyWe Hown in Fighe 10per Buton
result of the arithmetic unit ALU4 is, after being del ayed through the
del ay ci rcuiitt 55hopld ofe dprotegiated t ithat pastep \iumbers oveeted in

| ow/ underf low controller 56 to the selector 50 as _data #4 at the tinming of
subsequent DParenthesessedythegepdi ef khel cerraspepdirg rirepitsedtemerss(c)

of Fig. 13). In the conbined functional_hlock diagr of Fig. 14, the
oper at| 8ns. SOTTEEFORAS teh e RHAPHAR G Filn &l ) P RAE fecsssarily

correl ative noise_signal from.the thi di;gi tal signal processor DSP3
and the ton&FEETRE e%@ ch\lgt BT rogrqnl;{i%e’ slgc'ond digital signal

processor DSP2 aﬁﬂx%ﬁ&ﬁd]&ﬂggqgﬂé gb,a§3 and S6 are directed to control

to change pitch frequency numbef FNUM, so as to prepare a
frequency number, i.e., modulating wave frequency number for

10 the first FM operator OPl. Step S9 is directed +to
accumulating the frequency numbers obtained for the first FM
operator OPl at steps SO to S6, so as to prepare progressive
phase data (i.e., modulating wave phase data) PGfl for the
operafor OPl. '

15 Further, steps S2, S5 and S8 are directed to changing a
frequency number based on pitch frequency number FNUM, so as
to prepare a frequency number; i.e., carrier wave frequency
number for the second FM operator OP2. Step S16 is directed
to accumulating the frequency numbers obtained for the second

20 FM operator OP2 at steps S2 to S8, so as to prepare
progressive phase data (i.e., carrier wave phase data) PGf2
for the FM operator OP2. For convenience of description, the
phase data PGfl and PGf2 for the first and second FM
operators OPl1 and OP2 are denoted by the same reference

25 characters as the center frequency phase data PGfl and PGf2,
although they are different in contents.

Except for the above-mentioned steps, step procedures in

the "phase operations" of Fig. 15 are generally the same as



arithmetic unit ALU(S16). (10) Operations of Digital signal processor DSP4
at Step 10 S17 Simlarly to step S7, step S17 perforns operations for

mul tiplying the periodic function waveform having the controlled tone

vol une envel ope corresponding to the formant center frequency by the pitch
correspondi ng wi ndow function 15 waveform in order to generate a
second-group formant sound waveform As shown in itens (a) and (b) of Fig.
13, at this step, data #4 is set to be £8d To the A i nput of the arithnetic
unit ALU4, while data #REG4 is set to be fed to the B input 20 of the

unit ALU4. Jé/még?rsnp‘ﬁfi fHical Iy, éﬂtf}:ﬂéﬁg)‘?@fﬁl LiHEG valie dabarah theepsrifghic

function wave avi ng thé con tone vol unme envel ope corTtespondi ng

to the forngpbo&LPhST ahEEMEREYedbiFy oS BRSSPI SRtasEsi s A& Pcddults
out put as ggtap#4 al step 25 %ﬂ?,f?mn cl ock pul ses after step S15, and

the sel ect oar&80neel e tin StHat FMbyrddirsiidreand hhehegamd hetssvahtiallat a
of the w ndow function waveform obtained at step S12 on the basis of the
second- gr ouprebhenw amyc bieoninvmlsfedt )n phdkep dpracedures? in. th@\2" mixingr ed
at step S16, four clock pulses after step S12, and the selector 51 selects
this daba #Gpetatibns! ane alsohgeneralhytthesamegdast shespepft Fdg. 9.

Therefore, particular descriptions will be made
hereinbelow about operations at steps S0, S3 and S6;
operations.at stép S9 based on the results of steps SO, S3

. and S6; operations at steps S2, S5 and S8, and operations at
10 step S16 based on the results of steps S2, S5 and S8.
(1) Operations of Digital -signal processor DSPl at Steps
S0, S3 and S6

In Fig. 15, éteps S0, S3 and S6 execute control to

change pitch frequency nuﬁber FNUM in accordance with

15 completely the same procedures as steps SO, S3 and S6 of Fig.
9. It is a matter of course that these steps produce data
completely different from those prepared by the corresponding
steps of the formant sound synthesis because they use entirely
different data. Namely, although steps SO, S3 and S6 of Fig.

20 15 follow completely the same.proqedureé as steps S0, S3 and
S6 of Fig. 9 to change a frequency number based on the pitch
frequency number FNUM, they generate a frequency number for
the first FM operator OPl, i.e., modulating wave frequency
number based on pitch frequency number FNUM.

25 First, at step S0, control is. performed for, in
accordance with atfack glide data AG, changing pitch frequency
number FNUM designating a pitch of tone to be generated. As

in the foregoing case, "channel synchronization operation" is



| ogarithm c val ues of the periodic function waveformand 5 w ndow function
waveform Fromthe antilogarithmc viewpoint, this is equivalent to

mul ti plying the periodic function waveform corresponding to the formant
center frequency function by the pitch-correspondi ng wi ndow function
waveformto thereby performan anplitude nodul ati on operation for 10

synt hesi zi ng a second-group fornmant mayqf m si gnal . Consequently, the
sel ector 64 selects the data fed to the™a 1 nput in response to the
above-nmentioned operation at step S17. Thus, the anplitude nodul ation
result (1 ogpertbirinedval aepenflihfie admt hritid ¢ wailueALUSEi s shat, ghanhék
del ay 15 circuit 55, overflow underflow controller 56 and delay circuit
57, to the bypthrpedzatdioneifieg RBPwW{dbhat tis,s RNMrerar FNUNr-hnis used

antilogarithmc value. . The resultant converted antilogarithmc
val ue i s ouBguther pitche freqvensy symberwEWUM) -t he del ay circuit 59.  The
antilogarithm c val ue data 20 output fromthe selector 64, i.e., the

result of the abd¥e- IRefti®ned ampext udtebdtiP atBIEITT aCPSF AL ONS SEY
ther oby® angoryers BFS, spad apbhhy Bt lcragber o R dainarfg o
Step S0 of PRELESFRYTERTE vaide P neSil b8 wif dodfstheils EORvErEellaf
second- gr oURKLA%ERdl 2 SENRLd ONs VAV [IBrRATRG P Felstid t58608HtBLeUP1 AOEABN!
center frequency _
output controller 20 of Fig. 5 at step S6 to be stored into
the regisfer REG1 and then immediately fed as data #REGl to
10 the seleétors 10 and 11. |
In this way, at step 86, the pitch frequency number FNUM
" converted into an antilogarithmic value at step S3 is fed as
data #REG1 to the selectors 10 and 11 to be selected thereby,
and the selected data are applied to the A input and B input,
15 respectively, of the arithmétic unit ALUl. Also, at this step
sS6, ffequency'multiplication parameter'MULfl is applied to the
controller 23 via the selector 22. Thus, under the control
of the controller 23 based on the parameter MULT1l, the
log/linear converter and shifters 14 and 16 perform shifting
20 by a predgtermined number of places, and positive/negative
sign inversion. As previously mentioned, this is for the
purpose of performing an arithmetic operation bf.an optional
multiplication factor, except for two, such as three, five,
six or seven.
25 In this manner, - frequency number data of a frequency
determined by increasing the tone pitch frequency by a factor

designated by the parameter MULT1 is generated as a modulating

wave frequency number. The modulating wave frequency number



-,122 - phase data PG2 is shown in item(b) of Fig. 18, and an exanple of
t he second-group w ndow function waveform based on the second-group w ndow
functi on wavef orm phase data PGM2 is shown in item (d) of Fig. 18. Item (f)
of Fig. 18 shows an 5 exanpl e of the second-group formant sound waveform
generated by nultiplying these waveforns. The pitch of the second-group
fofmant sound waveformis also a half of,the normal pitch based on the
pitch frequency nunber data (1/f0); the period of the second-group formant
sound waveformis twi ce as great 10 as the normal period. In the conbi ned

functional axek dhageaseal €H0.a l4alulee 6peresponding step the/ aestiesgond
to the route beginning at an arithnmetic unit ALU4(S7, S17). (11) Operations

of Digital mmujtdiplicatdissorfdodiosr aits Slelaydd tididGudgh eph&l8epayf cimsuits
operations for nmultiplying a periodic function waveform corresponding to a

center freqdéncylby LBeandk rkd abvve rdtal sdghay Bimehamoreespordingl ted
tone vol une envel ope, in order to'%snerate a noi se formant sound 20

wavef orm AFhIESWFLPRK| PEAEeEagndEheD)wipktheny vigs the oukpytseeptradtary
2ets! 5005 St ebiraotaBE Shoh S s Bk i isiuatl Leelets
S oL 1 WplAl 0 8 gl € o e oo <1 gna
pul ses after .Steﬁ'lél@:pea;@:l:ions of steps S0, S3 and S6 correspond to the
route leading from a vibrato data generatof 12a(s0) to the
arithmetic unit ALUl(S6) in the'combined functional block

10 diagram of Fig. 10.

-(2) Operations of Digital signal processor DSPl at Step S9

As shown in items (a) and (b) of Fig. 15, at step S9,
data #REGl is set to be fed to the A input of the arithmetic
.unit ALUl, and fhe current value (i.e., latest accumulated-

15 value) of modulating wave phase data PGfl is set to be fed to
the B input of the arithmetic unit ALUL.

More specifically, in the ekample of Fig. 5, the pitch
frequency number data obtained at step S6 is stored into the
register REGl at this step S9, three clock pulses after step

20 S6 (see item (d) of Fid. 15), and is then immediately output
from the register REGl as data #REGl. The selector 10
selects the data #REGl, which is then passed thrbugh tﬁe
log/linear converter and shifter 14 without being processed
thereby, and then sent wvia the delay circuit 15 to the A

25 input of the arithmetic unit ALUl. Meanwhile, at this step
S9, the current value (i.e., latest accumulated value) of

modulating wave phase data PGfl of the current channel is read

out from the memory RAM1 and then sent as data #RAM1 to the



the selector 50 is caused to select this data #4. Meantine, - 123 - the
| ogarithm c value data of the periodic function waveform corresponding to

t he noi se-synt hesi zi ng center frequency obtained at step S13 is stored into
the register REG4 at step S17, four clock pulses after step S13, and out put
as data 5 #REXA fromthe register REA at step S18. The selector 51 is
caused to select this data #REGA. Thus, .tjhe_arithmetic unit ALU4 adds
together the logarithm c value of the périodic function waveform
corresponding to the noi se synthesizing center frequency and 10 t he

| ogarit hm cguabbeodata.of Thiae seactioat i1ve iicsisidina ddfect Friven tdad-
antilogarithmc viewoint, this addition is equivalent to nultiplying the
peri odi ¢ fuboati aataa#rAMI M [Thd odudatdngt wawenpheeesdghal PBAR seleqtedby
performa process for generating a signal obtained by anplitude-nodul ating
the 15  pebyodihe f satectorwdiefis mthenh narsashr thravghe the stog/ iaganyr
In this manner, a noise formant sound is synthesized. Consequent | 3 %2&

sel ect or 64ceonvester: ard fhif tax) 16owi Koyt PRIRI BFIGRSH HHeTedY: A
above-nenti oned operation at st S18, Thus, . the, itu nmodul ati o
resul t Pl ogiPi tHhig B Zénpui‘FaIQfe)'S{)ﬁ ?ﬁ%tg?'??ﬁﬁew&%mfflhm WeYs eﬁ , -@r\}?a
t he del ay chrguit 35 Q e&%lom/underflom/controller 56 functioning as a
liniter and8ERXy SEEFEE 127, to the Iog/linear converter 58 where it is

converted into a@ﬂﬂgj!éﬂgﬂﬂédHfSEfﬁa'ﬁ%vé”?%equency number is added to

the current value of modulating wave phase data PGfl by the

arithmetic unit ALUl, so that the wvalue of modulating wave
10 phase data PGfl is incremented by a value corresponﬁing to the
modulating wave frequency number. The addition result of the
.unit ALUl is, after being delayed through the delay circuits
15, 17, 18, 19 and 24 by a total delay time corresponding to
four clock pulses, stored via the output controller 20 into
15 the storage area, for modulating wave phase phase data PGfl
of the current channel, of the memory kAMl at the timing of
subsequent step S13 which will be described later.
In the combined functional block diagram of Fig. 10, the
functional blocks of this step S9 correspond to a portion for
20 generating the phase data PGfl_in the route leading from the
arithmetic unit ALU1(S6) through the selector SEL1 to a phase
generator.ALUl&RAMl(Sl3, S16). The selector SELl1 has the
selecting function to select and cause the output of the
arithmetic unit ALU1(S6) to be accumulated in the phase -
. 25 generatér ALU1&RAM1(S13, S16).
(3) Operations of Digital signal processor DSPl at Steps
S2, S5 and S8 |

In Fig. 15, steps S2, S5 and S8 execute control to



resul tant converted antilogarithmc value is output fromthe 25 sel ect or
64 by way of the delay circuit 59. The antil ogarithm c val ue data
output fromthe selector 64, i.e., the result of the above-nentioned
anplitude nodul ation operation is passed through the shifter and | og/li near
- 124 - converter 65 w thout being processed thereby, and sent to the
menory- RAMA by way of the delay circuit,§{._ Then, the anplitude
nodul ation result in antilogarithmc formis, after being delayed by a
total delay tine corresponding to five 5 clock pulses, witten into the
storage areghah@é NEitch f Of Fediiersey ncthumitwaf OrFNUMI alnl Riacrfordenarir neith
channel, of the nenory RAMA at the timng of step S2 of the next channel
(see item (edmpletelly e Isameheprocbdnedsf et ishiens bBO:k 8Bagrath 636 Fi g.
14, the 10 operations of step S18 correspond to the route passin%:through
an arit hnet desonibedl Uabeus) , wiBhese hesteps hnedues, data (eompletely
corresponds to the arithnmetic unit ALU4 of Fig. 7, Iiéﬁte qg81§2
l(:or/rlespondsdlfﬁe¥%to§§?'fllW%ﬁ??%@&ﬁr%‘?ﬂéﬁ @ i Iﬁ‘b‘i SéI;, erause
'og/linear converter 58(S18 5 corresponds..to the | i vepter
28 o:‘ FPg. ?{‘iﬁn‘éﬁ% ?ré‘b’ri‘%]]é% %Iﬁ’g) F%Wesggﬂa‘réyt Oa?ﬁé&%ﬁé%%ﬁ%%i_, 7.
sel ect or es | e t Watal L on
wavef orm co?ge?b‘gg%é n%é)&to}'dqs'htel%cteflrel’ﬁ' %%%?gé}é‘ggﬁﬁelgaggg %ﬁmgﬁ%f%(?rua{r‘%@%é
foll'ow ng cgpLpglsh! aghs U s6'hY chngel a! B2equency number based on the

pitch frequency number FNUM, they generate a frequency number
for the second FM operator OP2, i.e., carrier wave frequency

10 number.as a chénged pitch frequency number FNUM..

First, similarly to steps SO and S3, at steps S2 and S5,
control is performed for, in accordance with attack glide data
AG, changing pitch frequency number FNUM designating a pitch
of ‘tone to be generated.

15 At step S8, the pitch frequency numbér FNUM converted
into an antilogarithmic value at step S5 is fed as data #REGl
to the selectors 10 and 11 to be selected thereby, and the
selected data are applied to the A input and B input,
respectively, of the arithmetic unit ALUl, in a similar manner

20 to step S6. Also, at this step S8, frequency multiplication
parameter MULT2 is applied to the controller 23 via the
selector 22. Thus, ﬁnder the control of the controller 23
based on the applied parameter MULT2, the log/linear converter
and shifters 14 and 16 perform shifting by a predetermined

25 .number of places, and positive/negative sign inversion. As
previously mentioned, this is for the purpose of performing.
an arithmetic operation of an optional multiplication factor,

except for two, such as three, five, six or seven.



20 formant followi ng control flag URVF is at "0", the elector SEL1

sel ects the periodic function waveform data corresponding to the unvoiced
formant frequency phase data PGu fromthe route of the |og/sine table
62(S13) and gives the selected data to the arithmetic unit ALU4(S18).
However, if the 25 formant follow ng control flag URVF is at "1", the

el ector SEL1 selects the periodic functifg%ravefornldata correspondi ng to
the formant frequency phase data PG 1l oOr 2 passed fromthe route of the
shifter and linear/log converter 60&62( SO0, - 125 - S10) and gives the
sel ected data to $je+Rikt WBlddy UnitedbdléslBlmbet2)asMe" 8 | AN ¥gudrty al
signal processor DSP4 at Step S20 5 In conbination with step Sl of
the next chadgdrmsiaP 830 DeEFQaSEn@Phd | pDEchOrfiafiRirady No£f | tahe f GyTaNt
sound waveform data by adding together first and second formant sound
wavef or ns. Asasdmetrer NMUL®P2s isn) gendrébedofasd-i g. chtrrisr t wavestineqiencyS20,
no data is set to be fed to the A input of the arithnmetic unit ALU4, while
first-group memkdns mThe camien wave tiraguenay rumber Rlategpumareased ke t

ALU4A. More specifically, waveformdata TR1 of the _current channel (i.e.
first-group @ oVﬁ&H@ WW% gat BHhe sdesirede gyldiiple off Ko y
_RAIVH at pred‘l(:al%:c%un&l{]et e;“ elré?( %qgchq?tg 15, 17, 18 and 19 by a total delay

time corresponding to three clock pulses and then written via

the output controller 20 into the register REG1l at the timing

of subsequent step S11 which will be desdribed later (see item
10 (d) of Fig. 15).

The operations of steps S2, S5 and S8 correspond to the
route leading from the vibrato data generato; 12a(S0) to the
arithmetic unit ALU1(S6) in the combined functional block
diagram of Fig. 10.

15 (4) Operations of Digital Signal Processor DSP1l at Step
S16 |

As shown in items (é) and (b) of Fig. 15, af.step S16,
data #REGl is set to be fed to the A input of the arithmetic
unit ALUl, and the current value (i.e., latest accumulated

20 value) of carrier wave phase data PGf2 is set to be fed to
the B input of the arithmetic unit ALUl.

More specifically, in the example of Fig. 5, the carrier
wave frequency number data stored into the register REG1l at
step S11 and is output from the register REGl as data #REG1

25 to be fed to the selector 10 which, at step 16, is caused to
select the data #REGI1. The data #REGl selected by the
selector 10 is passed through the log/linear converter and

shifter 14 without being processed thereby, and then sent via



sent via the delay circuit 68 to the selector 51 to be selected thereby. No
data is selected by the selector 50. Thus, the first-group waveform data
TR1 is passed through the delay circuit 54 and arithnetic unit ALU4 wi t hout
20 being processed by the unit ALU4. Then, the waveformdata TRl is,
after being delayed through the delay circuits 54, 55 by a total delay tine
corresponding to two cl ock pul ses, passge hrough the overfl ow underfl ow
controller 56, and output as data #4 at % timng of step S1 of the next
25. channel (see item(c) of Fig. 13). (13) Operations of Digital signal

processor D3k aeRiPhctic@it Negt t&hanaelA AnitoveE | thé t @FBthaetasdunbl of
Fig. 13, at this step - 126 - S1, data #4 is set to be fed to the A

i nput of theran.t hvdanwhinid, AtlU4hishisttepdsiis,#Rhédcusrenat tralbe {ddet.g t he
B input of the unit ALU4. More specifically, the waveform data TRl '
(first-groudeékest mommulstad vadued)ood datra)ierewdveuphasestiafaSPELaf otfhe
precedi ng channel is output as data #4 at step Sl1, two clock pul ses after
step ‘S20, arthe saryendcchanpeli iscrasdoeb Segreckhe menarm . apeaithere,

t he second-group forpmant sound waveform data obtai ned at St§$ S17 ?f t he

precedi By ciE8iHela8 (Pata #RAML oHo; fhE SRderdgrsidr RERDE fFeleshoRolls 46
clock pul Sescaq}cé[eed’ tsc;[ eé)elselc:?t 'ﬁ':ned J:Qeuéci)-uéu@ Sd::(\j'éiat a#fﬁ@ﬁ‘l f&'ﬁ@ }:Q%rier wave
phase data PGf2 selected by the selector 11 is then passed
'fhrough the log/linear converter and shifter 16 without being
process thereby and fed to the B input of the arithmetic unit

10 ALUl by way of the delay circuit 17.

Thus, the carrier wave frequency number is added to the
current value of carrier wave phase data PGf2 by the
arithmetic unit ALUl, so that the value of carrier wave phase
data PGf2 is incremented by a wvalue corresponding to the

15 carrier wave frequency number. The addition result of the
unit ALUl is, after being delayed through the delay circuits
15, 17, 18, 19 and 24 by a total delay time corresponding to
four clock pulses, stored via the output controller 20 into
the storage area, for carrier wave phase data PGf2 of the

20 current channel, of the memory RAM1 at the timing of
subseéuent step S20 which will be described later.

In the combined functional block diagram of Fig. 10, the
functional blocks of this step S16 correspond to a portion for
generating the phase data PGf2 in the route leading from the

25 arithmetic unit ALU1(S6) through the selector SELl1 to the
phase generator ALUl&RAM1(S13, S16).
(5) Operations of Digital signal processor DSP1 at Steps

sS4 and S7



register REG4 at step S1 of the current channel. The selector 51 is
caused to select this data #REGA. Thus, the arithnetic unit ALU4 adds
together the first- 15 and second-group formant sound waveformdata to
provide a final formant sound waveform |In response to the above-mentioned
operation at step Sl1, the selector 64 selects the data fed to the 7 input.
I'm addition, the overflow underflow contpgller 56 functions as 20 a
limter, and the shifter and | og/linear ¢converter 65 is caused to allow the
fed data to pass therethrough w thout being processed thereby.

Consequent |y, th’g_tg'bgal séYyrdfiesiszedofor FBgt SHBIndneaveher msdmea ast pehe from
the arithnmetic unit ALW is sent, via the delay circuit 55,

over f | ow ungderiéoporSing cotspo|dRIFigs Andwbekrecoperstiions ate pewformedind

| og/ | inear converter 65 to pass therethrough w thout being processed -

t her eby, anflorhepreparing i phasehedatar aBeU aQETFRONGHNAT ot dat LanELHf

the current channel, of the nenory RAWA at _the - 127 - _timng of step

S4, three cEsequpnrEedost maise efPmantee IPerthe)Fr SEPYRERIS %R‘f{eex%ﬁrpl e

I A T Ml B s S

normal pi ¢ b £17 10 L BRcBaPEROFCUEHE R o Plle SoRace MR RO ORE: Mol ST he
is stored into the storage area, for phase data PGu, of the
memory RAM1 at step S11 and then used for noise formant sound
synthesis in digital signal processor DSP4, in a manner

10 similar to the above-mentioned. '

In the combined functiénal block diagram of Fig. 10, the
operations of steps S4 and S? correspond to the route leading
from a modulation data generator 12g(S4) to a phase generator
ALU1&RAM1(S7).

15 (6) Operations of Digital signal processor DSPl at Steps
S11, s12, S19 and S20

Steps S11, S12, S19 and S20 of Fig. 15 are eésentially
the same as the corresponding steps of Fig. 9, where the
waveform data TR1, TR2, TRu of the individual channels stored

20 in the memory RAMl-are multiplied by the.left and right level
control data based on fhe pahqing parameters PAN, uPAN, and
the resulfant level-controlled waveform data of all the
channels are summed to provide left and right mix data MIXL
and MIXR.

25 As in the foregoing example, the "mixing operations" at
these steps S11, S12, S19 and S20 correspond to the route of
the digital mixer ALUL&RAM1(S11, S12, S19, S20) in the

combined functional block diagram of Fig. 14.



IS obtained by adding the first- and second-group formant sound wavef orns
(items (e) and (f) of Fig. 18) which have 10 been conbined via

nodul ati on based on w ndow -function wavefornms phase shifted from each
ot'her by 180[err] and each of which has a frequency of 1/2f0. The

resul tant synthesized formant sound waveformis stored into the storage
area, for waveformdata- TR2 of the currenfe channel, of the nmenory RAMA. 15
As a nodification of the operations of s eps S20 and S1, only the
second-group formant sound waveform data may be stored into the storage
area, for wavef(gnmopuratiidhs @£ gD raidAl, proddsstr BSPY atdedhert h
the first-group formant sound waveformdata. In such a case, the
first-group Stepsant 20 sound waveform data will be stored into the
storage area, for waveformdata TR1, of the nemory RAM4, while the

second- group f or (En& qnﬁnﬂtmwm%mﬁnﬁkamed Wyl theearishmgtigt yndkeAEVdr age
area for waveform data TR2. t he_conbi ned functional bl ock diagram of
Fig. 14, th&teps SHder aﬁlr%nss%? §?‘ép§2§29faﬁd-981 ](ﬁ)rﬁre%p%ﬁﬂe?ﬁl?ﬂéy r §BBe of
a register ALUAGRAMA( S1 S20,..S1), where t and second- o 9LBY

For mant SsouRMEaAR oFRPRE: ST | HETFREPPPALEE SRRSO  Edper o SrBily

added and r The
route of reé%s eer_ &?UEEQ%?%# e@ﬂ?tlgl corr@?%ﬁ%%%e ?:%g?a?&éné of
the ar'th”?¥h%29”Tbm&EU$dﬁﬁi’“ﬁEWé%éywﬂguch operations are meaningless

in the FM synthesis since no such phase are not used in the

FM synthesis. For programming simplification, the program for
10 the FM synthesis partly oveflap the program for the formant
sound synthesis in +the present embodiment, and thus FM
synthesis program compietely devoid of these step operations

may be used.
The operations of step S17 of Fig. 15 are different from
15 those of step S17 of Fig. 9 in that the result of step S13 is
" stored into the storage area, for phase data PGpl, of the
memory RAM1 for the following reasons. Namely, becausé the
arithmetic operations, at step S13, of the arithmetic unit
ALUl are meaningless in the FM synthesis as mentioned above,
20 the correct modulating wave phase data PGfl written in the
storage area for phase data PGfl at step S13 will be
undesifably spoiled if the operation result of the unit ALUl
is written into the storage area for data PGfl as at étep S17
of Fig. 9. Thus, at step S17 of Fig. 15, the result of step
25 S13 is stored into the storage area, for phase data PGpl, of
the memory RAM1 whidh is not actually used in the FM
synthesis; in order to avoid such an inconvenience. That is,

although part of +the program for the formant sound



- - Exanpl e of Formant Sound M xing Operations of Digital signal 5 processor
DSP1-- Referring back to Figs. 5 and 9, an exanple of the "m xing
operations” of the first digital signal processor DSPl1 will be descri bed.
(1) Operations of Digital signal processor DSP1 at Step 10 Sl At step
S11, operations are performed for m xi ng synthesized formant sound waveform
data of the individual channels into tbgbifti speaker of the sound system
SS. As shown in itens (a) and (b) of Fig. 13, at this step 15 S11,
waveformdata TR2 is set to be fed to the Ainput of the arithnetic unit
ALUA of Fi g.synthsldiizAndpt proftedsi Temainko iddbstdd Fbe Rspeviifiof sthesuni t
ALU4. More specifically, waveformdata TR2 of the current channel (final

f or mant soundhesey dfto doesa noto hiavien edbbandtdrigalersehefifects- oantthe FM
second- group formant sound waveformdata) is read out fromthe nenory RAVA
of the foursynthgsiging gpepcesscesone IMtign gof7)the ppzdctErishemay
timng. The read-out data TR2 is sent to the data bus DBUS and then fed as
dat a #RAMA tSPMEtdMEs @AvsrsedYofinglyense khbeoFM sypthesdripg,Proress 1syat a

(30 o UG AT PR e B0 S0SR AAE GRA o
gglmezﬂ)'r erlogf?-gxemela%;’vﬁbe@%%%ﬂgedo}?’a"ﬁié’{é‘aﬂatﬁg% SEhroteedody bBBa
Related to FM Synthesis--
Fig. 16 illustrates exemplary operations performed at
.various microprogram steps in the fourth digital signal
10 processor DSP4. This digital signal processor DSP4 performs
the "waveform generation operations" as in the example of Fig.
13, and such operations will not be described in detail here
to avoid unnecessary duplication, because the operations of
Fig. 16 will be clearly understood by reference to the
15 foregoing description of the formant sound synthesis method
of Fig. 13. Further, the fﬁnctions performed by the digital
signal processor DSP4 on the basis of the program of Fig. 16
generally correspond to those shown in Fig. 14. But, it
should be appreciated that step numbers noted in parentheses
20 at the end of the corresponding circuit elements correspond
to the program of Fig. 13, and do not necessarily correspond
to the program of Fig. 13. In Fig. 14, each functional block
corresponding only to the FM synthesis step of Fig. 16 is
denoted by a step number with notation "FM".
25 In Fig. 16, steps S0, S4, S5, S9, Sl1l1 and S14 mainly
perform waveform generation operations including a self-

feedback FM operation in the first FM operator OPl, and steps

s10, s14, s15, s19, s19, sS20, S1 and S4 mainly perform FM-



-.129 - shifted by the log/linear converter and shifter 14 under the
control of the controller 23 responsive to the left |evel control data
(i.e., the data TR2 is controlled in level in accordance with the left

| evel control data), and then fed to 5 the A input of the arithmetic unit
ALUlL by way of the delay circuit 15. Meantine, left tone mx data MXL is
read out fromthe nmenory RAML of the firg& digital 'signal processor DSPl
and then fed as data #RAML to the seléb} 11 of Fig. 5 to be 10 sel ected
thereby. The selected data M XL is passed through the |og/linear converter

and shiftersitnebasl bravErdrnCegonsribessbyopardtides isclbt@inde BM
I nput of the arithnmetic unit ALUL by way of the delay circuit 17. Thus,

‘the arithnmebperationdlifi tiddsetondt AMropératdr ORYnt Fasithed,f stepatssdund
wavef orm data of the current channel having been controlled in the |eft
| evel by th8lfef E1Beanfl S2npesiforat eperatilons dic prepane nalisae fodmanthe
addition result of the arithnetic unit ALUL is, after being del ayed through
the del ay cPpepdtiyayeforn daga, 135 fm Hhe exapple 0f Figp al3+¢i ms well-
Co T eSPNl Bk LB BeChR 5%, BATRSaaBable L iSOl ket 20 10
L e eobpgkabl ! kL bl ShBo B Bob358 HhETh PdaBinfo %
L1, Eanohe, SppateRLespLcanile! A5eaTLASK! 508 PG ensl gy gt
panning, argo88Useat tRE! Inpid"BHase data.  This embodiment is designed

to execute such a self-feedback FM operation in the FM

10 operator OP1. |

(1) Operations of Digital Signal Processor DSP4 at Steps
SO and S4
At step SO, operations'aré performed for generating
-waveform data in the first FM operator OPl.

15 As shown in items (a) and (b) of Fig. 16, at this step
S0, modulating wave frequency phase data PGfl (modulating wave
data) of the first FM operator OPl is set to be fed to the A
input of the arithmetic unit ALU4, while feedback waveform
data FR is set to be fed to the B inpuf of the unit ALU4.

20 - More specifically, phase data PGfl of the first FM
operator OPl1 for the current channel is read out from the
memory RAM1 of Fig. 5 at predetermined timing. The read-out
phase data PGfl is sent, as data #RAM1, to the data bus DBUS,
by way of which it is input to the fourth digital signal

25 processor DSP4 of Fig. 7. Then, the data #RAM1l is sent via
the rhythm sound generatbr 52 to the selector 50 to be

selected thereby. Meantime, feedback waveform data FR of the

current channel is read'out from the memory RAM4 of Fig. 7



to be stored into the storage area, for left tone mx data - 130 - MXL,
of the menory RAML. (2) Operations of Digital signal processor DSP1 at Step
S12 At "step S12, operations are perforned for mxing 5 synt hesi zed
formant sound waveform data of the individual channels into the right
speaker of the sound systemSS, in a simlar manner to step S11. The
operations of step S12 are different [ygq?tbose of step S11 in that right

| evel control data is read out from 10 he pan table 21 in accordance
with paraneter PAN designating panning of a formant sound is sent via the
sel ector 22aha- tfeR cadt Balther#rRaMAndol tHageleégbbrt Gle o X badateldeted S
read out fromthe nenory RAML and sel ected by the selector 11. Thus, the
arithneti c thetreBylUl drhiks megerpeRAM4Ae Has as\stdreger caréar famt stoombhg
wavef orm data of the current channel having been controlled in the right

| evel by theaveform| dath generatedatin Zhe tfhrsti Ft aperaterk QRk ade The
addition result of the arithnetic unit ALUL is, after being delayed through
the del ay cfeedbacgk)yaveformgdata ER Eorausgt din Jthe gelfy feegpack FM

corr eshendl S L SN Chash ooy RS oH VL BuE s PUl BieCOEO g 20 10
!\I./IhijR t her eOfso&}ldt B%nte'rgltgg Q\sz _SJ{se pn§% tsug]cedl,:i %o gtl'{asteetﬁée@a(tg) #HANE.' gis 9).
passed to the selector 50 without being processed by the
generator 52.
Thus, the arithmetic unit ALU4 adds the feedback

10 . waveform data FR to ‘the phase data PGfl of the first FM
operator OPl. In this manner, the phase data PGfl for
waveform generation of the FM operator OPl is modﬁlate&.with
a waveform generated in the same FM operator OPl in a self-
feedback fashion.

15 The selector 64 selects the data fed to the B input in
response to the above-mentioned operation at step S0. In this
waf, the operation result of the arithmetic unit ALU4 is
output from the selector 64 by way of the delay circuit 55,
overflow/underflow controller _56, waveform shifter 61,

20 log/sine table 62 and delay circuit 63. As previously
described, the waveform shifter 60 performs a phase value
changing process for a specific phase portion on the basis of
parameter WFl. The parameter WFl1l supplied at this step SO is
one prepared for the first FM operator OPl. Further, the.

25 - log/sine table 62 reads out sine waveform data in é
logarithmic value, in accordance with the phase data PGfl for

the FM operator OPl which has been modulated in the self-

feedback fashion and undergone necessary phase value



w th the operations of step S12 of Fig. 9 perfornmed for each 25 of the
channel s, sanple values of the synthesized formant sound waveform data of

t he channel s, having the right level controlled for the purpose of panning,
are sequentially sumred to be stored into the storage area, for right tone
m x data - 131 - MXR, of the nenory RAML. (3) Operations of Digital
si'gnal processor DSP1 at Step S19 At stq@geS19, left level control is
performed on noise 5 formant sound waveform data of the individual
channel s and the thus-controlled waveformdata are mxed into the |eft
speaker of &bavepsDenssst aentfonedaasowel ar manner to step Sl1. The
operations of step S19 are different fromthose of step S11 in that noise
wavef orm dat a (n@nsethieor ahovesnentioped vpargiex.m s4er) SRuperformsc fhent
channel is read out fromthe nmenory RAMA of the faourth digital signal

processor DSPLftfeedbackedM o quaration ang t HRVELgR® ¢abiegfne O%i a
the data bus DBUS to be selected by the selegtor 10 and in that left |evel
control dat BrPEesRoiBethe FingtofEM PPERALRE égﬁ'15 table 21 in accordance

cent via the sel SoPorionseinid CRPPEOrS, e kS G, WY Nabe
data M XL wrl t%ﬁgrinnﬁggggpgﬁ%ﬁe%s@ M SperhtdsS PGy dEdRs

data #RAML 'S the seféec
B input of the selector 64 is passed through the shifter and

log/linear converter 65 without being processed thereby, and
is, after being delayed through the delay circuits 53, 55, 61,
10 63 by a total delay time corresponding to four clock pulses,
written into the register REG4 at the timing.éf step S4_(see
item (d4) of Fig. 16).
Of course, no self-feedback FM operation is executed in
some of the FM operation algorithms. In such a case, control
15 is performed at step SO not to read out feedback waveform
data FR from the memory RAM4, or to cause no data to be
selected by the selector 51. Consequently, the arithmetic
unit ALU4 outputs the phase data PGfl of the first FM
operator OPl without processing the data PGfl, so that
20 waveform data not having undergone self-feedback FM operation
is read out from thellog/sine table 62.
(2) Operations of Digital Signal Processor DSP4 at Step S5
At step S5, arithmetic operations are performed for
controlling the amplitude level of the waveform data from the
25 FM operator OPl.
As shown in items (a) and (b) of Fig. 16, at this step
S5, amplitude level data LVL1 is set to be fed to the A input

of the arithmetic unit ALU4, while data #REG4 is set to be



20 Thus, the arithnetic unit ALUlL adds together the noi se waveform
data TRu having been controlled in the left level by the left |evel control
data and the left tone mx data M XL. The addition result of the arithnmetic
unit ALUl is, after being delayed through the delay circuits 15, 17, 18,

19, 24 25 by a total delay tinme corresponding to four clock pulses,
passed via the output controller 20 to %% menory RAML to be stored into a
storage area for left tone mx data M XC™tThereof at the timng of. step S3

of. the next channel (see - 132 - item(e) of Fig. 9). .(4) Operations of
Digital sigeah BbO€RESB' iRpht af thepubi@ Atvatep S20, right |evel control
Is perfornmed on noise 5 ormant sound waveform data of the individual

channel s and t hemblresspeotfothllyyaampbitudat hever dakadLVhl oséteing gluh
speaker of the sound system SS in a simlar manner to step S12. The

oper ati ons ahpiitpde’lbevel of fthe diirst FM operetolr OPdpisligead ouhtfrom
right tone mx data MXR is read out 10 _fromthe nenory RAML and sel ected
by the sel ethermemoryhRAMZ:Qf thetspeend digital (AigrRL RYREeFRPT tPRP2.
wavef orm data TRu havi ng_beepn controlled.in the right |eve] i accopgﬁnce
with the pafafeferdgeik &ﬁH"—‘Eh LRy LdodE FeRtuaEy B4R n%rdd\:?i °

result of tHEs8r KT LY Gl o wnddn 84 9 DEARG IEbRuRE tREQHER the
digital signal processor DSP4 of Fig. 7 and then sent to the -
selector 50. The selector 56 selects this data #RAM2, i.e.,
amplitude level data LVL1. Meantimé,:the logarithmic wvalue
10 of the waveform data from the FM operator OPl stored in the
register REG4 at stép S4 is read out therefrom as data #RAM4
to be selected by the selector 51.
Thus, the arithmetic unit ALU4 adds together <the
logarithmic value of the waveform data from the FM operator
15 OP1 and the amplitude level data LVL1. 'From the
" antilogarithmic viewpoint, this is équivalent to multiplying
the waveform data from the first FM operator OPl by the
amplitude level data LVL1. The amplitude level data LVL1
comprises time varying eﬁvelbpe daté, and where the wa§eform
20 data from the first FM is modulating wave waveform data, the
level data LVL1 functions as an amplitude controlling
coefficient for the modulating wave signal, i.e., as a
modulation index.
The éelector 64 of Fig. 7 selects the data fed to the &
25 input in response to the above-mentioned operation of step S5.
In this way, the operation result of the arithmetic unit ALU4
is applied via the delay 'circuitl 57 to the log/linear

converter 58 to be converted into an antilogarithmic value and



19, 24 by a total delay tine corresponding to four clock pul ses, passed via
the output controller 20 to the nenory RAML to be stored into a storage
area for right tone mx data M XR thereof at the timng of step S4 of the
next channel (see 20 item(e) of Fig. 9). The respective values of the
left and right tone mx data M XL and M XR are updated each tine one-sanple
data val ues of the formant sound waveform data and noi se waveform data for
all the channels are sunmed. 25 - A hough t he synt hesi zed formant
sQund wavef orm data obtai ned by addi ng together the first- and second-group
formant sougg.yay, @§ PuE A2 DS NSRLLESS B4 h@% VP VSE a@mé’ﬁié!ﬁhftﬁﬁhiﬂt 0
the storage area, tor waveformdata TR2, - 133 - nenory RAMA, the
data may besgummed after the three maveforn1TR1, TR2 and TRu have been
separately level-controlled for panning, in the case where only the
second- gr oup f or Th8t asbibdgsri et wavrefosm sdatadof nthéef intst apperateer f or
waveform data 5 TR2 as in the above-nmentioned nodification. In the

conbi ned f uPRY | aralnd| wedexticng anptifude level heongreohitanthCWPWE cfom] 1
S12, S19 and S20 of Fig. 9 correspond to the route of a digital m xer
148ALUIRRAMIRS] seleekorshd i90) afhper deinge| %%%YedsEEEIEBgPe%@%Yt he

10 function of sel ti ea out .t v for data TR2
regi ster RARMYGUTES 9, é‘g) r] gbg anétt‘?g % LTS °°rreSP°I%1ng_

to four clock pulses, passed through the shifter and

log/linear convefter 65 without being processed thereby and
then written into the register REG4 at the timing of step S9
10 (see item (d)lof Fig. 16). The antilogarithmic waveform data
is then.further delayed through the delay circuit 67 by a
one-clock-pulse time and written into the storage area, for
waveform data TR1 of the current channel, of the memory RAM4
at the timing of step S10 (see item (e) of Fig. 16). The
15 waveform data TR1 thus stored in the predetermined storage
area of the memory RAM4 at the timing of step S10 corresponds
to the waveform data generated in the operatdr OPL of the
current channel.
(3) Operations of Digital Signal Processor DSP4 at Steps
20 S9, Sl1l1 and S14
At these steps S9, S1l1 and S14, operations are performed
for controlling. the self-feedback level of the first FM
operator OPl and also for preventing hunting (or oscillation)
from being caused by the self féedback.
25 First, at step S9, the waveform data TRl stored in the
predetérmined storage area of the memory RAM4 (corresponding
to the waveform data generated in the preceding sampling

cycle) is read out therefrom and fed as data #RAM4 to the



fourth digital signal processor DSP4 and sending the read-out data to the
first digital signal processor DSPl1 for the m xing operations. 15 As
has been so far described, tone waveformdata (left and right tone m x data
M XL and M XR) is prepared in accordance with the formant sound synthesis
met hod t hrough the cooperation of the digital signal processors DSP1 to
DSP4 and then stored into the menory RAMLof the first digital signal 20
processor DSPl. The thus-prepared tone veformdata (M XL and MXR) is
then read out fromthe nenory RAML of the first digital signal processor

DSP1 at pregdgigsgbredit £l ba sedettl theredydi giNAlddtn ans gl eotadrber
DAC by way of the data bus DBUS and interface DI F. 25 - - Exenpl ary
Operati ons thé [B¢lidctor sighal psocessmsdISH] Rbleat edvedoEM SfataesTRL -
Now, a description will be made about exenpl ary operations perfornmed when
t one wavef ogeneyatédsis ithe opdeceding sampling igyclscoiglaseatwivia tbeeFm
synthesis nethod through the cooperation of the digital signal processors
DSP1 to DSPdelapwestrcutticPhpdicnt ithes orithmeddeonyniditd ARVAd g?gi?%ﬂ;s

signal processors DSP2 and DSP3 wi ||l not be described here 5 . because.the
run t heSsanEhArerBEPEgh a HPRGPISRSCret hotPeR! | ﬁ%ﬁegﬁ)ﬁﬁvmnﬂﬁon%ﬁs?%‘? man%/

Zggﬂ(rjrezy? Lg %abgﬁttt}?g 'dellagr E:Q%CL?‘U .arr]'% 8%%%%&8%98%8&%&' cozix{:rga,fler
56 and output as data #4 at the timing of step S11, two clock
pulses after step S9 (see item (c) of Fig. 16).

At. step. S11, the waveform data TRl of the first FM

10 operator OPl generated in the preceding sampling cycle and
output as data #4 is fed to the selector 50 to be selected

' thereby. Also, the waveform data TR1 of the first FM
operator OP1 generated in the current sampling cyclg and
stored in the register REG4 through the operation of stép s9

15 is fed as data #REG4 to the selector 51 to be selected
thereby, Consequently, the waveform data TRl of the first FM
operator OPl generated in the current and preceding sampling
cycles are added together Ey the arithmetic unit ALU4. The

" reason why the waveform data TR1 of-the first FM operator oPl

20 generated in fhe current and preceding sampling cycles are
added together is to prevent hunting (or oscillation) from

being caused by the self feedback.

In response to the above-mentioned operation of step
S11, the éelector 64 of Fig. 7 selects the data fed to the 7. -

25 input, and a feedback level conﬁrolling coefficient is
generated from the controller 66 in accordance with feedback
level designating parameter FBL. Thus, the shifter and

log/linear converter 65 down-shifts, by one bit, the fed data



operation elenents are used as FM (frequency nodul ati on) wavef orm operation
el ements, which will be called first and 10 second FM operators OP1 and
OP2. For exanple, in one FM operation algorithm the first FM operator OPl
generates a nodul ati ng wave signal, while the second FM operator OP2
perfornms a frequency nodul ati on operation of a carrier wave signal with the
nodul ating signal 15 and an operatiogFi$bgpnerate a nodul ated wavef orm

si gnal - based on the nodul ation result. FOr  conveni ence of description, the
wavef orm generated by the first FM operator OP1 will be referred to as a

nodul ati ng w3y ean aaflothe werebepBnaengr aicetHy ddiseseead dr&EdipackateedP2
Wil be referred to as a 20 carrier wave, although the neaning of these
wor ds shoul ccormtirdid irgk eyoesfif istirendt lapid rehiem downr shii dittise thieMfegde dattiao by
algorithm the output fromone FM operator may sometines not nodul ate the
out put fr omanathsithdd tFinoprderocte execuke @n EVenKpisio caldmlatdornid /2v
operator may sometimes nodul ate phase 25 of the sane FM operator. I n
sone case, SHEWUBEBYmeSRIER &f fhe hunting: pysveatdnorpddptien, pdn
phase- mpdul ated wi th t he out put _wayeform of the second FM operator OP2. As
S rule, & he WS (MRRRFT .l CRPoRAlCHIBELCB0FeBHBE OF thaseriERmetiss Unit

oper at 015 S BPTL Th-GHE5F BN URAT S Sl oKL 955085 Y the
executes Op?{eeitd;? BirbRi2es6 e o%erflow/underflow controller 56, and the
averaging calculation and feedback level controlling operation
are performed by the down-shifting operations in the shifter

.10 and ;og/linear converter 65. |
Resultant output data from the shifter and log/linear
converter 65 is sent via the delay circuit 67 to the memory
RAM4 td be stored therein and is then, after being delayed
through the delay circuits 53, 54, 55, 67 by a total delay
15 time corresponding to three clock pulses, stored into the
storage érea, for feedback waveform data FR of the current
channel, of the memory RAM4 at the timing of step 814 (see

item (e) of Fig. 6).

In the combined functional block diagram of Fig. 14, the
20 above-described operations of steps S0, S4, S5, S9, S11 and.
S14 to generate the waveform data TR1 and feedback waveform
data FR in the first FM operator OPl correspond to the route
along which the bhase data PGfl is sent to a noise imparted
52(S0, S10) and then stored into a register RAM4(S7) as
25 waveform data TR1, and the route along which the waveform data
TR1 is controlled in feedback level by means of a feedback
level controller and register 65RAM4(S9FM, S11FM). In this

case, a selector SELZ corresponds to the function of reading



madul ati ng wave waveform and nodul ate carri er-wave phase the 5 basi s of

t he phase data generated by the FM operators OP1 and OP2 and to generate a
wavef orm on the basis of nodul ated phase data. An FM operation algorithmto
be executed is designated by the above-nentioned tone synthesi zing

al gorithm paraneter. 10 If, for exanple, the paraneter ALG is of val ue
other than "0", it indicates that tone_s%géhgsis operations are to be
performed in accordance with the FM synt is method, so that a

predeterm ned FM operation algorithmis sel ected depending on the current

val ue ("1" Qfut 2theOffeblBaPh! WRicHorM @atd NFRS fromecied| FeBaBECRX AEVAS,
all FM operation algorithnms nmay be inplenented by use of conmon

m cr opr ogr arsoritafolfAM1s yahd e tegistesU@s SRAVAI(ISIFM, ha8111Me) | ndi gi ¢ualemchty
operation algorithnms can be realized by only changing data to be used in
oper ati ons RAM# caied esupptvingepbe 2@ad-out GEtp B theéuaddereALELIBH,ary
operations perforned at various mcroprogramsteps in the first digital

si gnal procdsby. DSP1. The signal processor DSP1 perforns the "phase
operations” and "m xing operations” as in the exanBIe of FiB. 9, and such
operati ohs will bt RELoND L | Rightat | ShgnaloErocegsgyoPEPEnAdc SeR v
duplication, Qgcause the operations of Fig. 15 will be clearly understood
by referencéto the foregoi ng description of the formant sound synthesis

met hod of Fig. 9'At Fgli:EBerSld,heoéé’P&'H&Qé B?:Ef %{é%xf}&’eé h?oiri rg%&'xerating

‘waveform data in the second FM operator OP2.
As shown in items (a) and (b) of Fig. 16, at this step

10 S10, phase data PGf2 (carrier wave phase data) of the first
operator OPl is set to be fed to the A input of the
arithmetic unit ALU4, while waveform data TR1 (modulalting wave
waveform data) is set to be fed to the B input of the unit
ALU4.

15 'More épecif:i.cally, phase data PGf2 of the second
operator OP2 for the current channel is read out from the
memory RAM1l of Fig. 5 at predetermined timing. The read-out
phase data PGf2 is sent, as data #RAM1l, to the data bus DBUS,
by way of which it is inpuf to the fourth digital signal'

20 processor DSP4 of Fig. 7. Then, the data #RAM1l is sent via
the rhythm sound generator 52 to the selector 50 to be
selected thereby. Meantime, waveform data TR1 of the operator
OP1 for the current channel is read out from the memory RAM4
of Fig. 7 and fed as data #RAM4 to the selector 51 to be

25 selected thereby. Thus, the arithmetic unit ALU4 adds the
waveform data TR1 (modulating wave waveform data) of the first
FM operator OPl1l to the phase data PGf2 of the second FM

operator OP2 to thereby execute a frequency modulation



-.136 - digital signal processor DSP1 on the basis of the program of Fig.
15 generally correspond to those shown in Fig. 10. But, it should be
appreci ated that step nunbers noted in parentheses at the end of the
corresponding circuit elements 5 correspond to the program.of Fig. 9, and
do not necessarily correspond to the programof Fig. 15. In Fig. 15, steps
SO, S3 and S6 are directed to control tggghange pitch frequency nunber
FNUM so as to prepare a frequency nunber, i.e., npdul ati ng wave frequency
nunber for 10 the first FM operator OPl. Step S9 is directed

t o accunul abpagatben{requency nunbers obtained for the first FM operator
OP1 at steps SO to S6, so as to prepare progressive phase data (i.e., .
nodul ati ng wave PFhesseldet&prPéilsedecthetbpedater fe@1tolshe B inputtimr,
steps S2,- S5 and S8 are directed to changing a frequency nunber based on
pi tch frequeRgponaabéEp mhawabgywqrﬁimraﬁar@%rat%qm&%ysmﬁbélp-i . eln
carrier wave_ frequency nunber for the second FM operator OP2. Ste glﬁ IS
di rected toth&8u¥aYat W@)QHE¥?F%RRn§ﬁ§V1ﬁUREéF?eoBgéFhﬂﬁtFﬁruPﬁE éﬁg S 20

FM 2 S2 3 ' . ph
AOLLORIE N NCRLE Qe R A e
conveni ence ool #9567 LRhERRLORNICoBRRG  JaL2 BE L Wb {Ainddber 62! and

second FM operators are denoted by the sane reference 25

characters gggyhensentfs1d rgaueasy Rhass daiacBekl 8¢ PGh2, pévoygsiyhey

are different™in contents. Except for the above-mentioned steps, step
procedures g8scribed, the waveform shifter 60 performs a phase value

changing process for a specifié-phase portion on the basis of
10 parameter WF2. The parameter WF2 supplied at this step S10
is one prepared for the second FM operator OP2Z. Further, the
log/sine table 62 reads out sine waveform data in a
logarithmic value, in accordance with the phase data PGf2 for
the operator OP2 which has been frequency-modulated and
15 undergone necessary phase value conversion as mentioned above.
In the above-mentioned manner, step S10 performs FM
operation and waveform data generation process in the second
FM operator OP2.
.The logarithmic waveform data (i.e., FM-synthesized
20 waveform data) of the second FM operator OP2 selected at the
B input of the selector 64 is passed through the shifter and
log/linear converter 65 without being processed thereby, and
is, after being delayed through the delay circuits 53, 55, 61,
63 by a total delay time corresponding to four clock pulses,
25 written into the register REG4 at the timing of step S14 (see
item (d) of Fig. 16).
Of course, no FM operation is executed in some of the FM

operation algorithms. In such a case, control is performed



t he "phase operations"” of Fig. 15 are generally the sane as - 137 -
those of Fig. 9 (Although there are several steps for preparing data
unnecessary for the FM synthesis, the results are not used in the FM

synt hesi s and hence no substantial problenms any be involved). Step
procedures in the "mxing 5 operations" are also generally the sane as
thHose of Fig. 9. Therefore, particul_a descriptions wll be nmade

her ei nbel ow about operations at steps SO, S3 and S6; operations at step S9
based on the results of steps SO S3 and S6; operations at steps S2, S5 and
S8, and opeazftsess SHo kbt td eealdl butagadefdrinh@atasPRl Sfobm Stieg meRyrs5
and S8. (1) Operations of Digital signal processor DSP1 at Steps SO S3 and
S6 In Fig. RAM4StepstSOcamsSe amnl Eftaxes be smivacidd thy cthegelsetor 51.
frequency nunmber FNUM in accordance with 15 conpletely the sane

procedur es @ensegpently, Stheraridhmgtin gnid ALU4 ouspuist Eheophasrdata hat
t hese steps produce data conpletely different fromthose prepared by the
cor r espondi RgE3tehthe sependoFMePRESHER @%M%@?P?%EEQE?@S?EQth%eXata

Sot el 9 Lghert SaLa, B AU BLES, SRl 30 Shefitiod”,
gener at e a FPeRuERCS RuRRER PRS- Tha?Bbar tRRIELERA or PL. T o, modul ating
wave frequency(5) Operations of Digital Signal Processor DSP4 at Step
| S15
At step S15, arithmetic operations are performed for
10 controlling the amplitude level of the waveform data generated
in the second FM operator OP2, in a similar manner to step
S5.
The procedures taken at step sl5 are generally the same
as those of step, except that at step S15, amplifude level
15 data LVL2 setting an amplitude level of the second FM oﬁerator
OP2 is read out from the memory RAMZ of the second digital
signal processor DSP2 and selected by the selector 50 as data
#RAM2 to be fed to the A input of the arithmetic unit ALU4,
while the logafithmic value of the waveform data generated_
20 from the second FM operator OP2 stored in the register REG4
at step S14 is selected by the selector 51 as data #REG4 to
be fed to the B input of the arithmetic unit ALU4f_
Thus, +the arithmetic unit ALU4 adds together the
logarithmic value of the waveform data generated from the
25 second FM operator OP2 (FM-synthesized wéveform data) and the
amplitude level data LVL2. From the antilogarithmic
viewpoint, this is equivalent to multiplying the generated

waveform data of the second FM operator OP2 by the amplitude



nunber based on pitch frequency nunber FNUM 25 First, at step

SO ‘control  is performed for, in accordance with attack glide data AG
changi ng pitch frequency nunber FNUM designating a pitch of tone to be
generated. As in the foregoing case, "channel synchronization operation” is
- 138 - perforned dependi ng on the val ue of t he channel
synchroni zation flag RBP (that is, FNU _FNUWh-1 is used as the pitch
frequency number FNUM. As in Fig. 9, n step S3 perforns operations to 5
convert the changed pitch frequency nunber FNUMinto an antilogarithmc

val ue by meapeedf ahbs 10G2! | RO amplYeLHE! 18WE] dutd avLR complrigesStimge
converted result 1s output via the output controller 20 of Fig. 5 at step

S6 to be stQaegingt enviedopegideita, RAl Antttiters iagveali tome yvdéramasldaen
#REGL to 10 the selectors 10 and 11. In this way, at step S6, the pitch
frequency nseteingNddt=onver sett iam coutrpwint tongavpilomec ofal the avayefpras i s
fed as data #REGL to the selectors 10 and 11 to be sel ected thereby, and

t he sel ect edatat genexaied fxom dhenhsesondy M sReBLOFH@P2-15 respecti vel y,
of the arithmetic unit ALUL. Al so, at this ste

mul ti pl Bcation pdhensedeaiorTP4 9LaFhei ef Fﬁl?EEggm;;%qgépf%% W hh?
ool SCLOT 22 ke PO £ Sl R o2 35 S8 LD,
shifping S15. In this way, the operation result of the arithmetic
unit ALU4 is applied to the log/linear converter 58 to be
converted into an antilogarithmic value, which is then output
10 from the selector 64.

The antilogarithmic waveform data of the second FM
operator OP2 having undergone amplitgde level control and
output from the selector 64 is, after being delayed through
the delay circuits 53, 55, 57, 59 by a total delay time

15 corresponding to four clock pulses, passed through the shifter
and log/linear converter 65 without being processed therebf
and then written into the register REG4 at the timing of step
819 (see item (d) of Fig. 16). The antilogarithmic generated
waveform data of the second FM operator (FM synthesized

20 waveform data) having a controlled amplitude level that has

| been stored in the register REG4 is subjected to arithmetic
operations at step S1 for the next channel as.will be later
described, three clock pulses after step S15, and is stored
into the storage area, for waveform data TR2 of the current

25 channel, of the memory RAM4 at step S4, another three clock
pulses after step SO (see items (c) and (e) of Fig. 16).

(6) Operations of Digital Signal Processor DSP4 at Steps

S20, S1 and S4



20 by a predeterm ned nunber of places, and positive/negative sign
inversion. As previously nentioned, this is for the purpose of per f or nmi ng
an arithnetic operation of an optional nultiplication factor, except for
two, such as three, five, six or seven. 25 I'n this manner,

frequency nunber data of a frequency determ ned by increasing the tone
pitch frequency by.a factor designated %d he paraneter MJLT1 is generated
as a nodul ati ng wave frequency numnber. € nodul ati ng wave frequency nunber
- 139 - data increased to a value corresponding to the desired '

mul tiplication faghes,i Satlekggpd S20,0ugh coaddelion cthati &s specilfic 1BMand
19 by a total delay tine corresponding to three clock pul ses and then
witten viacpezatibpublgonithinl bs deledted ntthe wavedgirnt datRECR1apft fhe
timng of subsequent step S9 which will be described |ater in _detail. The
oper ati ons d@firstteM SOpesgatand 084. cbsr sepdnPuty £remr Jhe rradehgrringfa
vi brato data generator 12a(S0) to the arithmetic unit ALUL(S6), in h%
conbi ned fustorags anesok Ao daragThh &f FHRe ¢yrresy lunso%f he

0 0112 1 0 L SRS o1 506 B AT, S0 e
oL et B CHES il dag P P g indS
. arithmetic unit ALUl. Thus, the waveform data TRl of the
operator OPl1 is sent via the delay circuit 54 to the
arithmetic unit ALU4 to pass therethrough unprocesséd. Then,
10 the data TR]_. is. passed through the delay circuit 55 and
overflow/underflow contrdllef 56 and output as.data #4 at the
timing of'step S1 of the next channel, two clock pulses after
step S20 (see-item (c) of Fig. 16).
At step S1 of the next channel, the data #4 (i.e.,
15 waveform data TR1l of the firsf FM operator OPl) is selected
to be fed to the A input of the arithmetic unit ALU4, and thé
data #REG4 (i.e., antilogarithmic generated wavefoim data of
the second FM operator OP2 having a controlled amplitude level
and stored in the register REG4 at the timing of S19) is
20 selected to be fed to the B input of the arithmetic unit
ALU4, as shown in items (a) and (b) of Fig. 16.
Consequently, the waveform data TR1 of the firét FM operator
OP1 and waveform data of the second FM operator OP2 are added
by the arithmetic unit ALU4. '
25 In response to the above-mentioned operation of step S1,
the selector 64 of Fig. 7 selects the data fed to the 7

input. Thus, the operation result of the arithmetic unit ALU4

is output from the selector 64 by way of the delay circuit 55



the B input of the arithnetic unit ALUL. Mrre specifically, in the exanple
of Fig. 5, the pitch frequency nunber data obtained at step S6 is stored
into the register REGL at this step S9, three clock pulses after step 20
S6 (see item (d) of Fig. 15), and is then i mediately output fromthe

regi ster REGL as data #REGL. The sel ector 10 selects the data #REGL,

whi ch is then passed through the Iog/Lj&gar_converter and shifter 14

Wi thout being processed thereby, and thén“sent via the delay circuit 15 to
the A 25 i nput of the arithnmetic unit ALUL. Meanwhile, at this step S9,

the current anal Wrdd£low/Uile¥F1Lce CabHtabtllexal 56&) oassedul shrogghavehghase
data PG 1 of the current channel is read out fromthe nmenory RAML and then

sent as dat ah#FPéft andt heg/linea#0convelrteiro65] i thomts dedoig rprdecessedhused
to select the read- out data #RAML." The nodul ati ng wave phase data PG 1

sel ect ed bythexeby) cendr then sfedietopibec@nitihmafiia hanliogAkUgeadiacorhert er
and shifter 16 w thout being process thereby and fed 5 to the B input of
the arithneffta¥ini¢ingwitp y offhuge dEhgy eperation7 result (¢f the

dul at f i s added_to t t, val ue_of
modul a3 ng ABYEPRRELE Hals BEVE ohfefied trdnctie ATEHINE S5 TR The

val e of oSyl A0 VNS Ben BUA BBl an A AR EISREESHY S
of the 67 by a total delay time corresponding to three clock pulses,
stored into the storage area, for waveform data TR2 of the
current channel, of the memory RAM4 at the timing of step S4

10 (see item (e) of Fig. 6).

- If, on the other hand, no specific FM operation
algorithm is selected, control is performed.not to read out
the waveform data TR1 of the first FM gpefator OPl1 from the
memory RAM4 or to cause no data to be selected in the

15 selector 51. Thus,'at step S1, the arithmetic unit ALU4
optputs the generated waveform data of the second FM operator
orP2 withéut chaﬁging the waveform data, which is then stored
into the stofage area, for waveform data TR2 of the current
channel, of the memory RAM4 at the timing of step S4.

20 As the result, the waveform data TR2 thus stbred in the
predetermined storage area of the memory RAM4 will be utilized
as waveform dafa of an FM-synthesized tone signal.

In the combined functional block diagram of Fig. 14, the.
abovefdescribed operations of steps S10, 814, s15, s19, S20, -

25 Sl and S4 to generate FM-synthesized waveform data in the
second FM operator OP2 correspond to the route along which the

phase data PGf2 is sent to the noise imparted 52(S0, S10) and

then stored into a register ALU4&RAM4(S17, S20, S1) as



unit ALUl is, after being del ayed through the delay circuits 15, 17, 18, 19
and 24 by a total delay tine corresponding to four clock pul ses, stored via
t he output controller 20 into 15 the storage area, for nodul ati ng wave
phase phase data PG 1 of the current channel, of the nenory RAML at the
timng of subsequent step S13 which will be described later. In the

conbi ned functional block diagramof Fig,.40, the functional blocks of this
step S9 correspond to a portion for 20 geénerati-ng the phase data PG1l in
the route leading fromthe arithnmetic unit ALUL(S6) through the selector

SEL1 to a phasffser alata AESRAML (19 3,th3k5) caselhe tirl edlellectidx]l IHELZ he
selecting function to select and cause the output of the arithnetic unit
ALUL( S6) to dermespondsatted the thegihiase oI5 reaghimgy atudr thleli@RETDTSl datalo) .
(3) Operations of Digital signal processor DSPl1 at Steps S2, S5 and S8 In
Fig. 15, stefRl SEXragp she Sgegistere BAMA(SBY)io i.e., 14uemoxshaifdibi wad
frequency nunber. FNUM i n accordance.wth conpletely the same procedures as

steps SO, SPFuURRLKING che TRAf-Apodata todie addep ALY RQceS1dt a

conpletely different fromthose_prepared by steps SO S3 a 6 he se 5
They usd mntr i) dopetRtheng o8 DEREREF StaRofbarRoRpBRY BEPLoRts CHTeE o
Fig. 15 fol Ié)v'_\/a csorrpl etely the sane procedures as steps SO, S3 and S6 to
change a freqg é%cy nunber based on the

Steps S13, S16, S18 and S2 of Fig. 16, which are similar
the same number steps of Fig. 13, perform operations for
preparing noise formant sound waveform data to store noise

10 waveform data TRu of the current channel into a bredetermined
storage area of the memory RAM4. However, although steps 2
and S12 of Fig. 16 concern operations of window phase data
PGwl and PGw2 as at the corresponding steps of Fig. 13, 'these
operations are meaningless in the FM synthesis since no such

15 phase data are not used in the FM synthesis. Because the
program for the FM synthesis partly overlap the program for
the formant sound synthesis in the present embodiment just for
programming simplification, and FM synthesis program
completely devoid o.f:_' these step operations may be used.

20 The waveform data TR2- and TRu (and also TR1 when
necessary) of all the channels having been prepared in the
above-mentioned FM synthesis operations in the fourth digital
signal processor DSP4 and stored in the memory RAM4 thereof
are read out from the memory RAM4 and transferred to the

25 first digital signal processor DSPl1 via the data bus DBUS.
Thereafter, through the ‘above-described operations of steps
S11, sl12, S19 and S20 of Fig. 15 performed in the digital

signal processor DSPl, the tone waveform data of all the



"pitch frequency nunber FNUM they generate a frequency nunber for the
second FM operator OP2, i.e., carrier wave frequency 10 nunber as a
changed pitch frequency nunmber FNUM First, simlarly to steps SO and S3,

at steps S2 and S5, control is perfornmed for, in accordance with attack
glide data AG changing pitch frequency nunber FNUM designating a pitch of
tone to be generated. 15 At stgp1§? the pitch frequency number FNUM
converted into an antilogarithm c value al’ step S5 is fed as data #REGL to
the selectors 10 and 11 to be selected thereby, and the selected data are

appl i ed to &hénhelspliré@ntGuimdiutup r agpest | kavingofbéde asubjeeted uto t
ALUL, in a simlar manner 20 to step S6. Also, at this step S8,
frequency nléftprighti bavehrcomteol MASE] ion ddp ipahning (raxameters FAN 3
via the selector 22. Thus, under the control of the controller 23 based on
the appl i edapdr uBBNer amd Tthen heutpit | ﬁﬁeéﬁf@orﬂ%}ﬂé*glaﬁdtgﬁﬁf t“\é*l‘% dattayng
16 performshiftin a predetermned 25 nunber ages,
posi ti ve/ ne§t¥bvan |@ﬁ&ﬁnmw%ﬁ%nlefksaﬁﬂe$¥ﬂﬂﬂ3F9ﬂﬁnm athMJ%E;?Qﬂ t he
purpoce, of geci oLl g e A LUTEL < R AR, 0Bk el UL LR o
the pitcn rFRqRenty orePERE “ByBBiTafcrd, HhETHERAY SEReR 100 Y ' Car ??Z'r e
wave frequency For reference, the functions of the first and second FM
operators OoP1 énd OP2 performed through the above-described
cooperations of thé digital signal processors DSPl to DSP4 are
10 shown in Fig. 20, and Figs. 21A ahd 21B show in functional
block diagram exemplary FM operation algorithms. |
In Fig. 20, the function of the phase generafor PG for
generating the phase data PGfl or PGf2 of a modulating or
carrier wave in response to the pitch frequency number FNUM
15 is implemented by the first digifal éignal processor DSPl as
mentioned earlier. The functions of the portion including the
adder AD for modulating the phase data PGfl or PGf2 with the
feedback waveform data FR or modulating wave waveform data TR1
and the multiplier MUL for multiplying the read-out waveform
20 data by the amplitude level data LVL1 or LVL2 are implemented
by the fourth digital signal processor DSP4 as mentioned
earlier. Further, the function of the envelope generator EG
for generating the amplitude level data LVL1 or LVL2 is
implemented by the second digital signal processor DSP2.
25 Fig. 21A shows an FM operation algorithm that is
designated when the tdne synthesizing algorithm parameter ALG

is of wvalue "1". According to this FM operation algorithm,

the first FM operator OPl performs self-feedback FM operations



nynber. The carrier wave frequency nunber data increased to 5 a val ue
corresponding to the desired nultiple is delayed through the delay circuits
15, 17, 18 and 19 by a total delay tinme corresponding to three clock pul ses
and then witten via the outpuf controller 20 into the register REGL at the
timng of subsequent step S11 which will be described |later (see item 10
(d) of Fig. 15). The operations of steps ,_ S5 and S8 correspond to the
route |l eading fromthe vibrato data generator 12a(S0) to the arithnetic
unit ALUL(S6) in the conbined functional block diagramof Fig. 10. 15

(4) Operati i ¢ghddedidata PAFEl ofr E18€ SS@coMBPEM abpStapoH16PAs ishpnasien
itens (a) and (b) of Fig. 15, at step S16, data #REGL is set to be fed to

t he A input mfdullatedt iusimef,i @asumokudlatiingamadvehe wasreiforin dalttae (maveform

| at est accunul ated 20 val ue) of carrier wave phase data P& 2 is set to be
fed to the EatapFRlogentrated tfran itheuaperatipnsmse thede FM-synithesiigedhe
exanple of Fig. 5 the carrier wave frequency nunber data stored into the
regi st er RE@EV@form gatal igngutpubuepgenerpted ovaerfarin dagaclRe ofathe

#REGL 25 to be fed to the selector_ 10 which, at step 1 IS caused_to
sel ect the dat 2ORREEFOT Ofr Jat:P #RBAEF PCct &F b?é?ﬁe s%el Qgt drido 8-

passed (v ouglh bt oGl LReet SUNETHEY ral 4T hd W BRKLE"LF I e
‘arithmetic unit ALU4 so as to cause the first FM operator OPl
to carry out a self-feedback FM operation; at step S10,
waveform data TRl is fed to the B input of the arithmetic

10 unit ALU4 so as to cause the sgcond FM operator OP2 to add
the waveform data TR1 to phase data PGf2; and at step 20,
wavefofm data TRl is not fed to the B input of the arithmetic
unit ALU4 so that addition of the waveform data TR1 and TR2
is not actually éxecuted at subsequent step S1. |

15 In contrast, Fig. 21B shows an FM operation algorithm
that is designated when the tone synthesizing algorithm
parameter ALG is of wvalue "2". According to this FM
operation algofithm, the first FM operator OPl performs self-
feedback FM operations, while the second FM operator OP2 adds

20 together the two generated waveform data TR1 and TR2 to output
the sum of the data without performing FM operation. To this
end, at step SO of Fig. 16, feedback waveform data FR is fed
to the B input of the arithmetic unit ALU4 so as to cause the
first FM operator OPl to carry out a self-feedback FM

25 operation; at step S10, waveform data TRl is not fed to the
B input of the arithmetic unit ALU4 so.that the second FM
operator OP2 does not perform modulation of phase data PGf2;

and at step 20, waveform data TRl is fed to the B input of



-. 143 - the delay circuit 15 to the A input of the arithnmetic unit ALUL.
Meanwhi l e, at this step S16, the current value (i.e., |atest accumul ated
~val ue) of carrier wave phase data PG 2 of the current channel is read out
ffomthe menory RAML and then 5 sent as data #RAML to the selector 11.
The selector 11:is caused to sel gct the readtout’ datta #RAML. The carrier
wave phase data P& 2 selected by the sehgétgf 11 is % hen passed through the
| og/li near converter and shifter 16 w't t being process thereby and fed
tQq the B input of the arithmetic unit 10 ALUlL by way of the delay circuit

17. Thus, t8ReCaF{{ihe Y Urfifte ALORACHo EHDE addi tABIE O £t €hbhwavefotmtdatd ue
of carrier wave phase data P& 2-by the arithnetic unit ALUL, so that the

val ue of carkieandeyrR2phasactdabdlyCeretatedcaenenbsdghgnt stbpesSl.
corresponding to the 15 carrier wave frequency nunber. The addition
result of the. unith Alidk.i 2A aébdr 2Bei iy nieisgedormavtgisauns dzergratirgits

15, 17, 18, 19 and 24 by a total delay tinme corresponding to four clock
pul ses, stosedtipn NFE corpespropdsr &bl dhexfuneitdomoisigangrating nebse
carrier_wave phase data PG 2 of the 20 current _channel, of _the nepory
RAML af tWevefermndatsf TRUbdBq bRt ddadfadrFimmadh RGeS IROTR RFF DN
R
ot 3 PO oS LA BRI o A e b g
Qperations pf OLglt adysSiigRal opERaessAL DR -alhet @AFst digital signal

processor DSPl. Of course, whether or not to add the noise

1O waveform data TRu may be determined optionally.

It should be obvious that any other FM operation
algorithm other than the above-mentioned may be implemented
in any desired manner without departing from the spirit of the
present invention.

15 = [(Modifications]

As has been described thus far in connection with the
illustrated embodiment, the digitai signal processing device
performs tone waveform synthesizing operétions through the
cooperations of a plurality of digital signal processors DSP1l

20 to DSP4. |

While, in the above-described embodiment, wvarious
operations and proceéses for synthesizing digital tone
waveform are allocated to four digital signal processors, they
may be allocated to and performed by any plural number of

25 digital signal processors dther than four. Further, although,
in the above-described embodiment, the varioﬁs operations and

processes for synthesizing digital tone waveform are

classified into five major groups: "phase operations";



S4 and S7 - 144 - Steps $4 and S7 of Fig. 15 are the sane as the

correspondi ng steps of Fig. 9, where operations are performed for preparing

phase data PGu corresponding to a center frequency for noise formnt.
the FM synthesis node as 5 well, it is possible to synthesize a noise
formant sound, i.e., noise waveformdata TRu. The phase data PGu for noi
Is stored into the storage area, for Qh§%§ data PGu, of the nenory RAML
step S11 and then used for noise fornman 0

pr.ocessor DSP4, in a manner 10 simlar to the above-nentioned. In the

In

se
at

und synthesis in digital signal

conbi ned funehbema#:ebl Ophedhedbal" 9f Figoidd. (HSePREIGHEONS OfyabEPSIH4

and S7 correspond to the route | eading froma nodul ati on data generat or
12g(S4) to gepbfatigAneperatidhyl&RAMI( SMixidd operatHion&Pperthepnaapibe
Digital signal processor DSPl1 at Steps S11, S12, S19 and S20 Steps Sl11,

S12, S19 andl8geidfielli intdSother ensicrable Igraups .caffbadsisheatthoeghoninng

steps of Fig. 9, where the waveformdata TR1, TR2, TRu of the individual
channel s st Shed ahpve-desaribedrenbgdimentc Fhet Vprieyshpreratians apad
right level control data based an the panning paraneters PAN, uPAN, and
resul t aft IBvepgﬁﬁﬁﬁr8FPe81ﬁ5§éFbFﬁ1H%F% Bre spboyezmentiored £ive SHAdRH

provide 'efhr%ﬂgsrkﬂgta iéé%%%% M%X%our digital signal processors DSP1
to DSP4, the manner of _classifying the operations and
processes and the number of digital signal processors to be
employed may be determined optionally depending on the type
10 of tonal pfocessing to be achieved, the number of +tone
generation channels, the capability of the digital signal
processors, etc. For example, if +the number of +tone
generation channels is increased, a plurality of additional
digital signal processors performing the same operations may

15 be provided in correspondence to different channel groupé.
Further, the signal processing device may be arranged in
such a manner that the number of digital signal processors to
be incorporated in one system of the present invention can be
increased or decreased as desired by the user. For instance,
20 the parameter bus PBUS and data bus DBUS of Fig. 1 may be
extended so that any necessary number of digital signal
processors can be added. In such a case, additional control
processor' (CPU) and memory o.fz the microcomputer COM for
performing parameter supply control, additional input/output
25 interface, etc. may also be provided, in order to meet the
addition of arithmetic operation functions and tone generation

channels.

Furfhermore, while the above-described embodiment can

t he
to



and M XR 25 As in the foregoing exanple, the "m xing operations" at
these steps S11, S12, S19 and S20 correspond to the route of the digital

m xer ALUL&RAML(S11, S12, S19, S20) in the conbined functional block

di agram of Fig. 14. - 145 - (7) Operations of Digital signal processor
DSP1 at Other Steps The operations performed by the arithnetic unit ALUL at
st'eps S11, S12, S19 and S20 of Fig. 15_qr essentially the 5 sane as
those of the corresponding steps of Fig.sg whi ch generally concern
arithmetic operations of phase data P&l, P2, PGML, PGA2. However, such
operations é{n%lla?alﬂjdw egfe | PorB&nt Msoynidhasistisssice methodh apldasthenr BMnot
used in the FM synthesis. For programm ng sinplification, the programfor
10 the FM syghlRekispmethpdofer! synthesjzdgpgam ftome land cisredesianed to.
synthesis in the present enbodi nent, and thus FM synthesis program

conpl etel y dtooed e t tespectdpeopeienoprrgrans bdnysthe Aigl afignalof
step S17 of Fig. 15 are different from 15 those of step,S17 of Fig..9 in
that the repupcegsossep the GigdtRledSignslt RFESFSLRI o9V 19%, mﬁﬁgs%edat a

ks - oo BF B E5" el Gt LY 8 BB, VAR me a5 oHE
meani ng| essmiip:rgggogyalsngmt%%siosneasoPEHBL'Qn%gn%b%thesis methods other
than the above-mentioned.
Moreover, the present invention is not limited to the
applicétion where various operations and processes for
10 synthesizing dijital tone waveform are allocated to and
performed by a plurality of digital signal processors.
Functions for imparting various tonal effects such as
reverberation, chorus and pitch change may be allocated to the
digital signal processors so that impartment of various tonal
15 effects and acoustic effects is effected through the
cooperations of the processors. In such a case, digital tone
signal or sound signal to be processed is introduced into the
digital signal processing section, .and it is of course
possible to perform the digital tone waveform synthesizing
20 process in combination with the effect imparting process.
Moreover, the principle of the presenf invention is also
applicable to devices which synthesize or process human voice
or the like, as well aé devices which synfhesize or process
effect sound such as imitation sound for use in video game,
25 video/audio software or the like. Ih-effect, the present
invention may be applied to all types of 'sound signal
synthesis and/or processing.

Furthermore, the microprograms may be stored in the



20 the correct nodul ati ng wave phase data P&1 witten in the storage
area for phase data P& 1 at step S13 will be undesirably spoiled if the
operation result of the unit ALUL is witten into the storage area for data
PG 1 as at step S17 of Fig. 9. Thus, at step S17 of Fig. 15, the result of
step 25 S13 is stored into the storage area, for phase data PGpl, of the
menory RAML which is not actually used i]T%r?t he FM synthesis, in order to

avoi d such an inconveni ence. That is, although part of the programfor the

f armant sound - 146 - synthesizing process remains undel eted for
speci fi c st epgpubeidel imidaRprtRjrdinvausphist aattabnad\ter cRig! f 60t obnthée FM

synt hesi zi ng process, sone portion of the part which may sonetines
adversel y i ahdiendaalhaligitsaint stghal npruoesstsrs SDIPL eviol tDEP4 atint hanyst e
into anot her neani ngl ess operation. --Exenplary Operations of Digital '
si gnal procdesdredSrasiRidni eForoekanplai Akl aecesisgrylBicrpprogyess may
exenpl ary ogerat_i ons perforned at various mcroprogramsteps in the fourth
digital sighel fhxedly opresteredpdn thes farg (af gadRal apFavesssr thel
per forns thg "wavef or mqgfen ration ogeratj ons" as in the eiangl_e gf Fi 93 13,
and such op8PELTEHAONR 9L AOE BEeqLeLed fRFToPTRAZANS H 8L §CAIYRYY Te
unnecessary _duplication. because.the operat] f Flg.:16 %Jﬁ .Eﬂgarly
under st ood B %r &PeF SRRENES ?ﬁealge&?%gg §|Jﬁ IQ%eés)%rrrlﬁj’%?J(')anr?#\lI %gf:'ormaﬁt
. P .
sound Synth8§'§hgfg$ﬁ¥gnts of microprograms to be stored may be rewritten
or modified optionally under the control of the microcomputer
section COM. In the case where the contents of microprograms
10 to be stored are rewritten optionally, the microprograms do
not have to be rewritten for all the steps, but only
necessary program portions may be rewritten in such a manner
that program portions common to the formant sound synthesis
method and FM sound synthesis method or ignorable program
15 portions as mentioned above are left unchanged. This can
effectively reduce a time necessary for the program rewriting
and also can also effectively save storage space because
microprogram data to be prepared, for the rewriting, in the
microcomputer section COM need not be data of all the steps.
20 In addition, although the microprogram supply section 5
is provided in each of digital signal processors DSP1l to DSP4,
the microprograms corresponding to the processors DSP1l to DSP4
may be stored in common memory (or gate arrays) so that the
stored microprograms are sequentially read out in response to
25 the operation steps by use of a common program counter (or
timing signal generator analogous to the program counter) and

supplied to the corresponding signal processors.

In the above-descfibed embodiment, when data prepared by



of Fig. 13. Further, the functions perforned by the digital signal
processor DSP4 on the basis of the programof Fig. 16 generally correspond
to those shown in Fig. 14. But, it should be appreciated that step nunbers
noted i n parentheses 20 at the end of the corresponding circuit el enents
correspond to the programof Fig. 13, and do not necessarily correspond to
the programof Fig. 13. In Fig. 14, ea_(_:gig.prlctional bl ock correspondi ng
only to the FM synthesis step of Fig. 16 1s denoted by a step nunber with
notation "FM. 25 In Fig. 16, steps SO, S4, S5, S9, Sl11 and Sl14

mai nly perf onhe \Sdydftalmsjgnalatprocessomt(euts. | IMSRL) nand sebfedf tadibhek FM
operation in the first FM operator OPl, and steps S10, S14, S15, S19, S19,

S20, S1 andmemoxwyi rRAM p&heserfFMs utilizad- igynahethewd didgicfak nsignal
generati on operations includi n% FM operations in the second FM operat or
OP2. FurtheProsessorsife-die, B5B4dnd BSCBEFRBEYmM 8ptRat FEAY t BNPr epElLES

noi se formant sound waveform_data, .as, in the exanple . of Fig. 13. As wll- 5
inown | 1 n@PEretlonto i | SFSRRBaMK 1R AUEPEIVOIE] Hith (IR aFRRReRLVe

f eedi ngsvvavef.or m dat a

back 105t noHREBETONERPS. SEE08 RIS SAGRTIBN BRadketo e TRGnE
e e PELBERREEnBIEEY i ] SR OBERAlvl gl
St eps  present invention is not limited to such an embodiment where
necessary data read and write - operations are effected in
accordance with the respective microprograms of the signal
10 processors; for example, when data prepared by one digital
signal_processor (e.g., DSP1l) and stored in the memory RAM
thereof is to be utilized in another digital signal processor,
a data request may be given from the one processor to the
other processor so that the the latter operates to read out
_15 necessary data from its memory RAM in response to the request
signal and send the read-out data to the former. -
(additional Description about Channel Synchronization]
An additional description will be made hereinbelow
about an example of synchronized tone generation control
20 responsive to Values of the channel synchronization flags RBP
of the individual channels.

Figs. 22 and 23 are conceptual functional block diagrams
illustrating fhe tone generation channels CH1 to CH18 in
parallel form which are time-divisionally realized or

25 activated through the above-described cooperation of the
digital signal processor DSPl to DSP4.

More specifically, Fig. 22 shows a condition where the

channel synchronization flags RBP for all the channels are at



SO and S4 At step SO, operations are perfornmed for generating waveform data
in the first FM operator OPl. 15 As shown in itens (a) and (b) of
Fig. 16, at this step SO nodul ati ng wave frequency phase data PG 1

(rmodul ating wave data) of the first FMoperator OPl1 is set to be fed to the
A input of the arithnmetic unit ALU4, while feedback waveformdata FR is set
to be fed to the B input of the unit AL 20 More specifically,
phase data P& 1 of the first FM operator 1 for the current channel is
read out fromthe nenory RAML of Fig. 5 at predetermined timng. The

read- out phaseadaled JEE"DY,s SN, wifertitdadiRAbdne t gehidéfatitdn EHENRBUSisby
way of which it is input t'o the fourth digital signal 25 processor DSP4

of Fig. 7. nbhein 4 lstaad aofPddiorn swichnora zdd tdnd geneaatdopcconairoll 52
to the selector 50 to be selected thereby. Meantine, feedback waveform data
FR of the cwitbnanyhethelr chansedsout "KONK't te NEONLY" Rewpresentgkey-on -
148 - and fed as data #RAMA to the selector 51 to be selected thereby

The nenory RAGBaAgs O stthengboreegonaratinm nghaavelsy m ad a "deRlHat e§°| n

the first F erator OP1 as the feedback wavef orm dat FRfor se in the
Sorf feBibacENEMLE" " BEBFaRRBE, PAETHn 1oEdIenahe NAARSHS had s thede tOPRo

Dyt sound ABRSGALAT FapkMyat, S5 L ke TR LohoBgRAY ©
KON1 to KON18 and pitch frequency numbers FNUMl to FNUM18 sent
via the microcomputer section COM and interface CIF are
separately supplied to the corresponding channels CH1 to CH18.

10 Other.parameters correspon&ing to.the channels CHl1 to CH18
(parametérs other than FNUM and KON shown in Fig. 19) are
also supplied via the microcompufer section COM and interface
CIF ;o the éhannels. Thus, each of the channels, on the
basis of the supplied parameters, generates a tone signal,

15 haying a sound color characteristic according to a designated
tone synthesizing algorithm, at an individual pitch and tone
generation timing.

Fig. 23 shows a condition where .the - channel
synchronization flags RBP for all the channels are af a value

20 of "1",'i.e., where each tone generation chénnel is in a
state to perform synchronized tone generation control with
other channels. In the illustrated example, tﬁe flag RBP for
channel CH1 indicates value "0", the flag RBP for channels CH2
to CHK indicate value "1", the flag RBP for channels CHK+l

25 and CHk+2 indicafe value "0", the flag RBP for channel CHk+3
indicates wvalue "1", and the flag RBP for channel CH18
indicates value "0". Here, "k" represents an optional channel

number.



generator 52. Thus, the arithnetic unit ALU4 adds the feedback 10
waveformdata FR to the phase data P& 1 of the first FM operator OPl. I n
this manner, the phase data PG1 for waveform generation of the FM .
operator OPl is nodulated with a waveform generated in the sane FM operator
OPl1 in a self- feedback fashion. 15 The sel ector 64 selects the data
fed to the [err] input in response to th% abave- nenti oned operation at step
SO In this way, the operation result of®he arithmetic unit ALU4 is out put
fr_omtlhle sel egt or 64 by way of the delay circuit 55, overflow underfl ow
control ler 56, ; [ 1, 4 o] ' t ahe-rorith

circuit 63. %A%?gﬁﬁlgwﬁaeé%ﬂjb%gf tl%g %%e%?%ﬁgrlﬂ fter r%(?f perf%?bnrgya
phase val uegghgngBBy i OCESS£HRI a? drsific FH@eseDOr then ahel hepdwast ic of
paranmeter WF1l. The paraneter W1 supplied at this step SO is one prepared
for the firehaieDpes dontrolled tordirerhrdriieze withl adjeiningtcirmnels)
reads out sine waveform data in a logarithmc value, in accordance

wi th the phafesmaliePGthahoel t embar opefhuss PIthe exampke e Fiddwd3t ed
in the self- feedback fashion and undergone necessary phase val ue - 149
- convebsi ophasnedn€H3ndg gooFeoligdt ke geoeEatend FRNe rdhrrnchypisp

erforns the sel f-feedback FM operation d wa i
P with channel CH1 becguse tge %qag ﬁ§§(¥3¥(étéﬁégfﬁgﬁglfglat

"iv. Because the channel synchronization flag RBP is also
"1" for channels CH3 to CHK, these channels CH3' to CHK are
all controlled to synchronize with a smaller channel-number -
10 for which the flag RBP is of value "0O" (i.e., channel CH1).
Those channels CH2 to CHK, which are controlled to synchronize
witﬁ channel Chl, are all-supplied with a same key-on signal
‘KON1 and pitch frequency numb;er FNUM1 of channel CHl1 and
generate tones at a same bitch and timing as channel CHl. |
15 Because other parameters (parameters other than FNUM and KON
shown in Fig. 19) are supplied to channels CHl1 to CHK
independently of each other, the tone signals generated in the
channels will be different in sound color and other tonal
characteristics although the pitch and generation timing of
20 the signals are the same. Therefore, if the formant sound
synthesis method is employed in channels CH1 to CHk, a
plurality of tone signals having different formant center
frequencies can be generated in channels CHl1 to CHk by using
different forn;ant frequency numbers FORM, although their pitch -
25 and generation timing are the same. This is equivalent to
synthesizing a single tone signal of multi-formant structure.
It should be obvious that the tone synthesis method employed

in the channels to be synchronized may be other than the



process
data (i.

in the first FM operator OP1. 5 The logarithmic waveform

e., nodul ati ng wave waveform data) of the first FM operator

selected at the [err] input of the selector 64 is passed through the
shifter and | og/linear converter 65 w thout being processed thereby,
I's, after being delayed through the delay circuits 53, 55, 61, 10

total delay time corresponding to four_c{#gk pulses, witten into th

regi ster
cour se,

REGA at the timng of step S4 (see item(d) of Fig. 16). O
no sel f-feedback FM operation is executed in sone of the FM

OoP1

and
63 by a
e

oper ation alfiamdntssolnds Whthezdse, methidbdpl sich as hefl FMedyattheisde SO
not to read out feedback waveformdata FR fromthe nmenory RAMA, or to cause
no data to metedct chilbgrisrbivelyct theS5two Geridhwdisemay , be hempiloykdetine
unit ALU4 outputs the phase data PG 1 of the first FM operator OP1 w thout

processi ng taenkinatiog in sychhatmagner ehat orhe Earmans seanchg
sel f-feedback FM operation is read out fromthe lo

sine_table_62. (2%
Oper ati ons dteHiogl t iF PRRLPYS odds s §PMBSHRL atthe eg 3BNnglsg apdgethe 'FM

The vl or MRGHPER MO < SRR SYBL 0oy 381 O RO ABARR ot ot CFPand

(b) of Fig.

to the Al npalu'?c%%t %'@ﬁf%ﬁﬁ%??%sﬁméskﬁ% lﬁ%%glgia)?a .éf'%ggg: ce:tc'ttgl(ab

10

15

- 20

25

signal having a combination of +two or more harmonic
components.

Further, because, in the example of Fig. 23, the flag
RBP is of wvalue "0" for channels CHk+l and CHk+2, these
channels CHk+l1 and CHk+2Z are confrolled to éenerate tones
independently of each other on the basis of their own key-on
signals KONk+1l and KONk+2 énd pitch frequéncy numbers FNUMk+1
and FNUMk+2, etc. Because the flag RBP is at value "1" for
channel CHk+3, channel CHk+3 is contralled to generate a tone
in synchronism with smaller-number adjoinihg channel CHk+2.
Likewise, each of the other channels is controlled to
synchronize or to not synchronize with an adjoining channel
depending on the value of the corresponding flag RBP.

In the above-described embodiment, the synchronizing
process for changing or setting key-on signal KONk and pitch
frequency number FNUMK of a channel CHk, having been
instructed to synchronously generate a tone (i.e., designated
for synchronized tone generation), to those of a predetermined
adjoining channel CHk-1 may be performed in any optional
section of the electronic musical instrument shown Fig. 1.
As one example, parameters to be supplied from the

microcomputer section COM to the individual channels may be

e

f ed
e



.150 - fed to the B input of the unit ALU4. Mre specifically, anplitude

| evel data LVL1 setting an anplitude |level of the first FMoperator OPl is
read out fromthe nenory RAM2 of the second digital signal processor DSP2.
5 The read-out level data LVL1 is sent, as data #RAM2, to the data bus
DBUS, by way of which it is input to the fourth digital signal processor
DSP4 of Fig. 7 and then sent to the selg ?og 50. The sel ector 50 selects
this data #RAMR, i.e., anplitude level dafa LVL1. Meantine, the logarithmc
val ue 10 of the wavef orm data fromthe FM operator OPl stored in the

regi st er REG4mpbrétepy Sdstéré@adinutthderchmpites diterfRidd tCIbe sah@ct ed
by the selector 51. Thus, the arithnmetic unit ALU4 adds together the

| ogarit hni crespeaetbdvet valuesefaf mtheat £lfagem RBR fkyodws achecked idPlthend
the anplitude |evel data LVLI. From the antllogarlthn1c

vi ewpoi nt , ﬂ-nterfgceqqma‘#@nth@'b ke +on| 51onals Kol and pd ek L reqienee
first FM operator the anplitude. |l evel data LVLI1. The app I|tude

| evel data Emeéﬁnﬁ'ﬂl@%sa’ﬁ n%uBBHr?‘ﬁthn\T&eop’bn‘EPaY’afiu%dCRﬁBPglﬁhé-n

wavef or m 20 data fromihe first FMis nodul ati dat a

level dita BORRSFFR(PeRt Hee aﬁyaw?m% EORE e Lo FoRP LSRG 1P o
mdul ating ugyg 3Lanal i ek 1 ¢AS GABYKLA! | OB EEESE Thensel £EL00 Ga!

Fig. 7 sele ata |npu I n response

above-nment i gned, RREIGLION Gf s?é?:ﬁ: 4791 Qé-.s W2Yehé NG10RGE ARBPN wa§S Ubd  Of
t he al’lthITEt:j!C ﬁnlat ALLg y pli via t edgay circuit 57tota§’:
log/linear checked within the signal processors DSP1 and DSP2 so that

key-on signals KON and pitch frequency numbers FNUM may be
10 sﬁéplied to thé individual chapnels in a manner to meet the
synchronous tone generation conditions in accordance with the
checked respective values of the flags RBP.
As apparent from the foregoing, because the value of the
channel synchronization flag RBP for each channel can be
15 changed as desired in the present invention, the invention can
synthesize tone signals.having'a variety of formant structures
or harmonic component combinations by only_variably setting
respective values of the channel synchronization flags RBP to
thereby cause a variable combination of the tone generation
20 channels to generate tones in synchronism with each other,
easily by use of the limited structure of the channels.
Although a plurality of the tone generatioq channels
designated for synchronized tone generation have been
described above as generating tones at same timing and pitch,
25 the pitch may be differentiated between the channels, for
example, by an amount of an integer multiple. Further, some
of the sound color setting or tone volume setting parameters,

in addition to tone generation timing and pitch, may be made



converter 58 to be converted into an antilogarithnic value and - 151 -
then output fromthe selector 64 by way of the delay circuit 59. The
antilogarithm c waveformdata of the first operator OP1 havi ng undergone
anplitude | evel control and output fromb5 the selector 64 is, after being
del ayed through the delay circuits 53, 55, 57, 59 by a total delay tine
corresponding to four clock pulses, sed through the shifter and
| og/ | i near converter 65 without being prdcessed thereby and then witten
into the register RE4 at the timng of step S9 10 (see item (d) of Fig.

16). The aghbl ggmei begweena¥RéoagtIghates tbre geméretioe! ayatnébspugh t he
delay circuit 67 by a one-clock-pulse tine and witten into the storage

area, for wesgpaéogendahzidRl sthrttheimimgemtayc e ndd £ ferfen tibavadros 11 gWdlly at
the timng of step S10 (see item(e) of Fig. 16). The 15 waveform data
TRL thus storedy nanheappeoptriabenathasindr agetueen drhe hdesdgpaferAVione t he
timng of step S10 corresponds to the waveform data generated in the
oper at or OPgeBerakiéopuchapnedfannel . (3) Operations of Di gltal Si gnal
Processor DSP4 at Steps 20 11 and . S14 At these sI

S14, op®rations YPEeR: FFbrﬁBﬂ§¥%¥§% (%q?rﬁP?Yﬁ? %ﬁ?r*Qa éiﬁ%?

the first FM oRSLAEOL Fhandlf lSiQdled ¥ RLhaf-B1BLS n@osgrggagfg%fwm
is controlled to synchronize with smaller-number adjoining
channel(s), it may be controlled to synchronize with with
greater number adjoining channel(s). The specific channel may
10 be controlled to synchronize with only one adjoining channel.
Furthérmore, although the embodiment has been described
above as using the stored values of the flag RBP as
synchronized toné,generation.designating data because the flag
values are easy to control, any other appropriate data may be
15 used as such synchronized tone generation designating data.
For example, in addition to the channel synchroniéation flags
RBP, channel data designatiﬂg a channel to synchronize may be
used so that not only adjoining channels but alsg other
desired channels are synchronized with each other. -Another
20 modification may be made such that, in the synéhronized tone
generation mode, predetermined one of the channels is set as
a basic channel and a channel designated for synchronized tone
generation is synchronized with the basic channel.
In addition, althqugh the above-described embodimenf-
25 uses the digital signal processing section DSPS as shown in
Fig. 1, as a tone signal generating device having a plurality
of tone generation channels, to implement the above-mentioned

channel synchronization operation, any other type tone signal



from bei ng caused by the self feedback. 25 First, at step S9, the
waveform data TR1 stored in the predeterm ned storage area of the nenory
RAMA (corresponding to the waveform data generated in the preceding

sanpling cycle) is read out therefromand fed as data #RAMA to the -152-
selector 51 to be selected thereby. No data is selected by the selector
50. As a result, the waveformdata T enerated in the preceding

sanpling cycle is sent via the delay circuit 54 to the arithnmetic wunit
ALU4 to pass 5 t her et hr ough unprocessed. Then, the data TRl is passed
t hr ough t he gimlematdingc udiévbCe amayoVvies f haadinderfdoweramnplLel, | etheé 6 abbtre-
output as data #4 at the timng of step S11, two clock pul ses after step-S9
(see item (@oendfioneg ch@nneAt synchrenizathenwepeiretiodamayThe perttbemedr st
FM 10 operator OP1l generated in the preceding sanpling cycle and out put
as data #4 iif Pe®lialidysefetrpe séonslhgenerating dr¥iesp. imphemgntedhe
Sarpl i ng cydie eaRangLe, Shotat rleuh drsrceeripd iFguaH tnaSperaiien op
SRR SERERISEIN: T RIEER A R T
fenenat e, | R TENGUA! Y, B30 01720 ROCSRIL L B “BeblCRlniOBRHET
first FM op@iin¥e108¥nchronization operation may be performed in a tone
signal generatiﬂg device which is designed to execute an
optional tone synthesizing algorithm via software processing
10 using a microcomputer, or may be performed in an all-hardware
tone signal generating circuit which operates on a channel-by-
channel time~divisional basis. In another ﬂtodification, the
above-mentioned channel synchronization opera'tion maf be
performed in a pluralify of tone signal generating circuits
15 arranged in parallel corresponding to a plurality of tone
generation channels.

As has been described so far, the present invention is
characterized in that a series of operations for processing
digital sound signal is divided into a plurality of ope:r.:ation

20 groups to be allocated to a plurality of digital signal
processor sections and simultaneously performed therein in a
parallel fashion. With thié feature, the present invention
can perform all the necessary operations at substan_ti_ally
increased speed even where a great number of processing steps

25 are involved and multi-channel sound signals are to be
processed. |

Further, because it is sufficient for each of the

digital signal processor sections to execute only the



20 generated in the current and precedi ng sanpling cycles are added
together is to prevent hunting (or oscillation) frombeing caused by the
sel f feedback. In response to the above-nenti oned operation of step Sl1,
the selector 64 of Fig. 7 selects the data fed to the [err] 25 i nput ,

and a feedback level controlling coefficient is generated fromthe
controller 66 in accordance with feedba&? | evel designating paraneter FBL.
Thus, the shifter and. |log/linear conve & ~65 down-shifts, by one bit, the
f.ed data - 153 - by an anmount corresponding to the generated feedback

| evel contrghhbRgre@ebpbraefbnaNdtheppdewtishisl it Wee dgbwiadd Ly aaen her

bit in order to execute an averaging calculation (1/2 cal cul ati on) because
of the hunt by thiee \WHdeis ot dsédOlond Nclnt bes siEtRntId1a € o L B £ D8d .
result of the arithnmetic unit ALWM is directly output fromthe selector 64
by way of tithidedblows reach of5thedoroesddsam/serteiidngd dow bensulbdtant el 1wnd
the averagi ng cal cul ati on and feedback | evel- controlling operation are
performed bgpimpdifded- éhi cireyidpetavichvas,n ande the fprxgceagsor sgrictions

| og/li'near converter 65. Resultant output data fromthe shifter_and

| og/ | i nBar €8RveEptBRrdessinilan: 1p giraeibefhyuetveei t A9 2 oresiel her@RGh RAVY

to be stored therein and is then, after eigg elaged hrough the_del a
circui ts 530fsHhe RrogessRr seqhiqnggan, besdeés cBP egﬁlBﬁﬂ?ﬁE)e‘?oW’t ee

clock pul Se:?.hc:%tegég Ie'g-ltsoe tgr?d at reduced cost, and in addition, the

general-purpose utility of the processing device of <the
present invention can be greatly enhanced.

10 Moreover, the present invention is characterized in that
a plurality of the digital sighal processor sections are
interconnected via first and second common buses. Thus, when
the number of the digital signal processor sections is to be
increased, it is sufficient that wires or connecting lines for

15 carrying input parameters and output data be simply connected
to the buses without a need for complicated, separate wiring,
and hence the number of the digital signal processor sections
can be increased or decreased as desired with extreme ease.
This also can enhance the general-purpose utility of the

20 processing device of the present invention and achieve én
efficient use of the processing device.

Furthermore, the present invention is charactgrized in
that, in the case where a tone synthesis system employs
different kinds of tone synthesis methods, any operation group

25 processable by an operational algorithm common to the
different methods is performed by means of a same digital
signal processor section. Withlthis feature, an efficient

system can be provided. Further, according to the present



storage area, for feedback waveform data FR of the current channel, of the
menory RAMA at the timng of step S14 (see item(e) of Fig. 6). In the
conbi ned functional block diagramof Fig. 14, the 20 above-descri bed

operations of steps SO, S4, S5, S9, Sl11 and S14 to generate the waveform

data TR1 and feedback waveformdata FRin the first FM operator OP1

correspond to the route al ong which the

i nparted 52(S0, S10) and then stored |nt1 a regi ster RAMA(S7) as 25
wavef orm data TR1, and the route al ong which the waveformdata TRl is

control l ed iavéaedBackwheyvel payteanthy cbeheadhank towedynemésiing end
65RAMA( SOFM S11FM. In this case, a selector SEL2 corresponds to

register

se data PGd1 is sent to a noise

the functi oprotessadgngligitall5éoundutsigral eddbaok bevethangedf a iR fsom
the feedback | evel controller and register 65&RAMA(SOFM S11FM), i.e.,

menory RAM4sufifiicipptyithpt henipadnwut ofatthe odi%tahd@lgm_m(WC&S?r 5

(4) Operations of Digital Signal Processor DSP4 at Step S10 At step S10,
oper ati ons BPEtHERf SARKETRONGAEr §Pi fdataveerBE mbgat @hepged e i cohbcwhf

S10, phase ﬁﬁFHcﬁg‘gm?cgﬂ?'lFtege%\s pﬂ‘gg%‘gﬁég ‘)’f‘%#igtﬂégf‘:}?%té’gbéfg{‘éﬁe@l i S

set to be fsd to . the A

oper at of

10

15

20

25

€signing ¢ aggé qgttriow cost. Therefore, the present

invention can efficiently comply with a demand sf modifying
the contents of the sound waveform synthesis or process.
Further, the present invention can efficiently provide a
multifunctional digital signal processing system for sound
synthesis or process which allows the sound synthesis method
to be optionally switched from one to another and also allows
different sound synthesis methods to be used in combination.
Moreover, the present invention is characterized in that

each of the processor sections is allowed to executs the
allocated operations at its own time-divisional processing

timing independently of the other processor section. With

this feature, the time-divisional processing timing of each .

of the. processor sections can be adjusted to differ from that
of the other processor section, for example, in the light of
the respective roles of the operations allocated to the
individual processor sections. As a result, by appropriately

controlling the +time-divisional processing timing of the

individual processor sections to be or not to be different

from each other, the operation result of one digital' signal
processor section can be transferred to another digital signal
processor section properly at optimum timing, which allows the

entire operations to be carried out rapidly in a smooth



arithmetic unit ALU4, while waveformdata TRl (nodul ati ng wave waveform
data) is set to be fed to the B input of the unit ALU4. 15 - More
specifically, phase data P&2 of the second operator OP2 for the
current channel is read out fromthe nenory RAML of Fig. 5 at predeterm ned
timng. The read-out phase data PG 2 is sent, as data #RAML, to the data
bus DBUS, by way of which it is input tgsghe fourth digital signal 20
processor DSP4 of Fig. 7. Then, the data #RAML is sent via the rhythm
sound generator 52 to the selector 50 to be selected thereby. Meanti ne,
wavef or m daha@ndé&t, of the operator OP1 for the current channel is read out
fromthe nmenory RAMA of Fig. 7 and fed as data #RAMA to the selector 51 to
be 25 sel ect edFubhtheby. acddmding he dihiet presentuhnventivnadeschhef vieheef or m
data TRl (nodul ati ng wave waveformdata) of the first FM operator OPl to
t he phase déigit& =ignake PFOSSFEOMM SpETAPHE OCivdesierady AWPETAEOH
frequency nodul ati on - 155 - operation. The sel ector 64 selects fhe_ data
fed to the FRFFIORHNR TPRei¥IpgRer IR tRES DRGRESATH £oReR efeingd st ep
S10. IQ this wa thoeti.c unit

r

t he operati nr.%sulg:of the_ari r@‘LUﬁHSnS
output Tr onPPRESELPRCI cRBF I TRE (BFSJSEPFRUTpdgsoperation o
over ) oW UNGEL LOW UL U 136 aclBYBLAGH ARth! Ehe oo AR fif il érd?
: and predetermined program and a dual-port memory having write
and fead ports for storing an operation result output from the
operation section, so that data write and data readout to and
10 from the dual-port memory can be contfolled at respective
timing independently of eaéh other. Consequently, when one
of the digital signal processbr sectidns (fifst digital signal
processor section) receives and utilize data output from the
dual-port memory of another digital signél processor section
15 (second digital signal processor section), the data readout
operation can be controlled at independent timing of the first
digital signal processor section which is separate from the
write timing of the second digital signal processor section.
Such an arrangement allows each of the processor sections to
20 operate independently from the other processor section, and
hence the processor sections can execute respective operation
algorithms without being excessively constrained by each
other, while beihg functionally related to each other, which
provides very efficient operations.
25 The present invention is further characterized in'that
synchronized <tone generation designating data indicating

whether or not to generate a tone in synchronism with other

channel is given to each channel independently of the other



described, the waveform shifter 60 perforns a phase val ue changi ng process
for a specific phase portion on the basis of 10 paraneter WF2. The
parameter W2 supplied at this step S10 is one prepared for the second FM
operator OP2. Further, the log/sine table 62 reads out sine waveform data
in a logarithmc value, in accordance with the phase data PG 2 for the
operator OP2 whi ch has been frequency:ﬂHQQIgted and 15 under gone _
necessary .phase val ue conversion as nenti‘'oned above. In the above-nentioned
manner, step S10 perfornms FM operation and waveform data generati on process

in the secogdahib®Rer8b0rtkd¥. alhpihaedriityhno Weskéetsddathatheks, are

FM synt hesi zed 20 waveform data) of the second FM operator OP2 sel ected
at the [errkyhBpubnoketiheinel geherabings passsd t hriglgh ttleishifeatusad
| og/ I i near converter 65 without being processed thereby, and is, after
bei ng del aysgnthronjhedhtodel generatiions coptred i adbieyed intw@riepay
time corresponding to four clock pul ses, 25 witten into the register
REG4 at thecomhingtienstef the chasnelsmasddesingdy. ans) hegce i rtngle Fv
operation is executed in sqonme of the EM operation al.gorithngs. |Ln.such

case, c®ntrePmPiegeripepgional jagn_ bg g?ﬁ%}‘?ﬁbzﬁgg t"t?ﬁﬁﬁ 898 WEYER or m

dara TR RETER B 8, FApE NSRRI B 2ObEEOSRBRC,
tone signals of different formant structure or different
harmonic components in synchronized channels.
(Another Example of Synchronized Tone Generation Instructing
10 Function)

Next, a description will be made about another
embodiment of the'sound synthesis device having a synchronized
tone generation instructing function as mentioned above, with
reference to Figs. 24 to 29. In particular, Figs. 24 to 29

15 show in greater detail the above-mentioned synchronized tone
generation instructing function and sound synthesizing
functions such as a voiced formant sound synthesizing function
and unvoiced (noise) formant synthesizing function. While the
above-described embodiment employs digital signal processors

20 to‘implement these functions, the embodiment of Figs. 24 to
29 is designed to.employ any other means than digital signal
processors, such as dedicated hardware circuitry or software
sound soﬁrce using a CPU. The term "voice and tone
synthesis" is used in the following description, but the term

25 "sound synthesis" is used, throughout this specification, as
a general term referring to not only voice and tone synthesis
but also any other form of sound synthesis. Therefore, the

term "voice and tone synthesis" is replaceable with the more



PG 2 of the second FM operator OP2 wi thout processing the data 5 P& 2, so
t hat waveform data not havi ng undergone FM operation is read out fromthe

| og/sine table 62. (5) Operations of Digital Signal Processor DSP4 at Step
S15 At step S15, arithnetic operations are performed for 10 controlling
the anplitude | evel of the waveform data generated in the second FM
operator OP2, in a simlar manner to st go2- The procedures taken at step
sl1l5 are generally the sanme as those of Step, except that at step S15, _
anplitude | evel 15 data LVL2 setting an anplitude | evel of the second FM
oper at or OPgeh&rakatesht "Ebandt BgntRediy” RAM of the second digital signal
processor DSP2 and sel ected by the selector 50 as data #RAM2 to be fed to
the A input of tFégar24hieta dlovk dilagram\iillestiretiogasi voice sadutong t he
wavef orm dat a generated 20 fromthe second FM operator OP2 stored in the
regi ster REsy¥nthesizpngldevicecincacgorfange wdtbcos epboiment oRcthet o
be fed to the B input of the arithnetic unit ALU4. Thus, the arithnetic

unit ALU4 aBHSSEBEelREPntHRNt ofaMEIHATEPSLUEPEFatAE REGELOPM B4t LS Tor

data) omd RESHRLS: AulieYBPEgd pepyisa gish a mLuAIARY oL Heydo iR .

{10ty ) BphPoRdsEThErh KBy ek BRER " AR W MBSO (Rl o
generation start) signal and pitch information to a control
section 103. A sound color setting operator section 102
outputs sound color information to the control sedtion 103.

10 ' To‘the control section 103 are connected a piurality of
tone generation channels 104. In the following description,
the tone generation channels are uniquely identified by serial
channel numbers where necessary to distinguish between the
channels, and each tone generation channel of number smaller '

15 than that of a given tone generation channel by one is
referred to as a preceding-stage tone generation channel while
each tone generation channel of number greater than that of
a given tone generation phannel by one is referred to as a
succeeding-stage tone generation channel.

20 Each of the tone generétion channels has two key-on
signal input terminals KQNCH and KONIN for receiving a key-bn
signal, two formant pitch information input terminals PINCH
and EXTPIN for receiving formant pitch information, and an
input terminal FC for receiving formant center information.

25 Each of the tone generation channels also has a pitch
synchronization control terminal PSYN for receiving a pitch
synchronization contfol signal to select which of the signals

received through the two key-on signal input terminals KONCH



-» 157 - level data LVL2. The anplitude |evel data LVL2 conprises tine
varyi ng envel ope data, and functions as a tone volune |evel setting data to
set an output tone volume of the waveform data generated fromthe second FM
operator OP2. 5 The selector 64 of Fig. 7 selects the data fed to
the a input in response to the above-nentioned operation of step S15. In
this way, the operation result of the_g&%bhgetic unit ALU4 is applied to
the log/linear converter 58 to be convertéd into an antil ogarithm c val ue,
which is then output 10 fromthe selector 64. The antilogarithmc

wavef or m dahadokotiR &at ek dhiVoEpehat Bio @dknlaat pd tehdehgopRatiphi inget
| evel control and output fromthe selector 64 is, after being del ayed

t hrough t hetdemapatisr RINCH S8nd SEXTBIN Shomlda Heot madeekffetitiwel5 The
corresponding to four clock pul ses, passed through the shifter and

| og/ | i near pdebrsyncizeonizaipion nsntyqdr ségnadessumnes twmgtakes, witchn
into the register REG4 at the tim ng of step S19 (see item(d) of Fig. 16).
The antiIog&YPFHﬁPElﬁéﬁgrﬁFéHewavéfB?ﬁTEbP%ﬁD?YPﬁErgékéhﬂgFﬁF%E%rat%ﬁe?th

synt hesjized 20 waveform data) havjpg a controlled anplitude |evel at
hgs been st&%@di9+? r BYRS E%nF%ii;éé SEBP%EP<jt§} q%hnﬁ?ic’ﬁberéﬁ?ons

oul Ses. aft cPyopbpoutEibgr 4RRRE. Thelikely s W ofegr 3B Sherbief FopEy

pul ses aftergFep I's St of t ated, Tor waverorm
data TR2 of jhje %ﬁ# é?.tc C_%ma 'fori hﬁnﬁﬁ@%’eﬁ%fﬁ ?fx?@l?‘l 'are
anot her three clock pul seés arter step see’itens (c) and (e) of Fig.
16). (6) OrgerlivaRaa0f Wididad wheRalthd OgLESRT HARhraniPa®Idn control
signal is in the non-synchronizing state, the key-on signal
10 input terminal KONCH and formant pitch information'inbut
terminals PITCH are activated. |
Further, each of the tone generation_channels a key-on
. signal output terminal KONEXT for outputting the key-on
signal, a formant pitch information output terminallEXTP for
15 outputting the formant pitch information. The key—on signal
output terminal KONEXT outputs the key-on signal received at
one of the input terminals KONCH and KONIN activated by the
pitch synchronization control signal. Similarly, the pitch
information output terminal EXTP outputs the pitch information
20 received at _oﬁe of the input terminals PITCH and EXTPIN
activated by the pitch synchronization control signal.
Upon receipt of a key-on signal via via one of the key-
on signal input terminals KONCH and KONIN activated by the
pitch synchronization control, the tone generation channel 104
25 outputs, wvia an output terminal CHOUT, the formant pitch
received at the activated pitch information input terminal
PITCH or EXTPIN and a formant having the formant center

frequency received at the center frequency input terminal FC.



S20, S1-and $4 - 158 - First, at step S20, on condition that a specific
FM operation algorithmis selected, the waveformdata TRL of the first FM
operator OP1l is read out fromthe predeterm ned storage area, for data TR1
of the current channel, of the 5 nenory RAMA and fed as data #RAMA to the
selector 51 to be sel ected thereby. No data is fed to the A input of the
arithmetic unit ALUL. Thus, the wavefopmsdata TRl of the operator OPl is
sent via the delay circuit 54 to the arithnetic unit ALU4 to pass

t Rer et hr ough unprocessed. Then, 10 the data TRl is passed through the

del ay circuit 55rangheVvenhheWearnliaidlso KONTH, GIToOH,5FCcasfldopS PNt ofiSedleth a #
at the timng of step S1 of the next channel, two clock pul ses after step
S20 (see ittonéc)gaifedetgonlbrhanhedt €04l are tapphied digmed |, frbom dthe #4
(i.e., 15 waveformdata TRl of the first FM operator OPl) is selected to
be fed to t@enbrohpasignalth@4arithnetic unit ALU4, and the data #REGA

(i.e., antilogarithm c generated waveform data, of the second FM oper at or
OP2 having a conTR8l Ika¥-am| figuel| diputynBespipay KONINe efgPecty %9 at

(e 111410 St SIOLLS Z0ered] ofdg 0 B LatLg 11° SR o Eonan
Conseauent vuchle, KRYEAORT. RBiBRIrRah, WHBr B R Y SElelEion
channel, and the pitch information input terminal EXTPIN of
each tone generation channel 104 is connected to the pitch
information output terminal EXPT of a preceding-stage tone

10 generation channei.

To the key-on signal input terminal KONIN and pitch
information input terminal EXTPIN of the first tone generation
channel 104 are applied signals from the control section 3
which correspond to the signals given to the key-on signal

15 input terminal KONCH and pitch information output terminal
EXTP, respectively, of the other tone generation channels.
Further, the key-on signal output terminal KONEXT and pitch
information output terminal EXPT of the last-stage tone
generation channel are not connected with any external

20 element. |

In addition, the control section 103 supplies each of
the channels with other information to be used for forming a
formant, as will be later described in greater detail with
reference to Fig. 25. A formant output from the formant

25 output terminal CHOUT of each tone generation channel 104 is
fed to a mixer 105, which in turns combipes the formants from

'the channels 104 to create a sound signal.

Next, a description will be made about a manner in which

4



by the arithnmetic unit ALU4. 25 In response to the above-nentioned
operation of step S1, the selector 64 of Fig. 7 selects the data fed to the
7 input. Thus, .the operation result of the arithmetic unit ALU4 is output
fromthe selector 64 by way of the delay circuit 55 - 159 - and

overfl ow underflow controller 56, passed through the shifter and |og/li near
converter 65 without being processed thergby, and then fed to the
arithnmetic unit ALU4 via the delay circuit 67. Thus, the operation
result of the 5 arithnmetic unit ALU4 obtained fromthe operations of step
S1 is, aftethbei aBo¢elnasRdibheq@uatioids dshay toné€Ui $pntiResbAingS5, dévidy a
total delay tine corresponding to three clock pul ses, stored into the

st orage ar eapetratemaveform data TR2 of the current channel, of the nenory
RAMA at the timng of step S4 10 (see item(e) of Fig. 6). If, on the

ot her hand, no sPpenfi cepriipber afi oA akgvrénhnsignalk| eandd, sewpdr apiteh
performed not to read out the waveformdata TR1 of the first FM operator
OP1 from t h&nferBatirpviren the RREfermange, PBeFRTAE| secddorm tde 18he

sel ecto

51. Thus, at ste , the arit ti,c unit. ALU4 t th
Coner arhq wEoBraPh: sdrEtin 1 nens Fasd pelorod nER SR B SO Eh g, RS  he

wavef or m dat a ich is then_stored into the.stor anea., for waveform
ot s TR of spppdlERlcks seEind! SpERadiC dadt BhonRHs Utidn | RudB\SOPLT
. '

information includes information of not only normal sounds but
also rather unusual sounds such as husky voice and whistle,
as well as information of the Japaheée syllabary.
10 In the control section 103, there are stored data of
, formants and formant frequencies corresponding sounds of
various sound colors; Thg control section 103 selectively
allocates a series of empty (available) <tone géneration
channels for generating formants 'corresponding to the
15 designated sound color. As Will be described later, each
empty tone generation channel is normally kept in the non-
pitch-synchronizing state, the pitch synchronization control
signal to be sent +to the  smallest-channel-number tone
generating channel (hereinafter referred to as "leading tone
20 géneration channel") of those allocated for the formant
.formation may be maintained in the.non—pitch—synchronizing
state.
The pitch synchronization control signal is sent to the
respective pitch synchronization control terminals PSYN of the
25 allocated tone generation channels, in such a manner that the
leading tone generation channel is set to the non-pitch-
synchronizing state and the other allocated tone generation

channels are set to the pitch-synchronizing state. Also,



20 As the result, the waveformdata TR2 thus stored in the
predeterm ned storage area of the nenory RAMA will be utilized as waveform
data of an FM synt hesi zed tone signal. In the conbined functional bl ock

di agram of Fig. 14, the above-descri bed operations of steps S10, S14, S15,
S19, S20, 25 S1 and $S4 to generate FM synt hesi zed waveformdata in the
second FM operator OP2 correspond to th groute al ong whi ch the phase data
P&2 is sent to the noise inparted 52(83,28i0) and then stored into a

regi ster ALU4AGRAMA(S17, S20, S1) as - 160 - waveform data TR2. In
this case, cehBér 88L8GEALY DRESrRQti6HPORUEhE OfbHnahitsCcto obe oformedi fig out
the waveformdata TRL fromthe regi ster RAMA(S7), i.e., nenory RAMA and

suppl yi ng t Benteod-theé risipedtivd catdar fiedbesty $hPut Serminalg) FC of
Qperations of Digital signal processor DSP4 at Ot her Steps Steps S13, S16,
S18 and S2 sheFafjlot8tedhitoheageneraitlion chenvedks.nunber steps of Fig. 13,
perform operations for preparing noise formant sound waveformdata to store
noi se 10 wavef Bhendafermatoitiah dnfazmatdem RATTeRRPRANS IR cFAVRLd
storage_area of the nmenory RAMA. However, although steps 2 apd S12 gf Fi g.
16 conc8rn BpEFht LBASTBRTIPRISAPPha¥Ee RS °§mﬁn€%w@9%§a PTtfgcetion

cynt hosi 5. siHtelRosefn Eegene niteRaTpEBEhatl SR bR MEOPRESRF e Oy O T
Because thethe leading tone generation channel. Now that the leading
tone generation channel is in the non-pitch-synchronizing
state, the formant pitch information received at the pitch
10 information input terminal PITCH is output through the pitch
information output terminal EXTP to be transferred to the
pitch information input terminal EXTPIN of a first succeeding-
stage tone generation channel.
Because the other allocated tone.generation channels
15 than the leading tone generation channel are now in the pitch-
synchronizing state, the formant pitch information transferred
to the input terminal EXTPIN of the first succeeding-stage
tone generation channel will then be transferred to the input
terminal EXTPIN of an;ther succeeding-stage tone generation
20 channel if any. In this way, once the control section 3
sends formant pitch information to the pitch information input
terminal PITCH of the leading tone generation channel, the
information is transferred to all the allocated tone
generation channels.
25 The control section 103 also sends a key-on signal to
the key-on signal input terminal KONCH of the leading tone

generation channel. Similarly to +the formant pitch

information, the key-on signal is transferred to the key-on



program for the FM synthesis partly overlap the programfor the formnt
sound synthesis in the present enbodi nent -just for progranmi ng
sinplification, and FM synthesis program conpletely devoid of these
step operations nmay be used. 20 The waveformdata TR2 and TRu (and
al.so TR1 when necessary) of all the channels having been prepared in the
above-nentioned FM synt hesis operations.ip,a the fourth digital signal
processor DSP4 and stored in the nmenory M4 thereof are read out fromthe
menory RAMA and transferred to the 25 first digital signal processor DSP1
vi a the datgidgnsl DBl put heteiniiril WoNIBOhottheadhovehdesslibedtoferednens
of steps Sl11, S12, S19 and S20 of Fig. 15 performed in the digital signal
processor Dgfderahiobockamaekéor m data of all the - 161 - channels are
summed up after having been subjected to left/right |evel control based on
t he panni ng par aReedetepnineddsignals are @aEe genfutoathedkeyzom sigpalt one
mx data MXL and MXR  The |left and right tone mx data MXL and 5 M XR
are then pr8eERYEJteyminal JRONEXT -aRd phtch inirEneeiopeuirphetertingtel y

supplied to_the sound system For reference, the.functi.ops of the first and
second FM oFETEIQH SheyBEamiess, SharPS LB PRT AU OCREC Dy BORS RATTHEAPD
cooperationsg, of the digptal sign progessqQrs P1 t e wn
in Fig. 20,0%%}3“#@_5. thﬂngﬁa.u%T%ighowll%n -un(ﬂ8 ?lgnald)ebr%?s{t%%grl%n?né&
exenpl ary F),8BEE8L AN AT | (B test-channel-number allocated tone

generation channel is in the pitch-synchronizing state, the

succeeding tone generation channel will undesirably execute
10 a tone generation process on the basis of the key-on signal

although it is not allocated for the formant formation.. To

prevent this inconvenience, it is preferred that all empty

tone generation channels be initially maintained in the non-

pitch-synchronizing étate as mentioned earlier, except where
15 sound colors are fixedly allocated to the channels.

Once a key-on signal is received by the leading tone
generation channel, each allocated tqne generation channel is
caused to generate a formant on the basis of_the formant
center freduency information applied to its center fréquency

20 input terminal FC. Because the same formant pitch information
has now been fransferred to all the tone generation channels,
formants generated by the allocated tone gengration channels
will have a same pitch, so that a resultant synthesized tone
will have a constant sound pitch and color. Formant signals -

25 output from the respective formant output terminals CHOUT of
the allocated tone generation channels are mixed by the mixer
105 to provide a desired sound signal.

The structure and operation of each of the tone



l.-n Fig. 20, the function of the phase generator PG for generating the phase
data PG1 or PG2 of a nodulating or carrier wave in response to the pitch
frequency nunber FNUM 15 is inplemented by the first digital signal
processor DSP1 as nentioned earlier. The functions of the portion including
t he adder AD for nodul ating the phase data PGl or PG2 with the feedback
waveform data FR or nodul ati ng wave MBVﬁhgrn1data TR1L and the multiplier
MJL for nultiplying the read-out wavefo data by the anplitude |evel
data LVL1 or LVL2 are inplenmented by the fourth digital signal processor

DSP4 as nmengéRefstceeh ! | Ghanfétls he1oa t Rpifunald oradctie® N\ e, Japesat or
EG for generating the anplitude | evel data LVL1 or LVL2 is |nplenented by

t he second gegetd@hcsdi emaids AR shdchDEB2a Bhock diagfam.illistrsdioingg & FM
operation -algorithm that is designated when the tone synthesizing

al gori t hm pexemplary As®ructuirev abfie ohe' . remuesahtative t topeF\jermEaratiam
algorithm the first FM operator OPl1 perforns self-feedback FM operations
- 162 - andchammeldata PG 2 of the second FM operator OP2 is phase-

nmodul at ed using, as nodul ati ng wave waveform data, waveformdata TR
gener at®d from tﬁﬁyoﬁﬁrﬁ%gﬁ?l%s KONGH, And-BONIN gze SUBPHA9E( BP m t-"é‘ﬁ"ét

output a5 g ahed YeuElor RSB A IRl WP 3 aBlheRs oidh, Tupy S
input of theg, aTLLNIRS #8140 ng- 882188158, CAMS %y 2 bighaTl QPE" R OFL
and referred to with the reference characters of the
associated input terminals, and some of the other signals are
10 also sometimes shown and referred to with the reference
characters of the associated input terminals.
To select terminal S of the selector 130 is input the
pitch synchronization control signél PSYN. The selector 130
selects the key-on signal KONCH supplied to the "O" input when
15 the pitch synchronization control signal PSYN is in the non-
pitch-synchronizing state, but selects the key-on signal KONIN
supplied to the "1" input when the pitch synchronization
control signal PSYN is in the pitch-synchronizing state. The
selected result of the selector 130 is supplied as key-on
20 signal KON to various elements of that tone generation
channels and also output through the output terminal KONEXT
to a succeeding-stage tone generation channel.
The formant pitch information is fed to one input
terminal Fp of a voiced formant generator 110, and the formant
25 center frequency information is fed to another input terminal
Ff of the voiced formant generator 110. Upon receipt of the
key-on signal KON, the voiced formant generator 110 generates

a formant on the basis of the received formant pitch



to carry out a self-feedback FM operation; at step S10, waveform data TRl
Is fed to the B input of the arithnmetic 10 unit ALU4 so as to cause the
second FM operator OP2 to add the waveformdata TRl to phase data P& 2;
and at step 20, waveformdata TRl is not fed to the B input of the
arithnetic unit ALU4 so that addition of the waveformdata TR1L and TR2 is

not actually executed at subsequent St?Quﬁ}; 15 In contrast, Fig.
21B shows an FM operation al gorithmthat™1's designated when the tone
sy.nt hesi zi ng al gorithm paraneter ALGis of value "2". According to this

FM oper ati o3 ni@#a@iaitibn 4Ae fdriartV epatakror fEEduesty OrinEeidtidreedhdck
FM operations, while the second FM operator OP2 adds 20 together the two -

gener at ed VWipds dhed foRhantd thEdugh @uttputt tternsnalofFQUIL data wi t hout
perform ng FM operation. To this end, at step SO of Fig. 16, feedback

wavef or m dat a FRTherf,ednce hbiés8 fopmanbicentken fingguancy daformayionnigs to
cause the first FMoperator OPl to carry out a self-feedback FM 25
operati.on; &ecsimedsiat knmrfor fegainairRNEE, n& Peiseo fermaRt nEErmsnt: he

arithmetic unit ALU4 so that the second FM t oP2 t f
ol at fon SERSFEEOLIICE REPETERRF & TRARE PTG O rFae: BoTRE PE B 1 o

D ot P oty 53 pe! Eafhab A, rfbil I MIAD St

Fi gs. 2A an%u%:%ut% n@tjlé efEQﬁ\Hﬁ@t &%1968&6& n@ermiﬂal NOUT. Output
signals FOUT and NOUT of the voiced formant generator 110 and
noise formant formant generator 120-aré added together by én

10 adder 131, which then outputs output signal CHOUT.

Other signals than the above-mentioned are also fed to
the voiced formant generator 110 and noise formant formant
generator 120 for the purpose of generating the formants. The
structure and operation of the voiced formanf generator 110 .

15 and noise formant generator 120 will be later described in
detail with reference to Figs. 26 to 28.

Now, a description will be made about how formant pitch
information Fp to be fed to the voiced formant generator 110
is formed.

20 The formant pitch information PITCH and EXTPIN are fed
to "O" input and "1" input, respectively, of a selector 113,
with the pitch synchronization control signal PSYN being fed
to select terminal S of the selector 113. The selector 113
selects the formant pitch information PITCH fed to the "O"

25 input when the pitch synchronization control signal PSYN is
in the non-pitch-synchronizing state, but selects the formant
pitch information EXTPIN supplied to the "1" input when the

pitch synchronization control signal PSYN is in the pitch-



section NFG corresponds to the function of generating noise 5 waveform
data TRu in the digital signal processors DSP3 and DSP4. Further, the
operation of adding the noise waveformdata TRu to FM synt hesi zed tone
wavef orm data corresponding to the "m xing operations” of the first
di,gital signal processor DSP1. O course, whether or not to add the noise
10 wavef orm data TRu nmay be determ ne tlonally It shoul d be obvious

t hat any ot her FM operation algorlthn1ot er t han the above-nenti oned may be
i npl emented in any desired manner without departing fromthe spirit of the
present inveghchfoniking EWadeflications] As has been described thus far in
connection wth the illustrated enbodi nent, the digital signal processing
devi ce perforns tThee selettedn sesulésiaf nghepaeredicdator t hidugls t sepplied
cooperations of a plurality of digital signal processors-DSPl 20 to DSP4.
Wil e, in thhughabbbe- duistgh bdaformaddioneneutpytir i trrmigprk aEBXIRs tenda
processes for synthesizing digital tone waveformare allocated to_ four
di gi tal si gR4Fcppedipgsstagettene We&‘@td-lqrbﬁﬁﬁﬁﬂeilo Ihe ﬁ@F-PGFﬁer%§uéﬁy

pl ural punbe

21 though. i 51 RdS20 BRSEt 50 GRS AR (AT AT At AR, L orh
processes 19f, kheghaL %l gaitggs;gaer&ﬁforgka 1 gapbhigl 11 Opof i ve

maj or  gr oups: p ase operatlons
information fed to the other input terminal so as to supply

the addition result to the input terminal Fp of the voiced’
formant generator 110. If ﬁo information is fed to the other
10 input terminal of the adder 116, then the . formant pitch
information PITCH or EXTPIN alone will be fed to the input
terminal Fp of the voiced formant generétor 110.
An output signal of a modulation signal generator 111 is
fed via an AND gate 112 to the other input terminal of the
15 adder 116, and a voiced formant modulation parameter MODP is
fed to the modulation signal generator-lll, which, in response
-to the key-on signal KON, outputs a signal modulated on the
basis of the voiced formant modulation parameter MODP.
When a voiced formant pitch modulation enable signal
20 VPME applied to one input terminal of the AND gate 112 is at
a logical high level, the output signal of the modulation
signal génerator 111 is passed to the modulation signal
generator 111. Then, the formant pitch information fed to the
voiced formant generator.llo takes a value corresponding to
25 the sum of the external formant pitch information and output
signal of the modulation signal generator 1lll.
By thus adding the output signal of the modulation

signal generator 111 to the external formant pitch



-. 164 - "envel ope operations”; "noi se operations”; "wavef or m
generation operations”; and "m xing operations”, they may be classified
into other suitable groups. That is, although, in the above-described
enbodi ment, the various operations and 5 .processes are classified into the
above-nentioned five major groups and allocated to four digital signal
processors DSP1 to DSP4, the manner of_ glggssifying the operations and
processes and the nunber of digital signal processors to be enployed may be
determined optionally depending on the type 10 of tonal processing to be
achi eved, theophgbeonofateime-gemeiait ohadenteatisticheamapabimpaytef toe

digital S|gnal processors, etc. For exanple, if the nunber of tone
gener ati on ¢hangermans pmtchaseﬂheargsultantyttmeaﬁ@¢i$@haf0ﬁm§ntaPl§¢§naI
processors perfornmng the same operations may 15 provi ded

n

cor r espondeachievesi ancetfect makmiclan it ydbrago I?Pftalf‘ﬁé‘ by sapkirgcEREi ng
device may be arranged in such a manner that the nunber of digital signal
processors V8CBé FAEHEporated in one systen1of the present i nvention can be

i ncreased or decreased as, desi.red by f, ser

par amet & bus PBU?xé"ndadé&ef qﬁ?ﬂé dpﬁF% f(}?&gde%gso %ﬂa? any
necessary nunber of S S¢ a e I ase,
addi ti onal ESHtFoI pro essd% %ggékmg% ﬁe?ﬁéy % Q) ef%?g?ggoggﬁfgfg%%ﬁﬁfor

performi ng RRLATRLCHepRRAIS-CAND s roddell.onal  nput /ot put 25
interface, etc. may~also be provided, in order to neet the addition of
ari thmetic oper aifpeh ehteiinaan FoadnitoBengere Febgaenefanngbsmation FC is
| passed to one input terminal of an adder 117, which in turn
10 adds the information FC to information fed to the other input
terminal so as to supply the addition result to the formant
center frequency information input terminal Ff of the voiced
formant generator 110. Thus, if no information is fed to thel
other input terminal of the adder 117, then the external
15 formant center frequendy infprmation alone will be fed to the
input terminal Ff of the voiced fermant generator 110.
The output signals of the modulation signal generators
111 or 121 is selected by a selector 114 and fed via an AND
gate 115 to the other input terminal of the adder 117. A
20 noise formant modulation parameter NMODP is fed to the
modulation signal generator 121, which, in response to the
key-on signal KON, outputs a signal modulated on the basis of
the voiced formant modulation parameter NMODP.
When a voiced formant frequency modulation enable signal
25 VFME applied td one input terminal of the AND gate 115 is at
a logical high level, the modulation eignal selected by the
selector 114 is passed to the adder 117. Thus, a time-

_variant characteristic can be imparted to the formant center



Furthernore, while the above-described enbodi ment can - 165 - enpl oy
both the formant sound synthesis nethod and the FM synt hesis nethod for
synthesizing a tone and is designed to store the respective m croprograns
in the digital signal processors, the digital signal processing device may
be 5 nodi fied in various manners; for exanple, there nmay be stored

m croprograns for one or nore tone synt I s net hods ot her than the

above- nenti oned. Mreover, the present imvention is not limted to the
application where various operations and processes for 10 synt hesi zi ng

digital tongrsgueheyM siRidhiregatedthe 2B¢mAALS pikeR Byifermation.ty of
digital signal "processors. Functions for inparting various tonal effects

such as rever ber feix®), «hdsscripticntehlihdeganady aboat| host echd onvhse
digital signal processors so that inmpartnment of various tonal 15 effects
and acoust iformehtectenters fréduanayl infioomghionhdFEodperbei &ed oot the
processors. In such a case, digital tone signal or sound signal to be
processed i poiser yedoed FarsankegengraiPrsigRafspfor@esdi-ng section, and it
2 L S se PosSlble Lo e orm e dlgtL ol Lot ey Sl s et g 20
DD e L ol AR, e Bh R ARG S8 YRR VB
synt hesi ze %& B 2e9%%tor 123 and fed to one input terminal of an adder
| 124. The output signal of the modulation signal generator 121
is fed via an AND gate 122 to the other input terminal of the
10 adder 124. When a noise formant frequency modulation enable
signal NFME applied to one input terminal of the AND gate 122
is' at a logical high level, the output signal of the
modulation signal generator 121 is passed fo the adder 124.
Thus, a time-variant characteristic can be imparted to the
15 noise formant center ffequency, similarly to +the voiced
formant frequency information.
To both the select terminals S of the selector 114 and
123 is fed a formant synchronization control signal URVF,
whidh takes two states, formant synchronizing state and non-
20 formant-synchronizing state.
When the formant synchronization qontrol signallURVF is
in the non-formant-synchronizing state, the selector 114
selects the output signal of the modulation signal generator
111 fed to the "0" input and the selector 123 selects the
25 noise formant denter frequency information NFC fed to the "O"
input. Namely, the formant center frequencies fed to the

voiced formant generator 110 and noise formant generator 120

will differ from each other and also present time variations



ef fect sound such as imtation sound for use in video game, 25

vi-deo/ audi o software or the Iike. In effect, the present invention may be
applied to all types of sound signal synthesis and/or processing.
Furthernore, the mcroprograns may be stored in the - 166 - respective

m_croprogram supply sections 5 (Fig. 5) of the individual digital signal
processors DSP1 to DSP4 in any desired fgaghion. For exanple, all necessary
m croprograns may be fixedly prestored in‘the formof gate arrays so that 5
desired one of the prestored microprograns is selectively read out in
response tojaddpshaeatedrt eaensyshbesi zi ng al gorithm or the contents of

m croprograns to be stored nay be rewitten or nodified optionally under
the control of tbe nils ootheut crarsdct wbenChe | formantassynehR¥entzetion
contents of mcroprograns 10 to be stored are rewitten optionally, the
M cr opr ogr agentivohosigrak URYEdsr bawthe fermentasyncheosigiag sate, oHps

Por 1 ons. cORRARGFEEL A4 oPRRATESo D SYREREE: S1088ocP And e AoRAE LR ™
L1t unEhan§eaneL SRPETBE e AR TG VP r BifCa e TTRE O SRRL R FeroRhE ™ °
T ot opr ogr atPaaP R BR e thbc SREEANY SETRE e R o e
SeCtiOn_CCNkBe@Henmi“bfhﬁﬁ%fi(Naﬁﬂﬂy}l%%eﬁkgEﬁant center frequencies fed
to the voiced formant generatof 110 and noise formant
generator 120 wili be the same and also present synchronized
10 time variations.

The noise formant having the same center frequency as
the voiced formant will produce an effect of, for example,
whispering voice. By keeping the voiced formant and noise
formant identical in center frequency, it is possible to

15 generate normal voice and whispering voice while optionally -
switching the two voices. When synthesizing consonant sound
components having independent formants or synthesizing effect
sound such as whistle and wind, time-variation of the noise
formant center frequency can be controlled independently of

20 that of the voiced formant center frequency.

Now, the general structure and operation of the voiced
formant generator will be described with reference to Figs.
26 and 27, of which Fig. 26 shows in block diagram .the
struéture of the generator and Fig. 27 is a graph showing

25 waveforms obtained at various points of the generafor 26.

The formant center frequency information Ff is fed to a

carrier phase generator 150, which, in response to the key-on

signal, generates a sawtooth wave S51 whose amplitude level



20 I n addi tion, although the m croprogram supply section 5 is
provided in each of digital signal processors DSPl to DSP4, the

m croprograns corresponding to the processors DSP1 to DSP4 may be stored in
common nmenory (or gate arrays) so that the stored m croprograns are
sequentially read out in response to 25 the operation steps by use of a
common program counter (or timng sigqghggegerator anal ogous to the program .
counter) and supplied to the corresponding signal processors. In the
above-descri bed enbodi nent, when data prepared by - 167 - one digital

si gnal procpesnod{Eally wSFilds afrbrst"Qmedol N2whe nener pubpivitt waevedbrinsof
utilized in another digital signal processor (e.g., DSP4), necessary data
read and w the oaeriéropbasecgeférated 150 atsoshiomeeimi 1tem @51 espekEigyve 5
m croprograns of the signal processors so that the signal processors
eventual |y 8deperate with each other. However, the present invention is not
limted to such an enbodi nent where necessary data read and wite

operations are efhecfeEmpRt REitFRARIOHAIHAINER dFpded; Fo i BEEPRRPITR of

t he sigpal 10 [oce ; [or_exanple, wh d d by one digit
signZ:g roc€§§%FgF8Fg%?%%;PY lﬁﬁdxéggrgﬁspﬁggﬁba angre gk%?ﬁﬁ rgggg?éféoabe

gnal Pre g and .
from the ongohPbageso & o hanblfihl, Eoo8sn SutBhE, " B iR, feduren
operates to,£eadaPuh1 1 vaPECESERbN H8bathr 0Tyt STRITY MoV oK eSPARSE to

t he request
output waveform of the pitch phase generator 152 is shown in

item S53 of Fig. 27.
10 A 27 detector 153 detects when the amplitude level of
the sawtooth wave S53, to thereby output a preset signal S54
~ as shown in item S54 of Fig. 27. In response to the preset
signal S54, the carrier phase generator 150 compulsorily makes
the amplitude level of the sawtooth wave S51 "0O" in order to

15 initiate generation of a new sawtooth wave S51.

A carrier waveform generator 151 generates a sine wave
S52 on the basis of é phase as dictated by the sawtooth wave
S51. The waveform of the sine wave S52 is shown in item S52
of Fig. 27.

20 To a window function phase generator 154 is fed window
function time width information BW. In response to the key-on
signal, the window function phase generator 154 a signal S55
whose amplitude level linearly increases from "O" to "27"
over a time designated by the window function time width

25 information BW and then maintains a constant value of 27.
After that, every time the preset signal S54 is received from
the 27 detector 153, the above action is repeated; namely,

the signal S55 is reset to "0" and then again increases to



signal and send the read-out data to the former. [Additional Description
about Channel Synchronization) An additional description wll be made

her ei nbel ow about an exanpl e of synchroni zed tone generation control 20
responsive to values of the channel synchronization flags RBP of the

I ndi vi dual channels. Figs. 22 and 23 are conceptual functional bl ock
diagrans illustrating the tone generagjgglcbannels CHL to CH18 in parallel
formwhich are tine-divisionally realizéd or 25 activated through the
above-descri bed cooperation of the digital signal processor DSP1 to DSP4.
More specif anél s¥ay§&i gt 22 .shahwe @avefidrini 08 ther €ighalcdshnkts shown in
synchroni zation flags RBP for all the channels are at - 168 - a val ue of
"0", i.e., nhemeSBacbftBmg.g@Weration channel is not in a state to perform
synchroni zed tone generation control with any other channels. "KONL" to
"KON18" represenBkiey- obnfogmation o 8K dsnefe@ndiat fonwéndane| Sungkion
"FNUML" to 5 "FNUML8" represent pitch frequenc nunbers to the tone
gener ati on VAXAAETE. gemem@torcolnf+i YRichne Weythe Safia sokothre SKERE S

and pitgh freguenc .nung LS FNUML %o FNUML8 sen la_the m croconput 8 '

sect i on CABHHERAELPR kT o) Bo0PEatenParaopaL ED BAPEESERE &8 e ng
CH 0. i

oh e s tE D) anert” x R ARL I o fELIEEPR0L00 oed dIE SIANRF! ©

855. As shown in item SSﬁ-of Fig. 27, the signal 56 presents

a smooth chevron-shaped waveform having a width determined by
the the window function time width BW.

10 A multiplier 156 multiplies the signals S52 and 56
together to produce a signal S57 having a waveform as shown
in item S57 of Fig. 27. The signal 852 is at phase "0" at
the beginning of each chevron shape of the signal S56, so
that the signal S57 repeatedly presents the same waveform at

15 a pitch of the window function. In this manner, using the
frequency of the signal S52 as the formant center frequency,
the voiced formant S57 is formed which has a formant pitch
corresponding to the pitch of the signal S56.

Further, voiced formant amplitude envelope information

20 VEGP and voiced formant level information VLVL are fed to an
envelope generator 158, which, in response to fhe key-on
signal KON, geherates an envelope waveform on the basis of the
voiced formant amplitude envelope information VEGP and voiced
formant level information VLVL. A multiplier 157 multiplies

25 the formant signal S57 by the envelope waveform information
generated by the envelope generator 158, so as to form and
output formantlsignal FOUT.

Now, the general structure and operation of a noise



al so supplied via the mcroconputer section COMand interface CIF to the
channels.” Thus, each of the channels, on the basis of the supplied
paranmeters, generates a tone signal, 15 havi ng a sound col or
characteristic according to a designated tone synthesizing algorithm at- an

I ndi vi dual pitch and tone generation timng. Fig. 23 shows a condition
where the channel synchronization flagg,RBP for all the channels are at a
val ue 20 of "1", i.e., where each toné generation channel is in a state

te perform synchroni zed tone generation control with other channels. In the,
I | | ust r at edsexmantegendfatbng fiftui®widlabeedesdtibed wathsrefbnent8 tot he
flag RBP for channels CH2 to CHK indicate value "1", the flag RBP for
channel s CHRig.228, ahdcBHstbwahdimablookl diagpam tthe fdtamdBRd awf ctbane
CHk+3 indicates value "1", and the flag RBP for channel CH18 i ndicates

val ue "0". peise fprmanprgenaratan &gPkonal channel number. - 169 - As
mentioned earlier, if the channel synchronization flag RBP is "1" for a

speci fic channel Theh@Pisee ZFaRaTT CCRRbRAReFXPUEBRY dRfoFmarign dffionise
v 00l vty chomnelis) ol ammLler ShaIEl AU e B Lo S(ATD
g.v23, han r ed enera e’rTn ?n oni sm
e by Ll RS GhEr b 48 SRS ke igne PR
carrier waveform generator 172 generates a sine waveform on
the basis of the phase given from the phase generator 170.
A white noise generator 173 generates white noise to be sent
10 to one input of an adder 174. To the other input of the
adder 174 is fed noise formant resonance peak characteristic
information NRES, so that the adder 174 adds the noise formant
resonance peak characteristic NRES to the white noise level
and supplies the addition result to a noise spectrum control
15 section 175.
Further, noise formant band characteristic infermation
NBW is fed to the noise spectrum control section 175, which,
on the basis of. the noise forment band characteristic
information NBW, outputs a signal obtained by cutting-off high
20 frequency components of the noise signal sent from the adder
174. A multiplier 176 multiplies the sine waveform output
from the carrier waveform generator 172 and the noise waveform
output from the noise spectrum control section 175.
Furtﬁer, noise. formant amplitude envelope information
25 NEGP and noise formant level information NLVL are fed to an
envelope generator 178, which, in response to the key-on
signal KON, generates an envelope waveform on the basis of the

noise formant amplitude envelope information NEGP and noise



"4" for channels 'CH3 to CHK, these channels CH3 to CHK are all controlled
to synchronize with a snmall er channel - nunber 10 for which the flag RBP is
of value "0" (i.e., channel CHl). Those channels CH2 to CHK, which are
controlled to synchronize with channel Chl, are all supplied with a sane
key-on signal KONl and pitch frequency nunmber FNUML of channel CHl1 and
generate tones at a sane pitch and tim s channel CHL. 15 Because

ot her paraneters (paraneters other than M and KON shown in Fig. 19) are
supplied to channels CHL to CHK i ndependently of each other, the tone

signal s genebaimgfiti Ne’B¢ £AEAPAEEiLIBAI NLVE. di Af@EEBipilesOoUPY foleipiids
ot her tonal characteristics although the pitch and generation timng of 20

t he si gnal stheendbee stoinant Rdighialr entplitt Heoh othe mtulsipid ey 1i76e biysthet hod
is enployed in channels CHL to CHk, a plurality of tone signals having

di f ferent fenwelbpeemnwaveforyuecirtiesnativihe gpnearadtesd by clttheneésveHipeo
CHk by using different formant frequency nunbers FORM al t hough their fitch
25 and gegepsrpsar: lfPngsarest ke Sampe. andheytpyt peisq| Eprmapt signa
synthesizing a single tone signal of nulti-formant structure. It should be
obvious5thag°pﬁe tone synthesis nethod enployed in the channels to be

synehront zed 12y b, 9t REbat FOBAUE qandraits arkCHI3Eh, S8HIERE BONETHEGE ey
g;nfﬂggfgedshgwﬁogniﬁfﬁéf”béfhﬁﬁ"ﬂhi%ﬂQ%QDSEnEQ%%iBBetBBEWEHtragﬂaﬂse to
the same key-on signal KON in the above example, but may
start generating tone in response to separate key-on signals

10 KON. In addition, there may be a time lag from the receibt
of the key-on signal to start of tone generation, énd the
waveform generation of the voiced and noise formant may be
effected with an appropriate time difference therebetween.
By thus setting a time difference, it is allowed to control

15 a change from consonant éound to vowel sound.

While the above-described embodiment employed a voiced
formant generator that generates a formant by multiplying a
basic waveform by a window function, an FM sound source may
be employed as shown in Fig. 29.

20 ~In Fig. 29, a modulated output signal from an FM
modulator 180 is imparted a predetermined gain and then fed
back to the inﬁut of the modulator 180. To the FM modulator
180 is also fed a modulating signal FMPl. When a switch SW
is connected to contact (1), the modulated output signal is

25 passed to a carrier signal input terminal of an FM modulator
181, to which modulator 181 is a modulating signal FMP2.
Thus, the FM modulator 181 modulates the output signal from

the FM modulator 180 with the modulating signal FMP2 and



met hod i s enployed in sone of the channels and the FM 5 synt hesi s net hod
I's enployed in the other channels. In such a case as well, it is possible
to easily synthesize a tone signal having a conbination of two or nore ,
har noni ¢ conponents. Further, because, in the exanple of Fig. 23, the flag
10 RBP is of value "0" for channels CHk+1 and CHk+2, these channels CHk+1
and CHk+2 are controlled to generate [92%& i ndependent|y of each other on
the basis of their own key-on signals KOWK+1 and KONk+2 and pitch frequency
nunbers FNUMk+1 and FNUMk+2, etc. Because the flag RBP is at value "1" for
15  channekhgbkp3. £oPaBN8hdCHlitButs &ombaalatedt ougputr aignalt BMOUT nby
synchronismw th smal |l er-nunber adjoi ni ng channel CHk+2. Likew se, each of
the ot her chaansl ofi anceadideal 1182 .t 0 wherhromitte crther rwandy nthe oswitchi t h
an adj oi ni ng channel depending on the value of the corresponding flag RBP.
20 | Wt he aebonectiedctobedntabtdl A2 nt thetmedulatedopnEPyuy pigrais for
changi ng or setting key-on signal KONk and pitch frequency nunber FNLgk of
a channel CHIf, they iy mednlaters k8@ djand %?Ecﬁf"&n&@%ﬁ gﬁ&%‘é}%f Y ohe
(i.e., designated for synchronized tone geperat,ion), ose _of

predet ePri naddes 182 ¢ nPRg RHPYHAad G%-Eﬁﬁafllg@aéerérgqliﬁ'd i ﬁnané’%pﬂdonal

' f th I ' ical i h ' . | e,
ar amot ors FBUBE SEHERFeRPFoRFERBOMC: HUBNPIECPLLeR: PRforRRELGR REVER. ©

| ndi'vi dual %Q%Hnegg n%ﬂetmhodulating -signal FMP1l and formant center
frequency information may be used as the modulating signal

FMMP2. |
10 The output terminals KONEXT and EXTP of the last-stage

tone generation channel may be connected with the input

terminals KONIN and EXTPIN of the first-stage tone generation

channel. Further, tone generation channels for generating

instrument +tones may be provided separately from tone
15 generation channels for generating formant'sounds.

The present invention should not be understood as
limited to the above-described embodiments, and wvarious
modifications are possible.without departing the spirit of the
invention. For example, the present invention may be employed

20 to simultaneously activate a plurality of tone generation
channels in executing a duet or concert rathe; than in
synthesizing a sound. .

As has been described so far, the present invention can

generate voices or tones via a plurality of tone generation
25 channels by sending a key—on signal and pitch information to
only one of the channels, and hence facilitates control of

sound generation.



-~ 171 - tenporarily stored in the conputer interface CIF, a L EESREC &%f&lmxd
val ues of the flags RBP may be checked in the interface CIF

signals KON and pitch. frequency nunbers FNUM are supplied to ﬁlﬁg’ﬁnﬁﬂrﬂﬂm
channels in a 5 manner to neet the synchronous tone geperath

I n accordance with the checked val ues of the flags RBF';Eﬂternatively,
respective values of the flags RBP may_ tizgscbecked withln thg Egg' Sl T
processors DSP1 and DSP2 so that key-on~signals KON anB—pk _

ndnbers FNUM may be 10 supplied to the individual channels in a manner to
meet the synchronous tone generation g¢opditiomssi n accordance with the
.checked respective values of the fladgs RBP. AS apparent fromthe foregoing,
because the val ue of the channel synchronization flag RBP for each channel
can be 15 changed as desired in the present invention, the invention can
synt hesi ze Lone A3i ghglitahasignad papresgiof flevdert compardisings or har nonic
conponent conbi nations by only variably setting respective val ues of the
channel synchr onPaagmgEer| aguPrby tReanRr (GPMaudPS) vEPrabSuPRdWbNgat®on
of the tone generation 20 channel s to generate tqnes in synchronismwth
each ot her , PLUERLItEy of s Payematens RecrFary cL9F c 95p1rRe |gignal

Al t hough a ﬁ}uralgix of the tone generation channels designated for
synchroni ze PoRe ge%ération have been described above as generating tones
at sane timng agd .p ‘ 4 h | ) i r L.ate t he
channel s, for exgn‘p@é‘%%léa gfvuﬁ?&% glgtr%%t eggiérgu]let EEPQQHFS?%)(%‘XF\;E&%%WB
of the soungesREO(DSELIDEBA P! d&UIE 405 pebbeBdcRrenadRkC éceiving one

or more of said parameters necessary for a predetermined
operation so as to perform the predetermined operation on
10 digital input data in accordance with the received parameters
and a preset program and théreby outputting processed -data;
parameter feeding means including a first bus (PBUS)
connected to each of said digital signal processor means so
as to distributively feed, via said first bus, the paramefers
15 to predetermined one or more of said digital signal processor
means, and
data transfer means including a second bus (DBUS)
connected to each of said digital signal processor means so
-as to transfer output data of each of said processor means
20 via said second bus,
wherein at least predetermined one of said digital
siénal processor means (DSP1-DSP4) receives the output data
of another said processor means via said second bus (DBUS) and
performs the predetermined operation using the received data
25 as the input data, so that the desired sound signal processing
is executed on the basis of combination of the operations

performed by the plurality of said digital signal processor

* [ L M S *




in addition to tone generation timng and pitch, nmay be nade ThisShdef HasBebd¥eplaced

sane between the designated tone generation channels, or tone gmmlﬁlmm”m"
: opFr+ at

start timng may be differentiated slightly or by an
designath

bet ween the desi gnated tone generation channels. 5 eov
al.t hough, in the above-described enbodi nent, a specifi haRhel
for synchronous tone generation is congﬁgétyjto synchroni Z€ :
smal | er-nunber adj oi ni ng channel (s), it ‘may be controlled to synchronize
wi-t h with greater nunber adjoining channel (s). The specific channel nmay 10
be control | gdahe IPSPL-DSPZE \dnd) 0 tesullttarifl) fitdtdgsad adtwhd SUGHhAET Bl e,
al t hough the enbodi nent has been descri bed above as using the stored val ues
of the flagfBBP &e sgatér osecendt dnes ggMBUR) omsdeshgnabutgpudat datbacaofe
the flag values are easy to control, any other appropriate data may be 15
used as sucbredeteroinedd pore génesaiflonpdedegenmingddadigiral esagphd, in
addition to the channel synchroni zation flags RBP, channel data designating
a channel t BTOCRERPENMEENTFay be used so that not- only adjoining channels
but al so other desired channels are synchroni zed with each other. Another
200 nodification may be made such that, in the synchronized tone

gener at son Boden BigdeLs Hinad oneooloLigChANIEL pLoa881 183 BnBThem 1

channel “and a chann si syncfironi ze oOne genera
synchroni zegnwirbint RRRAYE §§ﬁ§nﬁkgital'signal processor means (DSP1-

DSP4) executes said program at a blurality of steps on a
time-divisional basis to perform the predetermined operation,
and the plurality of said processor means perform respective
10 said predetermined operations simultaneouslj in a parallel

fashion.

3. A digital signal processing device as defined in claim 1
or 2 wherein each of said digital signal processof means
includes an operation section (8), a storage section (RAMn;
15 RAM1-RAM4) for storing an operation result obtained by said
operation section, a program memory (5) for storing a
microprogram defining procedures of the predetermined
operation, and a control section for, in accordance with the
microprogram, - controlling said operation section and storage

20 section to perform the predetermined operation.

4. A digital signal processing device as defined in any one
of claims 1 to 3 wherein all of said digital signal processor

means are implemented by a single integrated circuit.

5. A digital signal processing device as defined in any one

A o




In addition, although the above-described enbodi ment 25 uses the digital———
si gnal processing section DSPS as shown in Fig. 1, as a tone Bis§Net Has Been R

generating device having a plurality of tone generati or ne _ it Replaced
i mpl enent the above-nenti oned channel synchronization Gp®HE i 0 ﬂl&"’!m ", _
type tone signal - 173 - generating device nmay be uged. ~Fof ]

t he above- nentioned channel synchroning*fn operation e perforned in
a plurality of tone signal generating d ces inplenented by a single
di-gital signal processing circuit, rather than in 5 a plurality of
digital siged 1EImESIORS @ wAREEYn BtPakakikebnaSogha¥ial Aifi¢al &ignal
Al ternatively, the above-nentioned channel synchroni zation operation nmay
be perf or negricdeasoRNfeahsNpbr 86HRE 2dn REpaietiith Wo genesatespgbgiekeive
execute an optional tone synthesizing algorithmvia software processing 10
usi ng a m cphasepdata, obHra rmonebwapefbrmnedrrespondihg hto ddes itrede piitghal
generating circuit which operates on a channel -by- channel tine-divisional
basis. | n afzeadengydi fi cati on, the above-nenti oned channel synchronization
operation may be perforned in a plurality of tone signal generating
circuits 15 arranged in parallel corresponding to a plurality of tone
gener at Lon c¢hannpel_s. n described so far, th r.es i nvention i s
Pgnderife,ps det

As _h b i t,
char act Bri28d | B ORELtalesioBeLoproperaingndevire 1pgd igi PRY SBEnd

signal is dijdded;iatq a,PEULALLEYnCL+ORELAL 8le of said digital signal

processor means performs an operation to generate envelope

signal data for controlling a tone over time.

7- A digital.signal processing device as defined in any one
10 of claims 1 to 6 wﬁerein at least one of said digital signal
processor means receives progressive phase data and envelope
signal data from another said digital signal processor means
via said second bus :(DBUS) and performs an operation to
generate tone waveform data on the basis of the received

15 progressive phase data and envelope signal data.

8. A digital signal processing device as defined in any one
of claims 1 to 7 wherein said desired sound signal processing
is at least either processing to synthésize a digifal sound
waveform signal or processing to impart an acoustic or musical

20 effect to a digital sound waveform signal.

9. A sound signal synthesis device for synthesizing a sound
signal in a plurality of channels, comprising:
a plurality of operatibﬁ processing means (DSP1-DSP4),

each of said operation processing means performing operations

’ * [ L M S *




20 groups to be allocated to a plurality of digitaum.;iggl processor
; ThsIShe@tHas BéénlReplaced -

this feature, the present invention can perform all eSS :

operations at substantially increased speed even whe eat

pr.ocessing steps 25 are involved and nulti-channel sound signals are

be processed. Further, because it is suffifLent for each of the digital

si gnal processor sections to execute dhﬁﬁ he - 174 - allocated

operations, the operations to be executed in each of the processor sections

can be SUbSb@ﬂ&ééFbﬁdihﬁp’tbf b868h dAbSod! oyhatapholéssiRgPEEEMEARE €RELI ONS

to be substantially sinplifi.ed in circuit structure, and the processor

sections 5 aze 8eévidda fioinl sequentialusighbdl upkoEessPhgaopesationgaghrof

t he processor sections can be designed and fabricated with increased ease

and at reduseundesynthedizmngddihe plureld tycofrsiid operadion progeséinge

processi ng device of the present invention can be greatly enhanced. 10

Mor eover, tReapeckehngiprevided in paraldalemedation tieapaghpplhelri 59 as t he

digital _sigpal processor sections are interconnected via first and second

co%nnn gusg§9 Tg ul{AReCUSLY nRREYOR (e Joperationgnal egFdceeforsaid

s Tor 19P8rRERbl REBRRR g it RS ORIRG i PR ge S yhor o

connect ed plurality of channels on a time-divisional basis at time-

divisional channel processing timing unique to said processing
means to thereby output an. operation result of each said
10 channel, ‘at least one of said operation processing means
performing the operations by use of the operation results of
another said operation processing means;
data transfer.means including a bus (DBUS) connected to
each of said operation processing means so as to transfer, via.
15 said bus (DBUS), the operation results of each said operation
érocessing means to another said operation processing means
(DSP1-DSP4) of a sound signal output port (DIF), and _
parameter supply means (COM, OPS) for supplying each
said operation processing means with one or more parameters

20 necessary for sound signal synthesis in each said channel.

10. A sound signal synthesis device as defined in claim 9
wherein the time-aivisional channel processing timing of each
said operétion processing means (DSP1-DSP4) is displaced from
that of other said operation processing means depending on a
25 form of use of the operation results of said operation

processing means in said other operation processing means.

* c L M S *



to the buses w thout a need for conplicated, separate wiring, and hence the

number of the digital signal processor sections can be increased or

decreased as desired with extreme ease. This also can e'—’TTﬁ*“'*?-*-*

general - purpose utility of the 20 processi ng device o[

I nventi on and achi eve an efficient use of the processi ni=¢ .

Furthernore, the present invention is §q$ﬁﬁgterized in that, in the

where a tone synthesis system enpl oys different kinds of tone synthesis

met hods, any operation group 25 processable by an operational

al gorithm aanmmona tspurdesidjrddleranithediwdiaviceaid defthdy IkaBFadh 9

sane digital signal processor section. Wth this feature, an efficient

system can br pPowherein dne tdlsaisc opediartd onopirbeepsdngnneans- pédrforms

i nvention, where part of the operations for synthesizing or processing

di gi tal souRRezRgians| for geperaiengnvelops signgl data fomtcontyobhingf

the digital signal processor section corresponding to that part be changed

in circuit B tORerg¥eEeimeTiAnd moather satdnPREEBLIPY PEPREESinG Beans| ent

desi gni Ther ef or e, present inventiopn can
e

ﬁg change at | ow ;cost. %he
efficie t|yP86%§F§5'Swi PRELAHEARAG 17 ASHSRAYR) BheTOBRL eNEYSEPT LSRN
f ' t.h t ti
offrorent  yCoREEbI18E P Eithecditaiicn WP RS envRigEe TR datss( em
for sound syBhBRak8aCbyPEAIASBnWNLERrALBHS pBBeSRYAg R¥ARhRES S met hod

12. A sound signal synthesis device as defined in any one
of claims 9 to 11 wherein one of said operation processing
10 means performs operations to generate progressive phase data

of a tone waveform corresponding to a desired pitch frequency.

13. A sound signal synthesis device as defined in any one
of claims 9 to 12 wherein first said operation processing
means performs operations to -synthesize a first waveform
15 signai in accordance with a predetermined first sound-
synthesizing algorithm, second said operaticin prbcessing means
performs operations to synthesize a second waveform signal in
accordance with a predetermined second sound-synthesizing
algorithm, and third said operation processi.hg means performs
20 operations to generate envelope signal data for controlling
a sound over time, and wherein envelopes of the first and
second waveform signals synthesized by said first and second
operation processing means are controlled by use of the
envelope signal data generated by said third operation

25 processing means.

M) AT R R
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to be optionally switched fromone to another and al so alloms diff

sound synthesis nethods to be used in conbination. Mreo t e present
i nvention is characterized in that 15 each of the proceq §oﬂhs§mmﬂﬁﬁ§ﬂm laced
al lowed to execute the allocated operations at its own t| —d| ‘ﬁ
pr.ocessing timng independently of the other processor |on

feature, the tine-divisional processingdgdgning of each of t he processor
sections can be adjusted to differ fromthat 20 of the other processor
section, for exanple, in the light of the respective roles of the

oper ati ons allocanedoundt bégnalli sydthéspsodestoe ascdebimedAtnacilasml 13 by
appropriately controlling the tine-divisional processing timng of the

i ndi vi dual phereinomtsctedashssaddbeigrsthorperatbionli processipg mearsn ach
other,. the operation result of one digital signal processor section can be
transf er r edCeBahhst REr Chisgiciag Sajehl Irske caeund semthesinper ajgarithei num -
timng, whigch allo the entire ogeratrons to be carried out rapidly in a
snmoot h 1E73°°°£§ﬁﬂsﬁ WEGPt ReP1VERCBPIPRGTET -t he present invention, each
of the digital signal processor sections includes an operation section for
recei ving parameters necessary for a predeternrned 5 operatlon and

f h
perforngng j5he phedel algmdi :J?q‘alo e@lso pret#eaéslm prOQVam%“%ne

accordance Wih the recei ved parareters an term ne a
dual - port’ nBEDEYaRA%i B ¥ i14C wherein each of said operation processing

means (DSP1-DSP4) includes storage means (RAMn; RAM1-RAM4) for
storing the operation results, to feed the operation results

to said bus (DBUS) via said storage means.

10 16. A sound signal synthesis device as defined in claim 15
wherein said storage means of each said operation processing
means, in correspondence with the time-divisional channel
processing timing of said operation processing means
associated with said storage means, controls write thereinto

15 of the operation results of said associated operation'
processing means, and also controls read therefrom of said
operation results in correspondence with the time-divisional
channel processing timing of another said operation processing
means in which the operation results of said associated

20 operation processing means is to be used.

17. A digital signal processing device comprising:
parameter supply means (COM, OPS) for supplying a
plurality of parameters necessary for desired sound signal
25 processing;

a plurality of independent digital signal processor

* [ L M s *




and read ports for storing an operation result output fromthe operation
section, so that data wite and data readout to and 10 fromthe dual -port
menory can be controlled at respective timng i ndependently of each other.

Consequently, when one of the digital signal processor sections (f \
di.gital signal processor section) receives and utilize dg 1@ T A BEEN
dual - port nenory of another digital siggg{ processor sectl on lrgpLAgepond
di gital signal processor section), the 12 "r eadout oper giion—ecan—iye
controll ed at i ndependent timng of the first digital signal processor
section whi ghahg $BBRNLaDSPANONEABR ¥EI 8181 Pro8e8Eot "ResRS 00ACLAiAg! an
signal processor section. Such an arrangenent allows each of the processor
sections toop@ratepfr proceddngndrttior r 08 t Bérorbebivinge Ty GEChos,

and hence the processor sections can execute respective operation '

al gori thns parbmeteirsi ngcessasyi folry ac grsidesierndned epdratios  sohasetbei ng
functionally related to each other, which provides very efficient :

oper at i ons. pegsform thehdlgsigasht operefioon ¢ fdkgikal cHapwh edpked in

t hat synchroni zed tone generation designating data indicating whether or

not to genePSFETYapEReWL IR HrepsirRdunar Wieter s #Rdn 8 PresgtvRROgH2Bach

. ¢ch | ind d } f th h - - I I i
R - UG I R SR L TR RIS
feature, sypghigniZed LoBR; d§N AN St EE8L1 +S AYY CY§Eolf WP YSaia

‘operation processing section (8):

parametei feeding means including a first bus (PBUS)
10 connected to each of said digital signal processor means
(DSP1-DSP4) so as to distributively feed, via said first bus,
the plurality of parameters to predetermined one or more of
said digital signal pfocessor means, and
data transfer means including a sécond bus (DBUS)
15 connected to each of said digital signal processor means soO
as to-transfer, via séid second bus, output data read out
from the read port of the dual-port memory of each said
processor means,
wherein at least predetermined one of said digital
20 signal processor means (DSP1-DSP4) receives the output data
from another said processor means (DSP1-DSP4) via said second
bus (DBUS) and performs the predetermined operation using the
received data as the input'data, and each of said digital
signal processor means is capable of operating at fiming
25 independent of that of other said digital signal processor
means by supplying, via said dual-port memory, the operation

result data for use in said other digital signal processor

i

means.

This Sheet Has Been
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conbi nations of the channels as desired, and hence a single 5
tone signal can be synthesized, easily and with limted ele

t one generation channels, by conbining tone signals of differe “ _
structure or different harnonic conponents in synchroni:

[ Anot her Exanpl e of Synchroni zed Tone Generation Instru
Next, a description wll be made about t her enbodi ne
synthe5|s devi ce having a synchronlzed'%@ e generation i g function
as nentioned above, with reference to Figs. 24 to 29. In particular, Figs.
24 to 29 1518.show sBugfeatighadekghnlichbBesaBavecBEBbnpRegisychr oni zed tone
generation instructing function and sound synthesizing functions such as a
voi ced formant ssonddsgighatigemerdtihon ineraran( DSPLeDSEE ;( 204sSel100r 1201
synt hesi zi ng function. Wile the above-descri bed enbodi ment enpl oys digital
si gnal procéesorgerErating | sppemeite t$eurd f eigniadss, inha epbodaidty obf
Figs. 24 to 29 is designed to enpl oy any ot her nmeans than digital signal
processor s, cBaBASHS ﬂ@gicﬁﬂkﬁf dhapr the hRsiy of paranekersoppliedr ce
usi ng m "voice apd tone synthesis"” is used in the

follomnﬁg dégg}ngkﬁﬁlybE? the ¢BPAPess: "sound synthe5|s" i s used,

h h h f t
-tvofggga‘n’ﬁttfm'esséﬁf?‘%*e"sl’c%%t oS Beg o kB0t ot Smatogn ﬁg’éﬁ.”*gr
Therefore, Ligoigily" WHE® AdhadetGsSY LSS ok | RRLACERRREYE! N Lfa ™M €

parameters to be supplied to each of the channels including

iﬂﬁ“ﬂi
ﬁag 10 Functi on]
of the-sou

1

tone generation instruction information and synchronized tone
10 generation designating data (RBP; PSYN) specifying whether or
not said channel shoula generate a sound in synchronism with
another said channel, and
control means (DSP1-DSP4; 113, 130) for,'on the:basis of
the synchronized tone géheration designating data supplied to
15 each of the channels, controlling said sound signal generation
means in such a manner that any of the channels designatedx
for synchronized tone generation generates a sound signal in
synchronism with predetermined one or more of other said

channels.

20 19. A sound signal synthesis device as defined in claim 18
wherein said predetermined other channel is a channel which
adjoins said channel designated for synchronized tone
generation and is not itself designated for synchronized tone

generation.

25 20. A sound signal synthesis device as defined in claim 18

or 19 wherein said control means controls sound generation

T




- 178 - general term "sound synthesis". Fig. 24 is a block diagram — . ———
illustrating a voice and tone synthesizing device in accordaﬂg
S

e WM n
enbodi nent of the present invention. A performance operatqr m'h“ﬂhh n Replaced
for 5 exanpl e a keyboard provided with a plurality of k ys,] "Eﬂl || |
responsive to a key depression to outputs a.key-on (tone @ene .

signal and pitch information to a con[yab section 103. sound col or
setting operator section 102 outputs soung color information to the control
section 103. 10 To the control section 103 are connected a plurality

of tone geneimih@nadBamidich HH.sdidtdlesighhesiinghdaneli Md asyndlionDie .
generation channels are uniquely identified by serial channel nunbers where
necessary tweithsthogei efi beidepredéaterhined| ethandcbanhellsne generati on
channel of nunber snmaller 15 than that of a given tone generation channel
by one is referred to as a precedi ng-stage tone generation channel while
each tone generati.on channel of nunber greater than that of a given tone
generation ¢hannef $QuRthesignabigynihests devlieq R dphined ar ¢hpim 20
~generation channel. 20 Each ,of .the tone generation chanpels has_ two
key-on sij gn‘ﬁﬁefﬁbﬁts?:'eq RIS YRARCA TG IRENPRY tP’é“c?eFi#ﬂﬁ SekEygAnd
signal ,ctwo |t | ti ' ' Qﬂggn E;I for
recei vi‘?lg f(c)zrnrqr{é%?ﬂp%{géhgl n oér%f?o%gf%%gd% él%%ﬁ%‘?ﬁ?%% _?E(')r r%x::g{i Vi ng
formant cenfghingnf UiEHA10N: gReration Eamdasd, the LANYAL g Chgwel s
al so has a pitch sync ronlzgtlon control termnal PSYN for receiving a
pit ch synch&pRtBabhOPed e Igericdiadiond deshgah tWdnt hgehetBeesi 8h8! Sound
signal in the channels by use of the sound color setting and

controlling parameters.

10 22, A voice and tone synthesis device comprising:
a plurality of waveform generation means (104) receiving
a sound generation start signal (KONCH, KONEXT) instructing'
a start of sound generation and pitch information (PITCH,
EXTP) so as to form a sound-waveform on the basis of the
15 pitch.information in response to the-sound generation start
signal; |
control means (103) for supplying the sound'generation
start signal (KONCH) and pitch information (PITCH) to specific
one of the plurality of said waveform generation means, and
20 transfer means (113, 130) for transferring the sound
generation start signal (KONEXT) and pitch information (EXTP)
from said specific waveform generation means to another said

waveform generation means.

23. A voice and tone synthesis device as defined in claim 22

25 wherein said control means (103) including an input terminal

(MR-




recei ved through the two key-on signal input termnals KONCH __ -
KONI N and which of the two formant pitch information input ternlnal laced
and EXTPI N shoul d be nade. effecti ve. The pitch synchro ¥Tﬂi

signal assunmes two states, pitch synchronizing state and. Ki I ﬁiiﬁ Hl‘
non-pi t ch-synchroni zing state. Wien 5 the pitch synch iz

control signal is in the synchronizi state, the key-on signal input
terminal KONIN and formant pitch informdtion input terminals EXTPIN are
activated, whereas when the pitch synchronization control signal is-in the
non- synchroafbti prgcetieting bheokinyd- ganergBabnldnstitedioherfbnabukees aad
formant pitch information input termnals PITCH are activated. Further,

each of thethatesgbdaraitmrl oeamsekbelacksya cpraiegtmmméq)mmnib@mblfabaw\lEXT
for outputting the key-on signal, a formant pitch information out put

ter mi nal EXWRVRSprmsgenggepioni m@amein greanansgs ttoh thef spundi generghiéon -
key-on signal output term nal KONEXT outputs the key-on signal received at
one of the FﬁﬁﬁF“F@FRPn@Q@I§3R34%9ﬁ1F@NIﬁoﬁﬂglﬂﬁﬂg§ﬂ&}QHu§Eﬁ#%h51gnal
synchro

Sim|arl h h f
Surminap xrioaRSuEed, mibdR thaectas i .y(ﬂt%?”p b BDEFA L5 OBReoR! SRk
ted b h t
cont 1 ol eé%%%ﬁ"ﬁf%%‘?@%?ﬁ‘q SISARIT w9 Rherg R BT PraRRESF
signal inpupehREN(2ksS KeB§H ARAKEPLNAS 543h8YgiNetdfion start signal

(KONEXT) and pitch information (EXTP) from said specific

waveform generation means to another said waveform generation

10 means.

24. A voice and tone synthesis deﬁice comprising:

a plurallty of sound generation channels (104) each
1nclud1ng first and second sound generation start signal input
terminals (KONCH, KONIN) for receiving a sound generation

15 start signal, a center frequency information input terminal
(FC) for receiving formant center frequency information, first
and second pitch information input terminals (PITCH, EXTPIN)
for receiving formant pitch information, and a control input
terminal (PSYN) for receiving a pitch synchronization control

20  signal that takes either a pitch-synchronizing state or a non-
pitch-synchronizing state, wherein each of said sound
generation channels generates a formant sound on the basis of
the sound generation start signal received wvia said first
sdund generation start signal input terminal (KONIN), the

25 | formant center frequency information received via said center
frequency information input terminal (FC) and formant pitch

information received via said first pitch information input

| A




pitch synch

roni zation control, the tone generation channel 104 25

out puts, via an output term nal CHOUT, the fornmant pItCh recelved at the. .

activated p

having the formant center frequency received at the c

[ itch information .input term nal -PI TCH or h%d
v il
term nal FC - 180 - To the input termnals KCNCH PIT

eneration channel 104 are ap #3j si gnal e control S|gnal
of each tone 5 generati onm—

is connected to the key-on signal output term nal KCNEXT'of a
precedi ng- sttegeinale (EXPPHN) owhadianghe, pitch heypichtonidatioy | e6nkpput

each tone g

104. The key-on signal input term nal K

channel 104

term nal EXTPIN of each tone generation channel 104 is connected to the

pitch infor
generation

|nfornat|onSPHﬁGtQﬁﬂQﬁﬁﬁﬂOQDGﬁﬁmp%istH@nﬁrﬁ§9tﬁwépﬁﬁﬂétaﬁﬂwmdﬂﬁmn§h9104

are applied. s
signals giv
' |nfornaglon
generation
pitch infor

sdgned dst pot ther piteh-B¥XRThobnizpngcetiatg; sandeeacheofOsaid
channel . To the key-on signal input term nal KONIN and pitch

nal om the _control section 3 which_correspond to the
BRs g %e b@ySBHnglgﬁBFriﬁ °n|ﬁEﬁFttﬁ%ﬁPﬂélrﬂEﬁE¥P§nH gi eejd

c%§§§§tgg gl&%é é%ﬁgn §geﬁt 'Sﬂé% Pﬂgftgigﬁﬁﬂio(ﬁﬂﬂﬁﬁ?'and

TRb! PO ARl ﬁ% f%e&ggggff #ESrhg%Eoﬁt@%%éfyé efergLign

channel are not connecte any ex

10

15

20

25

center frequency 1nformation input terminal (FC) and formant
pitch information received via said second pitch information
input terminal (PITCH) when the pitch synchronization control
signal is in the non-pitch-synchronizing state,

each 6f said sound Qeneration channels further including
a sound generation start signal output terminal (KONEXT) for
outputting the sound generation start signal receivéd.via said
first sound generation start signal input terminal (KONIN)
when the pitch synchronization control signal is in the pitch-
synchronizing state but outputting the sound generation start
signal received via said second sound generation start signal
input terminal (KONCH) when the pitch synchronization control
signal is in the non-pitch-synchronizing state, and a pitch
information output terminal (EXTP) for outputting the formant
pitch information received via said first pitch information
input terminal (EXTPIN) when the pitch synchronization control

signal is in the pitch-synchronizing state but outputting the

formant pitch information received via said second pitch -

information input terminal (PITCH) when the pitch
synchronization control signal is in the non-pitch-
synchronizing state;

connecting lines for interconnecting said first sound

A




20 element. In addition, the control section 103 supplies each of the.

channels with other information to be used for formng a formn 55—l
be | ater described in greater detail with reference to k&FF: = _
output fromthe formant 25 output term nal CHOUT of eaj At i-0n

channel 104 is fed to a m xer 105, which in turns conbin=’_’_,

fromthe channels 104 to create a sound jgnal. Next, a description wll be.
made about a manner in which - 181 - e above-nentioned voi ce and tone
synt hesi zi ng devi ce operates. Upon receipt of a key-on signal and sound

pi tch i nf or genetatibanstaetpeidgmd IrampRitogerai Al SERONDN) Hhla fiketbpaeshr ol
section 103 reads sound color information set via the sound col or setting
oper at or sednformg®@ionwhioputouvrerntioladr ( BRKFPINY)I oofi Nt 'Uides siadidr getihdn of
not only normal sounds but al so rather unusual sounds such as husky voice
and whi st | e geaera&ipngschamnalmendn sgid rroypagenersgipabagtart 0signal |n
the control section 103, there are stored data of formants and for mant

frequenci es UEPPEFERATARL SKAMNIETr apdr phich dairrmaiinn outpwd terpippl
Gencr at Fon 4REIR) OF o GbHEE P39 PRRnBeRETPFESHo FISIPSD (Hheds. "n"
desi gnat ed §%ngsgﬂkgﬁan é§%¥ﬁﬁélb8hgﬁﬁgii%%%ﬂé?‘?n ga%QSe where the
plurality of said sound generation chaﬁnels are identified by
éerial channel numbers, and

control means (103), responsive to a performance input

10 signal, for selecting a predetermined number of said sound
generation channelsuof consecutive channel numbers to supply
predetermined formant center . frequency information to said -

center frequency input terminal (FC) of each of said selected

sound generation channels, setting to +the non-pitch-

15 synchronizing state the thé pitch synchronization control
signal to be supplied to one of said selected sound generation

channels of smallest channel number, setting to the pitch-
synchronizing state the the pitch synchronization control

signal to be supplied to other said.selected sound generation

20 channels, and supplying a sound generation start signal and
predetermined formant pitch information to the second sound

generation start signal input terminal (KONCH) and pitch
information input terminal (PITCH), respectively, of one of

said selected sound generation channels of smallest channel

25 number.
[
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enpty tone generation channel is normally kept in the non-

pi tch-synchroni zing state, the pitch synchronization control signal to be
sent to the small est-channel -nunber tone generating channel (hereinafter
referred to as "l eadi.ng tone 20 generation channel™) of those allocated
for the formant formation may be maintained in the non-pitch-synchroni zing
state. The pitch synchronization conttpbﬂgignal Is sent to the respective
pilt'ch synchroni zation control termnals YN of the 25 al | ocated tone
generation channels, in such a manner that the |eading tone generation
channel is set to the non-pitch- synchrawpseragtstate and the ot her

all ocated tone generation channels are set 10 the pitch-synchronizing
state. Al so, "Digital- stymal Rrpeswing nDeviee offorf Stendor$dghal t o
be fornmed is sent to the respective center frequency input termnals FC of
t he al | ocat Bdoceseiggherati on channels. Then, formant pitch i nformation
corresponding to sound 5 pitch information input via the gerfornance
oper at or * sect i onA1pYuralikytof Aigidad sdgnads BrrReessATEnpREP L ePEP4AA 2%8 TCH
of the | eadi ng n eneratjon_channel. Now that the |eading tone
gener at? on BRAFHEFS; €0 RERLLb TSI P EHOR) FRIERTE 7 HIFTe AR § IRET TS0
pitch informatiop.received.at .th It 1Q l,nfQrmatiqn i nput_term na
BITOH i5 olRBEYSPhPBRoFornasRiEen BRPB e o SO e T PSR B
tranSferrediEC)d{VRded into a plurality of operation groups to be’

allocated to the signal processors. First and second buses
(PBUS, DBUS) are connected to each of the signai processors

- 10 so that paraméters necessary for the operations are
distributively supplieé to the signal processors via the first

bus (PBUS) and the operation result of each of the signal
processors is transferred to another_digital signal processor
or én 6utput port via the second bué (DBUS). One digital'

15 signal processor receivesithe output data from another digital
éignal processor .via the second bus so as to perform a
predetermined operation using the received data. The desired
sound signal processing is thus executed by combinations of

the operations perfbrmed by such signal processors. Where

20 sound signal processing is exeéuted in a plurality of channels
on a time-divisional basis, the time-divisional channel timing

of each digital signal processor is set independently of that

of other digital signal processors. By setting synchronized.

tone generation designating data for each channel,

25 synchronized tone generation is controllably performed in

selected channels.

(Figure 1)
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pitch information input termnal EXTPIN of a first succeedi ng- stage gGﬁe
generation channel. Because.the other allocated tone generation channels 15
than the | eading tone generation channel are now in the pitch- '
synchroni zing state, the formant pitch information transferred to the input
term nal EXTPIN of the first succeedi ng-stage tone generation channel wll
‘then be transferred to the input termnal EXTPIN of another
succeedi ng- stage tone generation 20 channel if_any, In this way, once

the control section ds fEP Réup chH aé;igpnokcv{b@pisch

I nformation input termnal é:g? ?lON smumereration channel ,
the information is transfer -aIIoca t-ome generation
- channels. 25 DSPS The control ion 103 al so sends a key-on si Go

the key-on signd input termninal

channel . E 'g To (he
signal is tragsin ég@ﬁ&)‘ {
KONIN of  af fROCERNG § 3@;
signals are @l so sent to th out put term nal KONEKT and pitch
i nformati on Qutput termnal 5 P of the greatest-di & - nufrber

all ocated tope generation channel Consequently, if da tone

generation ¢hgfinel succeedl ng PAﬁAﬁ?TERgﬁlﬁat est - channel - nunbe) al | ocat ed

t one ' )
| DSP1 DSP2lLESP3 llpsp4 lLMIF wg
N S o

CH of the | eading tone generatio
rmant  pitch-information, dhelkeygomx
183 - signal input tefGENERATOR
' Ighannel s. Predet eriresd

piaitaL |l otaitar |{oreiTaL || o1aiTAL | NTERFACE <:::-J\\ WAVEFORM
SIGNAL $1GNAL S1GNAL $1GNAL /| HEMORY
PRocESSOR | | PRoCESSOR | | PROCESSOR | | PROCESSOR ::

<: DATA BUS

\L , ' -DBSIJS>

INTERFACE ~—DIF

AV 4 :
D/ A CONVERTER  |™~—DAC

|

SOUND SYSTEM ss ’
" Fl . 1
DAC
DSP1 4 >
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CIF AG
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| DSP3 .
FlaGg. 2

. This Sheet Has Been' Reilaced

AT




generation channel is in the pitch-synchronizing state, the succeeding e
generation channel will undesirably execute 10 a tone generation process
on the basis of the key-on signal although it is not allocated for the
formant formation. To prevent this inconvenience, it is preferred that all
enpty tone generation channels be initially maintained in the non-
pitch-synchroni zing state as nentioned earlier, except where 15 sound
colors are fixedly allocated to the channels. Once a key-on si IU' S

recei ved by the é@&gg tone generation Btga'gr}iel, each allocate On%ﬂe
gener ati on channel caused to genepx¥e "3 formant on the basis of {
formant cented faédquehcy information applied to its center frequency R
i nput term nalf FC. Befpauge—the—sare—Foryrant pitch i nformati on has n¢w been
transferred tqd Il the tpneMtiBARR0GRAHON khenRel s, fornmants generated|by|the
al | ocated tonq peneratioh SHERANSEETMN| || have a sane pitch, so that
resul tant syntjhesi Zﬁﬁl t one constant sound pitch and col ¢r}

h
For mant si gnalfs] 25 , gbut spective formant output termnals
CHOUT of the 4l i NEOPFROEISAGNADN ERanBel s are MXlétlTﬂ%ythhe m 105
to provide a defilred souhGENERAJMEG SECTH@N ktructure and7op‘lft5§4 ilg&gﬂ each|of -
t he tone - 11B4 - gene ' 104 will be QestiORAFE w| Wt h
reference to Hip.| 25 which i a block diagram i TTuskgatin I
structure of dnp IrphesENtal e_gegneratign — RAMN
DATA DATA — DUAL-PORT |~ R
INTERFACE ARITHMETIC RAM >
UNIT
LX
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channel . 5 Key-on signals KONCH and KONIN are supplied to "0" 3 %Lt
and "1" input, respectively, of a selector 130. In the figure and
foll ow ng description, the key-on signals are shown and referred to with
the reference characters of the associated input termnals, and sone of the
ot her signals are 10 al so sonmeti mes shown and referred to with the
reference characters.of the associated input termnals. To select term nal
S of the selector 130 is input the pitch synchronization control signal
PSYN. The selector 130 selects the key-on signal KONCH supplied to the "0"
I'nput when 15 the pitch synchroni zation control signal PSYN is in the
non- pitch-synchronizing state, but selects the key-on signal Gb

supplied to the "1" i nBMAMdhen the pitch synchRfMzt i on contro?IE F’Hnal
PSYN is in the pitch-synchroni zing state. The selected result of
sel ector 130 isfsupplted as key-on 20 ' KON to vagnipys el
that tone generptiop ghanne g pnd al
KONEXT to a succeedlng stage tone<ge erafi on cAdhneI 1T&xfornan 3pi
information is <

110, and the fo center frefuen ornatlon S fed to]an
| nput term nal 'vcfl’ @efd é‘)p{ at or g}g0. Upon f eceil pt
key-on signal ge or EO generatep a
the basis of th ch
: 18x3
PGu 18
I P
MIXL, MIXR 2
18x3
G. 4 A
o _ LVL1, LVL2
. 18x2
LVLu 18x1

RAM3 RAMA4
BWR 18 TR1 18
LPF 18 TR2 18
TmpM FR 18
TRu 18
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Funvoiced 1

F I G. 4D
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- 185 - information and formant center frequency information and outputs
the formant through output terminal FOUT. Then, once noise formant center
frequency information is received at input termnal NFf, a noise formnt
formant 5 generator 120 generates a noise formant on the basis of ge

recei ved noise formant center frequency information and outputs the fornmant
t hrough out put term nal NOUT. Qut put signals FOUT and NOUT of the voiced
formant generator 110 and noise fornmant formant generator 120 are added

t oget her by an 10 adder 131, vvhlch_then out put s Jout put si gnal CHOUT.

Gt her signals than thepabg orgd@re also f¢d to the voiced fornmant
generator 110 and noi sE f

generating the fornant : I
generator 110 15 and moi o Nt gerler at or 124
in detail wth reference ®o_ ki-85. 16 4o |28. Now,
about how formant pitch i &N offrft|i
generator 110 is formed. 20 ch information PITCH and
EXTPIN are fed to "0" input anb oty respectli vel y, of sel ector 113,
with the pitch synchronization cont rolp—sigpal PSYN bei ng fed to sel ect
terminal S of the selector 113. The sql,e8tpr 113 del ects the formant pitch
information PITCH fed to the "0" 2g_ |i@@gif when ttheZpitch synchronization
control signal PSYNis in the non-pl tq8&/pchroni4i ng state, but selects
the formant pitch information EXTPIN ed to ttheq' 1" I_bnput when t he

will be |ater described
3 descri pt |@>n will be nmade
tlo be fed o t he voi ced fornant
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pitch synchronization control signal PSYNis in the pitch- - 186 -
synchroni zi ng state. The selected result of the selector 113 is supplied
though its pitch information output term nal EXTP to a succeedi ng-stage
tone generation channel. The selected result 5 is also passed to

i nput term nal of an adder 116, which in turn adds the selected result of
the selector 113 to information fed to the other input termnal so as to
supply the addition result to the input termnal Fp of the voiced fornant

generator 110. If no information is fed to the other 10 i nput term nal of
the adder 116, then the formant pitch information R#TCH or EXTPI N al one
will be fed to the input ternmnal Fp of the voicedRormant generator 110.

An out put signal of a nodul ati on signal generator 1is fed via an AND
gate 112 to the other ifnput termnal of the 1b adtler 116, and a voiced
formant nodul ati on gadapter MODP is fed to the nodul ation signal generator
111, which, in resp@&n o the key-on ‘signal ‘

] t hgg voi ced formant
When a voi ced fofgm ch Bbdul ation enabl e

on paraneter MODP.

et 20 VPME applied to
al high levelg the

|s passed to the

h informawf on fed to

gnal genera
hen, the fofé&
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voi ced formant generator 110 takes a value corresponding to 25 t he sum of
the external formant pitch information and output signal of the nodul ation
signal generator 111. By thus adding the output signal of the nodul ation
signal generator 111 to the external formant pitch - 187 - inf orar;%i on,
a tinme-variant characteristic can be inparted to the formant pitch.
resultant tine-variant formant pitch achieves an effect simlar to vibrato
obt ai ned by shaki ng the vocal cords. 5 Next, a description will be
made about how the formant center frequency information Ff to be fed to the
voi ced formant generator 110 is formed. The external formant center
frequency information FC is p3 nput - term naﬁ of an adder 117,
which in turn 10 adds .t hg— o informati®n fed to the other
input termnal so as to p‘f’Eg e additionjresult to tAhe formant center
frequency |nformat|on |r‘Fbut ' he voi ced fprmant generator
110. Thus, if no Hafoem bt her. i nputp-tqrnthal of the

adder 117, then enter §req y &hf ormati on
alone will be fef to t‘ﬂe i NpU i pf t helvoi celL_f or ngnt gener at or
110. The out put $i gnal generjgtor ¢ 1 or 121 is
sel ected by a select ND gat ¢ 1195 §-E Heot her' i nput
terminal of the § 3 <| [k

0 ™
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20 noi se formant nodul ati on paranmeter NMODP is fed to the nodul ation

‘si gnal generator 121, which, in response to the key-on signal KON, outputs
a signal nodul ated on the basis of the voiced formant nodul ati on paranet er
NMODP. When a voi ced formant frequency nodul ati on enabl e signal 25

applied to one input termnal of the AND gate 115 is at a | ogical high

| evel , the nodul ation signal selected by the selector 114 is passed to the

adder 117. Thus, a tine- variant characteristic can be inparted to the
formant center - 188 - frequency, simlarly to the formant, pitch
information. Next, a description will be nmade about how the rjoi se formant
center frequency informati gn NFC tojbe fed tp the noi e voi cdd®f or mant
generator 110 is formed. 5 - Etther thelformant_genter flr'equency
informati on FC or [ o center frequency |nformat|iPn NFC is
sel ected by a seleckor 123|and fed {o ®ne input terni pal  of gn'adder 124.
The out put signal i Si ggal TJeEnerat or~ [Z1 s fled via an AND
gate 122 to the othler inpu i of "1 he Lo = addef 124. [When a ®oi se
formant frequency } Lsi gnal appl+¢& to one input .
ternminal of the AN gate 122 i$2at & | o& cal |hi gl evel,sfhe Jout put @i gnal
of the nodul ation sj gnal nerator_121 is pagsed to the adder| 124. us, a
tinme-variant characferisti¢ cambe |nparted {o the 15| netsq formant
center frequency, Ppimlarlly to the]vorced = = LL
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formant frequency information. To both the select termnals S of the
selector 114 and 123 is fed a formant synchroni zation control signal URVF,
whi ch takes two states, formant synchroni zing state and non- 20 8/21

f ormant - synchroni zi ng state. Wen the formant synchroni zati on control
signal "URVF is in the non-formant-synchronizing state, the selector 114

sel ects the output signal of the nodul ation signal generator 111 fed to the
"0" input and the selector 123 selects the 25 noi se formant center
frequency information NFC fed to the "0" input. Nanmely, the formant center
frequencies fed to the voiced formant generator 110 and noi se formant
generator 120 will differ fromeach other and al so present tine variations
- 189 - independent of each other. On the other hand, when the formant
synchroni zation control signal URVF is in the formant-synchronizing state,
the selector 114 selects the output signal of the nodulation 5 si gnal
generator 121 fed to the "1" jnput and the selector 123 <sel t he formant

center frequency SfogmatipnSEC fgd to ghe "1 |yl the fornmant
center frequenciléd lfe®f to fhe=voided fodnmant . 0 ad noi se
formant generat qre 320 30 | | bet he [sane gnd al g ynchroni zed 10
time variations. &3lle ®oisel f@nantl havingg the frdquency as
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the voiced formant wi |l produce an effect of, for exanple, whispering

voi ce. By keeping the voige hfo t .and noi se formant identical in center
frequency, it is possible 2 € normal voice and whi spering

voi ce while optionally sw voi ces. Wen synt hesi zi ng
consonant sound conponents ndent formants or synthesizing

ef fect sound such as whistle and wind, time-variatiog of the noise fornmant
center frequency can be controlled independently off20 that of the voiced
formant center frequency.ANow, the general stryctureland oper@ion &fG t he
voi ced formant generator @ ll be described wtép refglence to H gs. and
27, of which Fig. 26 shows in bl ock diagramthg sti&dture of ¥he geperator
and Fig. 27 is a graph sh#wi ngh25  wavef orns tfingd a vari\bus poi nts of
the generator 26. The forgang Eenter frequencyN nor@atio Fied s feghto a
carrier phase generator 180, &phich, in response tq t¥e key- dsi gnaM,
generates a sawgqoth wave{)S51. Whose anplitude dl & 025' periedically

Gf1

varies from"0"g€tlo "2[err]. he out put vvavef&[r Ler phﬁ\_se
generator 150 is |shown insit&nf S51 of Fig. 27._4The n
information Ap id fed to &€ pitfh phase 5 genldk ato} 152, I n
response to jfhe Key-on signal[,_.denerates a sawoog se
anplitude | eWel deriodicaldy \§ries from"0" to "¢ ven pitch
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out put waveform of the pitch phase generator 152 is shown in item S53 of
Fig. 27. 10 A 2[err] detector 153 detects when the anplitude |evel
of the sawtooth wave S53, to thereby output a preset signal S54 asilghbwn in
item S54 of Fig. 27. In response to the preset SI gnalSb4, the carrier

phase generator 150 conpul sorily rrake§l11$$11aet cddevel of the sawtooth
wave S51 "0" in order to 15 initiate a new sawt oot h wave
S51. A carrier waveform generator 151 e wave S52 on the
basis of a phase as dictated by the sawt oot vvave The waveform of the
sine wave S52 is shown in item S52 of Fig. 27. 20 To a w ndow

function phase generator 154 is fed wi ndow function tinme width information
BW In response to the key-on signal, the wi ndow function phase generat or
154 a signal S55 whose anplitude |evel linearly increases from"0" to
"2[err]" over a tine designated by the wi ndow function tine width 25

i nformati on BWand then nmaintains a constant value of 2[err]. After that,

every tinme the rgSetm5|gnatgc§54 I1Se L£Cql ved ffromthe 2[err] dptector 153
t he abovée action $d r®eat E& "nanglHye tre sigal S53% is reset "0" and
then again incrdasqgs to - 191 4 and 9 ﬁ at 2[edr]. The waveformof t he
signal Sb5 is shHamn in itemn S55 offl Fig. 124e SHirt inforpmmtion BKT is fed to
a W ndow functi dne . = © v
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wavef or m generat or 155, which, on the basis of the skirt 5 i nformation
SKT, generates a signal Sb56 expressed as sine[err] (x/2), where x
represents an anplitude | evel of the signal S55. As shown in item S56 of
Fig. 27, the signal 56 presents a snooth chevron-shaped maveforn1Qﬁ%Hng a
wi dth determ ned by the the wi ndow function tine wdth BW 10

multiplier 156 nultiplies the signals S52 and 56 together to produce a
signal S57 having a waveformas shown in item S57 of Fig. 27. The signal
S52 is at phase "0" at the beginning of each chevron shape of the signal
S56, so that the signal S57 repeatedly presents the sanme waveform at 15 a
pitch of the wi ndow fugcgion. In this manner, using the frequency of the
signal Sb52 as the forn&nk - center frequency, the voiced formant S57 is
formed which has a {orfg pi tch corresponding to the piteh of the signa
S56. Further, voiceg-T ngmglitude envel ope information 20 VEGP and
voi ced formant | evel aDl o VLVL are fed to an envel ope generator 158,
which, in response to Re- o si gnal KON, generates an envel ope wavef orm
on the basis of th ht”anplltude envel ope information VEGP and

voi ced formant | evpe &@ magy OR VENL Anultiplier 157 multiplies 25 the
formant signal S57 enzel Bpedwavef orm i nformati on generated by the
envel ope generat or tqd farmand output formant sign@l FOUT. Now,
the general struct pET asy Ofp f _a _naise
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- 192 - fTormant generat or circuit will be described wth reference to Fig.
28, whi chrlﬁsmhesHasrBdaﬁ cali agram t he structure of the noise fornmant

gener at or formant center frequency information NFf is 5

fed to a p 170, which, in response to the key- on1§ri{ nal ,
generates a sa oot wave shaped phase signal. A carrier wavefor %enerator
172 generates a sine waveformon the basis of the phase given fromthe
phase generator 170. A white noise gener at or 173 generates white noise to

be sent 10 to o raT a7 A T0 gie otner Jrogat of the adder
174 is fed noise f bnange ﬁ ak charactgristic inffonqmati on NRES, so
that the adder 174 holse fdroant chdracteristic
NRES to the white |miijse | evel and syppli es esylt to a noise
spectrum control 15| sectiofp 175. Hurtherl bgnd
characteristic infjob BW gfed‘ag tlhe noi|se spectrum|control "section
175, which, on th he @‘f’s rqant bdnd charadt erfi StICm
i nformati on NBW gt oftar meg- oy, cqttrng- ot 1| hijgh 20
frequency conpone gl‘gé seﬁﬂmfromthe adderf 174. ™ A
mul tiplier 176 nuljigld | ol Sutdut—i+rom-dhe [carri er
wavef orm generator] @72 &hd t wavefjokes ot put fromtthe noi?
spectrum control sk€tl of 175 noi|fe & orfmant anplli t yde envel ope
i nformation 25 arg nol se fﬁ)r nt I gvel irfformation NYVL arefed to
an envel ope gener af @r 1%, whi chg T respgnse tg t he key-jon |si gnah_ KON,
generates an envel i werretol bastis—of e
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noi se formant anplitude envel ope informati on NEGP and noi se - 193 -
formant | evel information NLVL. A nultiplier 177 nmultiplies the noise
formant signal output fromthe nmultiplier 176 by the envel ope waveform

i nformati on generated by the envel ope generator 176, so as to for nhZﬂF
out put noi se formant signal 5 NQUT. The voiced fornmant generator

noi se formant generator shown in Figs. 26 and 28 start generating tone in
response to the sane key-on signal KON in the above exanple, but Mayg st art

generating tone in response to separate key-on signals KON. In
addition, there may be a @ Iag.zf omthe recei pt of the key-on signal to
start of tone generation, t heSwavef or m generati on of| the voi ced and

noi se formant nmay be effecﬂt@&’)vvlth. an appropriate timegdifference

t her ebet ween. By thus set 4 a t¥ne difference, it i s=al | oWdld to control
15 a change from conson@fﬁou Fho vovel sg@hd. WhiBd t hell -
above- descri bed enbodi nent_j@wproy ¢ oi ced fE& nant ¢g&ner at@r t hat
generates a formant by mul€Ypl yi 8STC wWaver orm py Wi n?ow function,
an FM sound source may bg¢ 2= khown in Eig 29 PO Lo Fig.
29, a nodul at ed out put FM rm*ul ator 18&is inparted a

predeterm ned gain and tHhen fed 7 o the i pput of th§ nodul at or 0. To
the FM nodul ator 180 is .4 pdul ati ng{si gnal Fl\@,i. When a swWtch SW
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I s connected to contact (1), the nodul ated output signal is 25 passed to
a carrier strgmsﬂeeufh Been dhal of an FM nodul ator 181, to whi ch nodul at or
181 is a nod I ﬁ%NPZ Thus, the FM nodul ator 181 nodul ates the
out put si gnal dul ator 180 with the modul ati ng signal 2 and
194 thereby orms and out puts a nodul at ed out put si gnal FNL’lJT‘ﬂ{/Nﬁeans
of an adder 182. \Wen, on the other hand, the switch SWis connected to
contact (2), the modul at ed out put signal s of t he FM nodul ators 180 and 181

are added toget her payrthe—5 etter—82—torbe—prpvr geg as[ t eAsi gnal  FMOUT.
In the FM sound solgEp tgus grra edI fornpnt pi Elgé’gor rati qn may be used
as the nodul ating kighal—ENPY andTf rentor y i nflormati on may
be used as the nodpen]ing sidgnal s#EMP2. 10 wkhe But put tlerm nal s
KONEXT and EXTP of | thg I'ast - 4t age=t ohe genkr ati oh hchEmel may |be connect ed
with the input terefls KONIN and EKIPLN pf the] firstzstpge tlone
gener ati on channel | & | Fuet herj, tc@‘e ggﬂgra I on cwmag fpr ge ne[oati ng
Jinstrunent tones npy—pe—provhded—seppratery—fTomtome 15| gerjeradtion
channel s for gener §t3 hg For mgnt sBuUnfiELThe pres afﬁﬁgﬁen i on|sheul d not be
understood as |im{edlio the lahovs. db®Fi hbd enbb®%RBdts | and |varj ous
nodi fications are pgs$i e wijt hou dppartipg the éuﬁgg of the i(lyention.
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20 to si mul t aneousty—aetivate—aprurality of tone generation channels in
executing a duet or g ggthasr@émg lakdaan in synthesizing a sound. As has

been described so far nventlon can generate voi ces or tones
via a plurality of to wﬁﬂ channel s by -sending a key1$)/[3 si gnal
and pitch information the channel s, and hence facil Ltes

control of sound generation.. REPLACENMENT SHEETS SG-195- CLAI MS 1.
A digital signal proceSS|ng devi ce conprising: paraneter supply neans (COM

OPS) for supplying gqramergrs neqgessary 1qr qesi red sound
signal 5 process [ penderft di gital] sijgnal processor
nmeans ( DSP1- DSP4), eaRs—t ' ar] operation
processi ng sectio negprg paranet grs [necessary for a
pr edet er mi ned operfati $ perfloPm t He desir oderation on
di gital input datg accordancg w tjh _the frecei ed parangterfs and a preset
program and a dud ® r & me ryzeﬁﬁ‘ #RANL- RAMA) havi ng sedar at(g write and
read ports in such=gprammer—ftat—sarfdduarfFport TEnory cgn gt ore operation
result data output} $rjom sai djoperatijon 15 g@ooessi ng sqctijon (W) via the
wite port and re the _ .
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stored operation result data via the read port independently of wwitindGG?
the operation result data; a first bus (PBUS) connected to each of said

di gital signal processor neans (DSP1-DSP4) so as to distributively 20

feed the plurality of paraneters to predeterm ned one or nore of said
digital signal processor neans, and a second bus (DBUS) connected to each
of said digital signal processor neans so as to transfer output data read
out fromthe read port ofAfthe dual-port nmenory of each of said 25
processor means, wherein @t |east predeterm ned [ jgital signa
processor rrear(sajDSﬁ}n DSP4) receli _ 6]- from

anot her said processor nefns P1- DSpP4 i
perfornms the predeterm neg¢operation &Sing the regeived data as the input
data, and each of said digital signal iprocessor mtans is capable of
operating at timng 5 indg¢pendent of that of othef said digital signal
processor . means by supplyiing, via said dual - port nennry t he operation

j i r digital _skgnal or neans. 2. A

1 erein each of
ald program at a
baS|s to perfornlthe pr edet er m ned

digital signal processing
said digital signal proces
plurality of steps on a tijme- d|V|S|onaI
operati on,
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and the plurality of said processor neans performrespective said 11/21
predeterm ned operations sinmultaneously in a parallel 15 fashi on. &
digital signal processing device as defined in claim1l or 2 wherein each of
said digital signal processor neans includes-a programnenory (5) for
storing a m croprogram defining procedures of the predeterm ned operation,
and a 20 - control section for; in accordance with the m croprogram
controlling said operation processing section and dual -port nenory to
performthe predeterm ned operation. 4. A digital signal processing device
as defined in any one of clains.1 to 3 wherein all of said digital signal

pr ocessor 25 neans are inplenented by a single integrated circuit. -
197 - 5. Adigital signal processing device as defined in any one of clains
1 to 4 wherein at | east one of said digital signal processor means perforns
an operation to generatd progressive phase data of a tone waveform
corresponding to a desir .

processi ng @evFrReT-GROWef'

one of sa| QQWS|gn JOg ;
generate envel gnal data for controlllng a tohe over tlne 10 .
digital signal ssidg devi ce as deflned in any,one of claims 1 to 6
wher ei n at Ieast one of |Sf 3
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processor

di gi tal

means receives progressive phase data and envel ope signal
from anot her of said digital
(DBUS) and perfornms an operation to 15
basis of the received progressive phase data and envel ope signal
S|gnal

signal processor neans via said secon

d

didry
d bus

generate tone waveform data on the
ata. 8. A
proce55|ng device as defined in any one of clains 1 to 7
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digital signal processor neans perform ng the operations by use of the 18/21
operation results of another said digital signal processor neans; 15
a plurality of dual-port nenories (RAVh; RAML- RAMA), said dual -port
menori es being provided in corresponding relations to said digital signal
processor nmeans, each of said dual-port nenories having separate wite and
read ports in such a manner that said dual - port nmenory can store operation
20 result data. output fromthe corresPpbARiTRY one of said digital signal
processor nmeans via the V\Eébe port and read out theﬁwred operation result
data via the read port intgpendently of wjting of oML i on result
data; a bus (DBUS) copnecteq allsi gnal 25 processor
means and dual - R Uf1 (BBWAR) , t he
operation resul ead out
anot her sai d
-di gi tal - 199 - si cessor neans g 15l 4S) gn tyy port
(DIF), and paramneter P?/{geans (COM OF féiif%upﬁ?yl n nggtr?R;Lgng
digital signal processor neans with one or nore 5 ecessary
for sound signal synthesis in each said channeEG ENVBLOREt a| si gnal
processing device as defined in.claim " GENERATOR " |
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9 wherein the tine-divisional channel processing timng of each said 0/27
digital signal processor neans (DSP1-DSP4) is 10 di spl aced fromthat o{
ot her said digital signal processor neans depending on a form of use of the
operation results of said digital signal processor neans in said other
digital signal processor neans. 11. A digital signal processing device as
defined in claim15 9 or 10 wherein one of said digital signal processor
means perfornd operations to generate _en or controlling
a tone over tilme, and another said digital pans perforns
operations to|generatileON { ore—¥ , orrespondence
with the envelope 20 S|gnal tal signal
processor means. i T gerinet i n any

signalipfocegapf
signal controlled in

Al processing device as

one of clains %T ﬁ@ mgg ein one @f_g4aid digital signal progessor neans
performs operat $%§ eIHI!I1I13>;g@Ewe_Q§ phase data pf a tone
maveforn1correspond|ng to a desired pi 200 freguency. 13. A

digital signall processing device as defined in any one of clains 9 to 12
-wherein firstf said digital signal processor neans perfornms operations to
synthesize a flirst 5 waveformsignal in accordance with a predeterm ned -
first sound-synthesizing algorithm second said digital signal

_ o _ ' CH2
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processor ne
in accordan
third said di

ggggatlons to synthesize a second wavef orm si gnal
“ Hf erm ned second sound-synt hesi zi ng al gorithmgygnd

processor

nmeans perforns operatlons to

generate enve ta'for controlling a sound over tine, and
wher ei n envel opes of the first and second waveform signal s synthesized by
said first and second digital signal processor neans are controlled by use

of the envel ope signal data generated by 15 said third digital signal
processor neans. fﬁﬂﬁg'tal sian pgocessing device ggdgfined in
cl ai m 13 wher ¢i n at Ieﬁ said flrst al signal processor ans is

capabl e of chéngi ng $&NQJMur~
with a given paraneter. 15 A

defined in cl |rﬂT§ERAﬁWEETrERe TS
with the tinme]difRs¢Ehil chagﬁel pfoce

rrtesi zing al gorithmin
jloltal si gnal processing |device as

ggrtpgpgnry, i n corrgspondence
&R of said digikal si gnal

processor neaps associated with sajd dual -port _nmeonry is contrilled wite
thereinto of {he operation result gat 25 said associ@tEd |digital
signal processor neans, and al so 200 - controlled read tHherefrom of
said operatio result data in corr¢sp ce with the tinme-divi _
channel process Fﬁk Evﬁf anot her $ald |di gital signal procesglsor neans in
whi ch t he opefa g 5&%& dgta of |sa SR@ pLegl digital signal 5
processor nea e used. :
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16. A digital signal processing device for synthesizing a sound 5|9nal in
a plurality of channels, conprising: digital signal processor means?
(DSP1-DSP4; 104, 110, 10 120) for generating separate sound signals in a
plurality of channels (CHL-CHL8; 104) on the basis of parameters supplied
individually to the channels; paraneter supply neans (COM OPS; 101, 102,
103) for supplying the paraneters to each of the channels, said 15
paramnmeters to be supplied to each of the channels including tone generation
instruction informati on and synchroni zed tone generation designating data
(RBP; PSYN) specifying whether or not said channel should generate a sound
in synchronismw th another said channel, and 20 control neans
(DSP1-DSP4; 113, 130) for, on the basis of the synchroni zed tone generation
desi gnating data supplied to each of t he channels, controlling said Qfgltal
si gnal processor me@ns in such a ndnner Ehat any of the channel s designat ed
for synchroni zed toffe generation nerat$s a sound 25 signal in (N
synchronismwi th prgdeternined onelor nofe of other said channels, wherein
said control ne i L in salﬂ}1

desi gnat'ed chanphel to synchrgnize with those of said predeterm nede otdher

channel s. - 02 - 17. A<di gital signal processing device éefined in
claim 16 whereiph said predetsrnlned ot her channel is a channel which
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adj oi ns sai d channel designated for synchroni zed tone generation and is not
itself designated for synchronized tone 5 generation. 18. A di giyad
signal processing devite as defined in claim16 wherein said parameters
i ncl udes sound tone cqh@Bm@ﬂhEB&g dxcontrolllng paraneters unique to each
said channel, and said E processor neans, irrespective of the

10 synchronized t one i gnation, generates the sound signa
in the channel s by use col or setting and controlling
par anet ers. -203- timng and pltch in said designated channel to
synchroni ze wth those of said predeterm ned other channels. 21. A sound
signal synthesis device as defined in claim20 wherein said paraneters
i ncl udes sound tone color setting and 5 control ling parameters unique to
each said channel, and said sound signal generation neans,
irrespective of the synchronized tone generation de5|gnation, gener at es
the sound signal in the ch%@nels by use of the sound color setting and
controlling paraneters. 10F 22. A voi ce and tone synthesis device
conprising: a plurality of vef orm generati on neans (104) receivi a
sound generation start signmal (KONCH, KONEXT) instructing a start of sound
generation and pitch |nfor tion (PITCH EXTP) so as to forma soun®
wavef orm on the basis @ .
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15 pitch information in response to the sound generation start signal;
control neans (103) for supplying the sound generation start signal24f/ONCH)
and pitch information (PITCH to specific one of the plurality of said
wavef orm generati on nmeans, and 20 transfer nmeans (113, 130) for
transferring the sound generation start signal (KONEXT) and pitch
information (EXTP) from said specific waveform generation neans to anot her
sai d waveform generati on neans. 23. A voice and tone synthesis device as
defined in claim?22 25 wherein said control nmeans (103) including an

i nput term nal - 204 - for receiving a sound generation instruction from
outside so that said control nmeans selects a predeterm ned nunber of said
wavef orm generation. means in response to the sound generation instruction
and supplies the sound generation start signal 5 (KONCH) and pitch
information (PITCH to specific one of said sel ected waveform generation
means, and wherein said transfer neans (113, 130) transfers the sound
generation start signal (KONEXT) and pitch information (EXTly fromsaid
~specific waveform generati on neans to anot her said waveform-generation 10
means. 24. A voi ce angéstone synthesis device conprising:-  plurality of
sound generation channel® (104) each including flrst and second sound
generation start signal ﬂknput 0]
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termnals (KONCH, KONIN) for receiving a sound generation 15 star#
signal, a center frequency information input termnal (FC) for recé 4%7ng
formant center frequency information, first and second pitch information
input termnals (PITCH EXTPIN) for receiving formant pitch information,
and a control input termnal (PSYN for receiving a pitch synchronization
control 20 signal that takes either a pitch-synchroni zing state or a non-
pitch-synchroni zing state, wherein each of said sound generation channel s
generates a formant sound on the basis of the sound generation start signal
received via said first sound generation start signal input term nal
(KONIN), the 25 formant center frequency information received via said
center frequency information input termnal (FC) and formant pitch
information received via said first pitch information input - 205 -
term nal (EXTPIN) when the pitch synchronization control signal is in the
pi tch-synchroni zing state, and each of said sound generation channels
generate a formant sound on the basis of the sound generation start signal
received via said 5 segond sound generation start signal input termnnal
(KONCH), the f¢@Nnt centgr Trequency Infornmation received via said center
frequency information {nput termnal (FC) and formant pitch information
received via said S960! \d pitch information input termnal_ (Pl TCH_when the
pitch synchrggj| zati on ;ontmm 10° " 7Si gna'lMMn the Tnon-pi Myn_c_hr oni zi ng
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each of said sound generation channels further including a sound generation
start signal output term nal (KONEXT) for outputting the sound gené@é%ﬁon
start signal received via said first sound generation start signal input
termnal (KONIN) 15 when the pitch synchronization control signal is in
the pitch- synchronizing state but outputting the sound generation start
signal received via said second sound generation start signal input
term nal (KONCH) when the pitch synchronization control signal is in the
non- pi tch-synchroni zing state, and a pitch 20 i nformation output term nal
(EXTP) for outputting the formant pitch information received via said first
pitch information input term nal (EXTPIN) when the pitch synchronization
control signal is in the pitch-synchronizing state but outputting the

formant pitch information received via said second pitch 25 i nformation
i nput term nal (PI'TCH) when the pitch synchrof|zation control
signal is in the  non-pitch- synchronizing state; nnectgy ng |ines for
i nterconnecting said figst sound -206- generation Start signal input
termnal (KONIN) and figt pitchgnf ion input term nal NEXTPIN) of
"n"th said sound generafj on chanpekjand said soupd generation start signal
out put term nal (KONEXT)| and piteh i|nfea f Gutput termgal 5 (EXTP)
of "n-1"th said sound gdneration chgnn® , where®n" represemis an optional

[«
channel nunber in a casg where the § & —
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plurality of said sound generation channels are identified by serial
channel nunbers, and control neans (103), responsive to a perfornmance i nput
10 signal, for selecting a predeterm ned nunber of said sound generation
channel s of consecutive channel nunbers to supply predeterm ned ppf2ant
center - frequency information to said center frequency input termnal (FC
of each of said selected sound generation channels, setting to the
non-pitch- 15 synchroni zing state the the pitch synchronization control
signal to be supplied to one of said selected sound generation channels of
smal | est channel guober _settiing to the nlfch  Syochronlzing.state the the
pitch synchronizgtion control signal to be supplied to other daid sel ected
sound -generation RO - chanpels, and supplying a sound generatijon start
signal and predet ' pitch information to the secdnd sound
generation start, rmnal (KONCH) and pitch ‘ig rmat i on i nput
termnal (Pl TCH), of oggy qfy said selected soyrid fgeneration
channel s of snalt nu r.
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