: Vblcb and Tone Synthesi s DEVICE

to a voice and tone (nanely sound) synthesis device which

synt hesi zes

.,sounds 5

- acous

’ .
g e

proce55|ng dedlce whi ch i s--used fbr synthesis of
mavefgrnlslgnal ondi '
i'c sound, and/or for inpartnent of various
acoustic effects to a digital sound signal. 10
recent advancenent in digital signal procesiqumggg
integrated circuit technol ogy, various devi|GE qy o
whi ch enpl oy dedi cated LSI- (large-scal e intleg ¢
whi ch, on the basis of

a'voice or tone: having formants by conblnlng f or mant
The present |n ention also rela

19 I’t‘[&éim(s)

roposed

.2 905
The present inventiod"”gféfgs

Ed‘dect S t@paged
{7 Drawﬁ%ﬁ?g p‘é@é&l.f’.ﬁh&) paged . 9B
no'pQ andio paged

stored n1cro-rograns execut e predeternined

arithnetic 15 PG AeS1FnHP¥LE® synt hesi ze a digital sound
waveform signal or to inpart a desired tonal or acoustic effect to a
di gital sound maveforn15|gnal These devi ces, whi ch are comonly

~known as digital gignal, re%ctesi%eRnQ%P related’ %d "% 9818LCUaAE IR OF

sound si gna

10

.15

20

25

pr ocessi g - o
(namely, sound) synthesis device which synthesizes a voice or

tone having-formants by combining formant sounds.

The present invention also relates to a digital signal
processing device which is used for synthesis of a digital
sound waveform signal corrésponding to a musical tone or other
audible acoustic sound, and/or for impartment of various tonal
effects or acoustic effects to a digital sound signal.

Along with the recent advancement in digital signal
processing technology and infegrated circuit technology,
various devices have been proposed which employ dedicated LSI
(large—scaie integrated circuit) and which, on the basis of
stored microprograms, execute predeterﬁined arithmetic
operations of wvarious signals to synthesize a digital sound
waveform signal or to impart a desired tonal or acoustic
effect to a digital sound waveform signal. These devices,
which are commonly known as digital signal processor or bSP,

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
applied to an electronic musical instrument to synthesize a
digital tone waveform signal, it has been customary to

construct a single digital signal processor having circuitry



20 such as an el ectronic nusical instrunment or sound source devi ce.
For exanple, where such a digital signal processor is applied to an
el ectroni c musical instrunent to synthesize a digital tone waveform
signal, it has been customary to 25 construct a single digital signal
pracessor having circuitry ' . -2-
arranged to performall sequential operatjons according to a specific
wavef orm synt hesis nethod (such as a formant sound - synt hesi s .net hod
or FM (frequency nodul ati on) synthesis nmet hod) and to al so store, in
t he signal mEroeEnged to pemficomo@ldgsEguaidsiall wpegattionse qeeatkding to a-
operations. For exanple, U S.P. Patent No. 4,373,416 discloses such a
t one spediddicr iwayefiorm synthesils methedof such as a formemdy &ound t h
t he conventional | y-known digital signal - processor techni que enpl oyed
in an el ect E¥mthefis capthed PEst FlinetfrequrRnay ndieduhiatiion) sisymithesis
processor has %PdBe constiucted to performall the operations for
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synthesizing digital signal processor.

However, with the conventionally-known digital signal

processor technique employed in an electronic musical

10 instrument, the single digital signal processor has to be

constructed to perform all.the operations for tone waveform

synthesis. To this end, a high processing speed is required

as the total number of operation cycles increases to meet the

tendency toward sophisticated and multifunctional operations

15 and increased number of tone generation channels in today's

electronic musical instruments. But, because there is

naturally a limit to the processing speed increase, it is

becoming difficult to meet such demands. Further, when

constructing a tone synthesis system'using a plurality of tone

20 synthesis methods in combination (such as for simultaﬁeously

generating an FM~-synthesized sound and a noise formant sound),

the synthesis system must be designed +to exécute the

sequential operations for each tone syntheéis method

independently 6f those for the other method, thus resulting

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

to construct an efficient tone synthesis system in thé_past.

Further, even in a tone synthesis system using only one tone

synthesis method, thé entire digital signal processor must be



el ectronic nusical instrunents. But, because there is natural |y
alimt to the processing speed increase, it is becoming difficult to
nmeet such demands. Further, when constructing a tone synthesis
systemusing a plurality of tone 20 synt hesi s net hods in conbination
(such as for sinultaneously generating an FM synt hesi zed sound and a
noi*'se fornmant sound), t he synt hesi-s3system nust be designed to
execut e the sequenti al operations for each tone synthesis method

i ndependent|ly of those for the other nethod, thus resulting 25 in
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swi tching of use between a plurality of tone synthesis methods and
conbi ned usesydtdmhewhich permits optional switching of use between a

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

10 As generally known, a voice is composed of a consonant

| part (unvoiced éound) and a vowel part (voiced sound). In
the case of the vowel part, vibration is excited in the vocal
cords by air streams from the lungs, and resultant air
.vibration waves are radiated out of the body through the

15 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
of the tongue, 1lips, jaws etc., so that voiceé of wvarious
sound colors may be generated.

20 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
with some'degree of fidelity. Voiced sound synthesizing
devices are known which generate a periodic waveform (e.g.,

" 25 sine wave) having a'given frequency'and a window function of
a given pitch and multiplies the periodic waveform and window
function to form a formant sound. For example, U.S.P. Patent

No. 5,138,927 discloses such a voiced sound synthesizing



tone synthesis nethods. 10 As general ly known, a voice is conposed

of a consonant part (unvoi ced sound) and a vowel part (voiced sound).

In. t he case of the vowel part, vibration is excited in the vocal '

cords by air streans fromthe lungs, and resultant air vi bration
~waves are radiated out of the body through the 15 trachea and oral

cavity. As the vibrated air passes thraugh the oral cavity, various

resonant characteristics are inparted dependi ng on the shape of the

oral cavity, i.e., the structure of the tongue, lips, jaws etc., so
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-4- MR and multiplies the noise sound and a periodic waveform
having a given frequency to thereby generate a noise formant.

Japanese Patent Laid-open Publication No. HEI 4-346502 also

discloses such an ﬁnvoiced sound synthesizing device. A

10 . 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
synthesizing a formant sound by combining a voiced synthesized

sound and unvoiced synthesized sound. Further, Japanese

15- Patent Laid-open Publication No. HEI 3-200300 discloses a

- technique of synthesizihg a voiced sound and an-unvoiced sound

by using a common pitch—énvelope for the voiced and.unvoiqed

sounds.

In order to produce a sound, it is sufficient to provide

20 a plurality of tone generation channels each designed to
generate a formant and combine respective formants generated

by the channels. For this purpose, it is necessary that the

formants generated by the'individual_tone generation channels

have center frequencies peculiar to a sound to be produced,

25 uniformized window function pitch and all the tone generation

channels simultaneously start sound generation.

It is therefore an object of thé present invention to



On the other hand, one form of unvoiced sound synt hesi zi ng devices is
proposed i n Japanese Patent Lai d-open- Publ i cati on No. HEI 2-271397,
whi-ch i s designed to generate 5 a noi se sound by band-controlling white
noi se via a | ow pass filter and multiplies the noise sound and a
periodi c waveform having a given frequency to thereby generate a
norse formant. Japanese Patent LaiLdgopen Publication No. HEl 4-346502
al so di scl oses such an unvoi ced sound synt hesi zi ng devi ce. A 10
desired sound can be produced by conbining a voiced formant and noi se
forsmant. Ferosidkpl a, JapeeesndPattemie Laydtbpeds devidapl iiaddon skundHEl
4- 299394 di scl oses a techni que of synt hesi zing a formant sound by
conbi ni ng a syeithesisy déeretteeyhich genmrates dfommanted af/ nsane Zermanind.
Further, Japanese 15 Patent Laid-open Publication No. HEl 3-200300
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operations at increased speed and which achieves increased
10 designing and fabricating facility, enhanced general—purpose
utility and increased economical efficiency of the device.
It is still another object of the present invention to
provide an efficient sound signal synthesis device which
permits sound synthesis full of varieties with simple
15 structure and control. |
It is still another object of the present invention to
provide a sound signal synthesis device which has a
synchronized tone generation instructing function that causes
a plurality of tone generation channels to synchronously
20 generate soﬁnd signals and combines the generated sound
sigzials together to synthesize a single sound.
In order to accomplish the above-mentioned objects, a
voice and tone synthesis device, i.e., sound synthesis device .
according to the present invention comprises a plurality of
25 waveform generation sections receiving a sound generation
start signal instructing a start of sound generation and pitch
information so as to form a sound waveform on the basis of

the pitch information in response to the sound generation



- 5- provi de a voice and tone synthesis device, i.e., sound

synt hesi s device which generates formants of sane formant ~ pitch via a
plurality of sound generation channels and conbi nes the generated
formants to produce a single sound, = 5 where the formant pitch is
established, for exanple, by a wi ndow function pitch to be nultiplied
‘by=a periodi c waveform It is gnother object of the present _
i nvention to provide an efficient sound signal synthesis device which
can execute operations at increased speed and which achi eves

i ncr eased Hramessjgnayraml fcomtrodt i agetionl ifoy enppAydnggetle alsqundose
utility and increased econom cal efficiency of the device. L. It is
still anot hgensgiaddonsterd gigsad: apgveitrbninformation R ispRechfid Ang ent
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generation sections, wherein said specific waveform generation

section and the predetermined other one of said waveform
generation sections generate tones of harmqnized pitches at
10 synchronized generating timings.

In the voice and tone synthesis device according to the
present invention, because of the arrangement that the sound
generation start signal and pitch informafion are transferred
automatically via the transfer section from the specific

15 waveform generation section to another waveform generation
section, it is sufficient that the sound generation start
signal and pitch information be supplied to only one of the
waveform generation sections.. This eliminates the need to
simultaneously supply the sound generafion'start signal and

20 pitch information to all of the waveform genération sections;
and hence effectively facilitates control of sound generation.

A digital signal processing device according to a first
aspect of the present invention comprises a parameter supply
section for supplying a plurality of paraméters necessary for

25 desired sound signal procéssing, a plurality of independent
digital signal processor sections, each of the processor
sections receiving one or more of the parameters necessary for

a predetermined operation so as to perform the predetermined



In order to acconplish the above-nentioned objects, a voi ce and tone
synthesis device, i.e., sound synthesis device according to the
present invention conprises a plurality of 25 waveform generation
sections receiving a sound generation - start signal instructing a start
of sound generation and pitch- information so as to forma sound

wavef orm on the basis of the pitch~-ipformation in response to the
sound generation - 6- start
signal; a control section for plyi ng the sound eneration start
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transferred automatically via the transfer section fromthe specific
digital signal processor section, and a data transfer section

including a second bus connected to each of the digital signal
processor section so as to transfer output data of each of
10 the processor sections via the second bus, wherein at least
predetermined one of the digital signal processor sections
receives the oufput data of another of the processor sections
via the second bus and performs the predetermined operation
using the received data as the input data, so that the
15 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
fed to the second bus as the output data of predetermined one
of the digital signal proceesor sections. |
20 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
receives parameters necessary for a predetermlned operation
so as to perform the predetermined operation on digital input
25 data in accordance with the received parameters and a preset
program and thereby outputs processed data. The digital
signal processor sections are interconnected by means of the

first and second bus, so that the necessary parameters are



15 waveform generation section to another waveform generation

section, it is sufficient that the sound generation start si gnal and
pitch i nformation be supplied to only one of the wavef or m generati on
sections. This elimnates the need to si mul t aneously supply the
sound generation start signal and 20 pitch information to all of the
wavef orm generati on sections, and_hgnce effectively facilitates
control of sound generation. A digital signal processing device
according to a first aspect of the present invention conprises a

par-anet er sdgpltyibuted tecthepragessqmn ISpm:goa‘-SpBGﬂathQ YReragfEamresud t
necessary for 25 desired sound signal processing, glurallty of
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predeterm ned one or nore o I gi'tal signal processor section,
and a data ahanpedforad itHe predetermined operation using the received
data as the input data. In this manner, the desired sound
signal processing can be executed on the basis of combination
10 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
digital signal proéessor-sections.
Because of the feature of the above-mentioned sound
15 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
(i.e., a series of operations for processing digital sound
signal' is divided into a plurality of operation groups
20 corresponding to the digital signal processor sections and
| simultaneously performed in the processor sections in a
parallel fashion), the necessary operations for the desired
sound signal processing can be executed at substantially
increased speed even where a relatively great number of
25 - processing steps are involved and multi-channel sound signal
is to be processed.
Further, because it is sufficient for each of the

digital signal processor sections to execute only the



i ncluding a second bus connected to each of the digital signal

processor section so as to transfer output data of each of 10 the
processor sections via the second bus, wherein at |east pr.edet er mi ned
one of the digital signal processor sections recei ves the output data
of another of the processor sections via the second bus and perforns
t hé predetern ned operation usi ng.the_received data as the input

data, so that the 15 desired sound signal processing is executed on the
basi s of conmbi nati on of the operations perfornmed by the digital

si gnal alfranessesb ropeca thoss anthe opeunataansptoc bes ekxescmbed singregch s
fed to the second bus as the output data of predeterm ned_one _.of the
digital sigmf Phecprocessestisgetionmy can be pybstanyigildy shmmlbified.
processi ng devi ce _thus arranged, a plurality of independent djgital
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and second bus, so"that the necessary paraneters are

78' increased ease and at reduced cost, and in addition, the
general-purpose utility of the synthesis device of the present
invention can be greatly.enhanced.

10 Moreover, because the digital signal processor sections
are interconnected via the first and second common buses, it
is sufficient that wires or connecting lines for carrying
input parameters and output data be simply connected to the
buses without a need for complicated, separate wiring Thus,

15 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
synthesis device and achieve an efficient use of the synthesis
device. |

20 Furthermore, in the case.where a tone synthesis system
is to be constructéd by employing different kinds of tone
synthesis method in combination .(for example, where FM-
.synthesized sound and noise formant sound are to be
simul taneously generated, or normal formant sound and noise

25 formant sound are to be simultaneously generated), operations
processable by an operational algorithm common to the
different methods can be performed by use of a same digital

signal processor section. = With this feature, an efficient



distributed to the processor sections and the operation result of
each of the processors is transferred by neans of the second bus to
be -used in one or nore of the other digital si gnal processor
sections. Thus, at |least predetermned one 5 of the digital signal
processor sections receives the output data of another of the
précessor sections via the second bus . 10and perfornms the predeterni ned
operation using the received data as the input data. In this manner,
t he desired sound si gnal processing can be executed on the basis of
cormbi nat i on systemfcarmde pEIQYE@ﬁ@ péthoukea ppedhdodisgpagatsighaperform
processor sections and a resul tant processed sound signal is fed to
t he st GRFIass ofs oprraddops: faat ﬁaﬁg BE cHae PR cT¥RHiesks pthods
digital signal Eroc ssor sections Because of the feature of the
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substantial ly I ncreased speed even where a rel atively great nunber of

25 processifur generatring envielepeasdgmallt dathaanel pepfiormed dgowla commars t o
be processed. Further, because it is sufficient for each of the
digital signal processor section.

10 Further, where part of the series of of operations for
synthesizing or prodessing digital sound signal in accordance
with a tone synthesis method is to be changed, it is
sufficient that only anY of the digital signal processor
section corresponding to the part be changed in circuit

15 structure. This feature advantageously permits an efficient
designing change at low cost. Therefore, the present
invention can efficiently comply with'a demand for modifying
the contents of the sound waveform synthesis or processing.
Further, the pre'sent invention can efficiently prbvide a

20 multifunction-type digital signal processing system for sound
synthesis or processing which allows the tone synthesis method
to be switched from one to another as desired and also allows
different tone synthesis methods to be used in combination.

A sound signal synthesis device for synthesizing a sound

25 signal in a plurality of channels according to a second aspect
of the present invention comprises a plura1ity of operation

processing sections, each of the operation processing sections

performing operations corresponding to each one of signal



digital signal processor sections to execute only the
-9- all ocated operations, the operations to be executed in each
of -t he processor sections can be substantially sinplified. Thi s

all ows each of the processor sections to be substantially
In circuit structure, and the processor sections 5 can be nmade siml ar

simplified

in

cifcuit structure. As a result, each - 11 of the processor sections can be
designed and fabricated with i ncreased ease and at reduced cost, and

in addition, the general - purpose utility of the synthesis device of

t he present processingefegnentsh thatyraze | §i cégom spquentiafysdenad,
because the digital signal processor sections .are-interconnected via
the first alFoSESSARg ARAFFHANS fox sound-gynthesizing: the: Aperation

nect i | i fqr i i t t t t
Sy conn@EbeRsEing, Bedtibhs, petng; BrovioRa gy Turs tieh| FekptioR 1o

I I T 15 h nh f th | gl | Ok
Seeti ons enfeRyetter 32 abyEa AiHEh Gnddital Sdftofh 8L HeiStitos,

t he
devi ce.

10

15

20

25

extreneseasgach of Phie® 8b30at2BneANGRd iy UBAERLNEU AR oM G [ i

( cient use of the synthesis
20 operationd Y PIFlutdlifif SASEhdAREEs aoh0BE tINRLAAViS1HvEIem

synthesi s device an

basis at time-divisional channel processing timing unique to
the processing sectiqn to thereby output an operation result
of each of the channels, at least one of the operation
processing sections performing the operations by use of the
operation results of another operation processing section, a
data transfer section including a bus connected to each of the
operation processing sections so as to transfer, via the bus,
the operation results of each operation processing section.to
another operation processing section or a sound signal dutput
port, and a parameter supply secfion for supplying éach
operation processing section with one or more pafameter's
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 parameters
necessary for desired sound signal processing, a plurality of
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 6peration
on digital input data in accordance with the received

parameters and a preset program, and a dual-port memory having



Is to be constructed by enploying different kinds of tone synt hesi s
.nmethod in conbination (for exanple, where FM synt hesi zed sound and
noi-se formant sound are to be si mul t aneously generated, or nornal
formant sound and noise 25 formant sound are to be sinmultaneously
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section ‘including a second bus connected to each of the
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 predetermihed one of the digital signal processor
sections receives the output data from another digital signal
processor section wvia the second bus and performs the
predetermined operation using thé received data as the input
data, and each of the digital signal processor sections is
capable of operating at timing independent of that of the
other digital signal processor sections by supplying, via the
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
in structure, operation and result.

Namely, the second-aspect sound signal synthesis device
is characterized in that a plurality of operation processing
sections are providéd "and a series of operations for
synthesizing a sound signal is divided into a plurality of

operation groups corresponding to the operation processing



section corresponding to the part be changed in circuit 15 structure.
This feature advantageously permts an efficient desi gning change
at + | ow cost. Therefore, the present i nvention can efficiently
conply with a demand for nodifying the contents of the sound waveform
synt hesi s or processing. Further, the present invention can
efficiently provide a 20 nultifuncti anqgype digital signal processing
system for sound synt hesis or processing which allows the tone

synt hesi s net hod to be swtched fromone to another as desired and
al so al | ows sectiong fﬁ@enﬁlmuﬂ@ag?ﬁusém spaefasgedt oibe thed Hupcessing
conbi nat i on. ound S|gnal synthesi s device for synthesizing a
sound 25 Sﬂ%ﬁ%ﬂnﬁrﬁ%iﬁlgﬁﬁﬁﬂi? oﬁa@ﬁﬁﬁﬁbls:%EEE%%H¥EF¥5'ae§€BoHE dect

of the present invention c ri ses a urah% % of o

processi ng FEATIHHE "%aBRC e OPe 6’es§f‘ g ct?’r}b‘?\s allocated
per f.or m ng %D%rr% :.%r}f %rresegndaglq Lo éc@igfgl f g{kgclna?ss:l.ng timing

pr ocessi ng S are di vl rom sequen

processigng %ﬁr ;ﬁégn gfu [Eﬂgeﬁﬂngi; aéf??eféfﬁ OREALLAT  with this

processi ng section g provi refation to each ot her
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processi ng sections perform ng the : operations for a plurality of

channel s on prddessidiglsections can be adjusted to differ from that of the
other processing section, for ekample, in the light of the
respective roles of the operations allocated to the individual
10 processing sections. aAs é result, by appropriately
controlling the time-divisional processing timing of the
individual processing sections to be or not to be different
from each other, the operatioh result of one digital signal
processor section can be transferred to another digital signal
15 processor section properly at optimum timing, which allows the
operation processing as a whole to be carried out rapidly in

a smooth mannef.
Further, in the digital wsignal processing device
according to the third aspect, each of the digital signél
20 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
25 read ports for storing the operation result output from the
operation section. Because of this, data write and data
readout to and from the dual-port memory in each of the

processor sections can be controlled at timing independent of



“basis at tine-divisional channel processing timng unique to t he

processi ng section to thereby output an operation result of each’ of
the channels, at |east one of the operation 10 processing sections
perform ng the operations by use of the operation results of another
operation processing section, a data transfer section including a bus
corinected to each of the operati oh Jprecessing sections so as to
transfer, via the bus, the operation results of each operation

processing section to 15 another operatjon processing section or a sound

si ghal out psthat ofpothe a@Fherpardheital su§b99a%ecPF@FFe§§Prsupﬁfgﬁ‘-‘si‘F¥F§‘each

operation processing section with one or npre par ers necessar
”ﬁﬁgg al signal
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processi ng, y of jirtal sl gnal® processor
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processi ng section for™ receiving one or nore parameters
necessary f;ﬁfocéksor SESERIEy M Rath ORRIE | i@ dpdiRitidnn tdin dasd r ed
operation on digital |nput data in accordance with the received

par anet er s avhtarqliksPtatprivgiepanduitt aiduidlg f tthemimsthaldgigtal signal

e processor section separate from the write timing of the second

digital signal processor section. Such an arrangement allows

10 each of the processor sections to operate independently from

the other processor section, and hence the processor sections

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

A sound signal synthesis device according to a fourth

15 aspect of the present invention comprises a sound signal

generation section for generating separate sound signals in

a plurality of channels on the basis of parameters supplied

individually to the channels, a parameter supply section for

supplying the parameters to each of the channels, the

ZO parameters to be supplied to each of the channels including

tone generation instruction information and synchronized tone

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

25 the éynchronized tone generation designating data supplied to

each of the chénnels, controlling the sound signal generation

section in such a manner that any of the channels designated

for synchronized tone generation generates a sound signal in



wite and read ports for storing operation result data out put from

t he operation processing section, a paraneter feeding section
in¢luding a first bus connected to each of the digital si gnal
processor sections so as to distributively feed, via 5 the first bus, the
paraneters to predeterm ned one or nore of the digital signa
precessor sections, and a data transfer_ 4 section including a second
bus connected to each of the di gi tal S|gnal processor sections so as
to transfer, via the second bus, output data read out fromthe read
por,t of thesyh@hrondlsmpowithepredetiemainiedf ohke ¢r oarasor ofecth@nsther
wher ei n at | east predeterm ned one of the digital signal processor
secti ons rechkanselshe output data from another digital signal . :
processor section via the second bus and perfornms the redet er m ned
operation using Becaussei dad e a fountheaspeat sgundataig SyE¥heEsighe
digital signal processor sectiqgns is capabl e of operatlng at tjimng

|ndependentdﬁwlFﬁat of SyRghronizeg ,fong; gQFQPr§F¢HQI P§LS: ngocG23Rs by
iee’in Bhe SpRciiging whedten " nel i endtrfEctrFoRe. LR fvhchtohigh

t hus- dipgit
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simlar to &haebbhabnﬁ%g%fsy%aes bthdeVi Shannels, | NsPhEhTbRiSedOPRoRE ON
and result. y, the second-aspect sound”signal synt hesi s

device 25 geheréftabactehitzed iB d6Rieded! i aldrddowt cHMdiaid by @FeTheNd
sections are provided and a series of operations for
channels as desired. At that time, parameters other than
10 those for the synchronized sound generation, such as sound
color setting and controlling parameters, can be set
optionally for each of . the channels, and hence a single
complex tone signal can be synthesized by combining sounds of
different forﬁant structure or different harmonic components
15 in the desighated channels. Thus, by only sétting
synchronized tone generation designating data optionally for
each channel, tone signals having wvarious combinations of
different formant structures or different harmonic components
can be synthesized, easily and with simple channel structure,
20 through various combinations of designated channels.

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.

25 In the drawings:

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



synt hesi zing a sound signal is divided into a plurality of operation
groups corresponding to the operation processing

- 13 - sections and sinmultaneously perforned in the processing
sections in a parallel fashion. Particularly, each of the processi ng
sections is allowed to execute the allocated operations at its own
ti e-di vi sional processing timng 5 .~ hgdependently of the other
processi ng section. Wth this feature, the tine-divisional
processing timng of each of the processi ng sections can be adjusted
to.di ffer fesbodimentgf ofhdhe presemtednwesddsiisng section, for exanple, in
the light of the respective roles of the operations allocated_to the

i ndi vidual 10 @FdScedsilfga fupctdenal blogk diagrawmfddlusgyating S3owst el v
control ling the,tine-diviaiOnaIifrpcessin ti 'qg ff the. .. . indLvidﬂaI
processi ng S&ctighale And ifqrRatieomae grehyrality qf g FLHERA: the
operation result of on Laital -siagnal . praqcessor, secti.on can be

t r ansf er r edPEQGREOHE! ?B%S%t)all%iﬁ:g‘%afnu%alprl&se éﬁ'}‘enste&eﬁc r%%’ro erly at
opti munmkti m ng, ich all h | O LRSS NG @ to
be g:armsepl out r‘gg‘lgél y%i nﬂé’S é eglg%ot%%\%r&ﬁ ﬂg; Fa:rht%h\(,a\,;sglslir? t he
di gi tal S'Qg%kuéﬁﬁﬁéféfn%hgefﬁﬁ§t digitdiceighad bPobBesbl [ BseifeshowdAch

of the digital signa
in Fig. 1;

Figs. 4A to 4D are diagrams illustrating exemplary

memory maps of dual—port memories (RAM) contained in the

10 individual digital signal processors of Fig. 1;

| Fig. 5 is a block diagram illustrating the general
hardware 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) shown in Fig. 1;

20 Fig. 8 is a time chart illustrating the operational
relationships 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 1is a combined functional block diagram

illustrating the detail of arithmetic operations performed by



20 processor sections includes the operation processing section for
receiving paraneters necessary for the predeterm ned operation and
perform ng the predeterm ned operation on digital input data in
accordance with the received paraneters and preset program and the
dual -port nenory having wite and. 25 read ports for storing the operation
result output fromthe operation seqti on. Because of this, data wite
and data readout to and fromthe dual -port nmenory in each of the
processor sections can be controlled at tim ng independent of

- 14- thieatfiget idd gdttiadr sdignalalprageREonr ocessor secti on.
Consequent |y, when one of the digital signal processor ) sections
(first digital siffiel ptbcedSor asedimsn) ‘F@%’é‘gveélbﬁﬁtratlngut ererpd aFyt a

output fromthe dual -port nenory of another 5 digital _signal processqr
section (seCBRFF LGNSRt dROPTogram, stepss Gif §g€t ithyrd Qia:ﬁ’t&asrl@ t

operation can _be . controlled at independent timng of the first

di gi tal sigR§Pcess°r'processor section separate fromthe wite timng of
t he secgnd i git si gpal._pr ect.l -éﬁgf apy an gﬁ?%

al | ows 810 each of t hgizproggssgr g%c |g{nesfistof%rgé;trlé e mdgpggn: en%q'y fom

the other preqeetYatitel tAB d8PdiNCHE Cat{Ehmd O£E TR r MG Porformed ¥y
execut e respective operation algorithnms w thout being
the third digital signal processor;
Fig. 13 is a time chart illustrating exemplary
operations performed at microprogram stéps of the fourth

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

Fig. 14 is a combined functional block diagram

N illustrating the detail of.arithmetic operations performed by
the formant sound synthesis method;

15 Fig. 15 is 'a +time <chart illustrating exemplary
operations perférmed at microprogram steﬁs of +the first
digital signal processor in accordance with the FM synthesis
method;

Fig. 16 1is a -time chart 'illustrating exemplary

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

Fig. 17 is a waveform diagram illustrating various phase
data formed by the first digital signal processor in the

25 formant sound 5ynthesis}

Fig. 18 is a waveform diagram.illustrating various fone

waveforms generated by the fourth digital signal processor in

the formant sound synthesis;



excessi vely constrai ned by each other. A sound signal synthesis
device according to a fourth 15 aspect of the present invention conprises
a sound si gnal generation section for generating separate sound
-signals in a 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 q@igannels, the 20 paraneters to be
supplied to each of the channel s incl uding tone generation instruction
i nformati on and synchroni zed tone _generation designati g dat a :
speci fyi ng whet hdfithr Hptigha list cﬂﬁnﬁém@wumr@é}?é'«e&t dataothati gre
synchronismw th any of the ot her channel s, énga control secti.on for,

on tlhe 3a5| giyen 255'0“‘ tahé‘ié’ft?&ﬂ"m?é °§’eﬁ’é5r erda mysdead

t h of [l d |
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in the ourt aspect soun S|gn synt esi’s devi ce, synchronlzed
tone gener gpeRd diesirﬁkﬁﬁéﬂ\éﬂtedabgr predetdafined nenvBeldrerthe @algital
generate a tone in synchronism

signal processors;

Fig. 21 is a functional block diagram illustrating an FM

synthesizing operation élgorithm implemented by a combination
10 of the FM syntheéis operators; |

Fig. 22 is a functional block diagram illustrating -an
example of a channel synchronization process in connection
with a case where channel_synchrbnization flags RBP for all
the channels are at a valué of "0", with the channels shown

15 as placed in parallel;

Fig. 23 is a functional block diagram illusfrating
another'examplelof the channel synchronization process in
connection with a c¢case where one of the channel
synchronization flags RBP is at a value 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 wvoice and tone synthesis
device of Fig. 24; |

Fig. 26 is a block diagram illustrating an examéle of a

voiced formant generator of Fig. 25;



with any of the other channels is given to each channel I ndependent | y

of the other channels, synchronized tone generation control is

achi eved in various conbi nati ons of the channel s as desired. At that
time, paraneters other than 10 those for the synchronized sound
generation, such as sound color setting and controlling paraneters,
can be set optionally for each of- ee-channels, and hence a single
conpl ex tone signal can be synthesized by conbi ni ng sounds of

different formant structure or different harnonic conponents 15 in the
desi gnated chanfdlgs. 27 1is TAugraply iddwbgtresingnexemplaxy nsgveforss
tone generation designating data optionally for, each channel, tone
si gnal s havioh§aiaedoad verbrHat PeiBtsfof the ypiged Sarmantganenatian @fes
or different_harnpni c conponents can be synthesized, easily and with

si npl e chanﬁ%ﬂ's?ﬁﬁcture, 20 t hrough various conbi nati ons of designated
of ,vari.ous feature

h | s. .. Egr b der.st andi f th
present | nvent | of Mm@ e gt & FRE AT & 1RGN A Srtole’ pg &
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draw ngs. 1g. 1 is a block diagram
illustrating the F&ﬁ‘.erz@ is a bDBERVG 8gPhh ULT 1St Pat il AP Exip Lo 184S iarp

i nstrument enploying a digital signal processing device according to
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 signal
processors DSP1l, 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 electronic musical instrument in parallel relation to

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

on an operator section OPS (compfising performance operators

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

be used in setting the pitch, color, volume etc. of each tone

to be geherated.l These parameters are distributively fed to
predetermined ones of digital signal processors DSP1 - DSP4

25 via the computer interface CIF and parameter bus PBUS.
Digital signal processors DSP1l to DSP4 are also interconnected

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



- 16 - enbodi nent of the present invention;, Fig. 2is a

functional block diagramillustrating flows of signals and

i nf.ormati on anong a plurality of digital signal processors (DSPs) in
t he musical instrument of Fig. 1; 5 Fig. 3 is a block diagram
illustrating the basic structure of the first digital signal
précessor (DSP1l) shown in Fig. 1;- 20 - Figs. 4A to 4D are
diagrams illustrating exenplary . nmenory nmaps of dual -port nenories

(RAM contained in the 10 individual digital signal processors of Fig. 1;
Fig. 5 is adigidieldisdgnah prrogesserisnBSPhetgdififthiare connggtedate @tdqrea ure

of the first digital signal processor DSP1) shown in Fig
Fig, 6 is aintwafagafldmsenving as A8 PH§P§ nEPH and alge (ﬁ%ﬂ‘le%‘ﬁ?%c"{%r e
of the third djgital signal processor q?wn in Fi
Fig. 7 is adl Fﬂ]ﬁd?gfrﬁ'}q]i%ﬂ%"ﬁ?&et‘hgﬁeﬁé?a he t%a?’ﬂ%%’?%a%%aﬁure
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25 processor 1 n accordance with the fornmant sound synfhesis
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 DSPl
to DSP4 via interface MIF and data bus DBUS and is also
connected to the microcomputer section COM via the interface

15 MIF, parameter bus PBUS and intefface 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 operations and other processing for

20 synthesizing a digital tone waveform are divided 6r classified
into a plurality of operation groups which are allocated to
and performed by the digital signal processors DSPl1 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



met hod; Fig. 10 is a conbined functional block diagram
illustrating the detail of arithmetic operations perfornmed by

- 17 - the first digital signal processor; Fig. 11 is a
time chart illustrating exenplary operations at mcroprogram steps of
the third digital signal processor; 5 Fig. 12 is a
coffbi ned functional block diagram _ o7 illustrating the detail of
arithmetic operations performed by the third digital signal
processor; Fig. 13 is atime chart illustrating exenplary

oper ati ons [ierd‘m;rmhdﬂat chiannedisog( heretiepstelr t heféouedh td0 asli dimiding
signal processor in accordance with the formant sound synt hesi s

et hod; operatidrig] ) .14 Theasecebdnaigihedt i sianabl nmcesagraPSPZ is
|IIustrat|ng the detail of arithnetic operations perforned_ by

f or mant souﬂfﬁ%HQQQS Q kpenheperatjons foqﬁQFGPQEFnQsenﬁel?PﬁedQHiﬂﬁor

LS 3G P! B copne 0SS SALLO IR L ELORLOT S SIGRS O
synthes%s operé%%oné%. The third glgltal signal processor DSP3 is
assigned to the operations for making noise signals to be used
in tone waveform generation in each of the channels
(hereinafter referred to as "noise operations”") and also the
operations for reading 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
6ther digital signal processors DSPl, DSP2 and DSP3
15 (hereinafter referred to as "waveform generating operations”).
Fig. 2 is a functional block diagram illustrating flows
of information and signals among the digital signal processors
DSP1 to DSP4 in the digital signal processing section DSPS of
Fig._l. The microcomputer section COM supplies the digital
20 signal processors DSPl to DSP4 with predetermined parameter
data depending on the allocated operations, as enumerated in
Fig. 19. . An explanation will be made later as to which
parameter data is supplied to which digital signal processor

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

microcomputer section COM and sends the thus-prepared envelope



Fig. 16 is a time chart illustrating exenplary 20 oper ati ons

performed at m croprogram-steps of the fourth digital signal
proecessor in accordance with the FM synthesis nmet hod,; Fi g.
17 is a waveformdiagramillustrati ng vari ous phase data forned by
the first digital signal processor in the 25 formant sound synthesis;
Fig. 18 is a waveformdiagramillustratdi mp wari ous tone wavef or ms
generated by the fourth digital S|gnal processor in t he formant sound
synt hesi s; - 18 - Fig
1945 a |istdadre & ithe Hirsheand ﬁ@ua’chhdf—gaitél signad pawcessarg DSPL

m croconputer section of the electronic mus I nstrunment, t the

i ndj vi dual AR PHP4VdRathsy 9@§§SBP§ DBUS. 'fese eryelepe datg Jing
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Fig. 22 is a ustrating an
will progressively vary with time.

For each of the channels, the first digital signal
processof DSP1 prepares progressive phase data PG
corresponding to the pitch of tone to be generated, on the

10 basis of pitch-setting and tone-color-setting parameter data
supplied from the microcomputer section COM. The first
digital signal processor DSP1l 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 ﬁse 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 fhe
amplitude-controlling envelope data EG and the interpolating

coefficient data IP) and correlative noise signal BWR. the



exanpl e of a channel synchronization process in connection wth a |
case 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 diagramillustrating anot her exanple of .
‘t.he channel synchronization process in connection wth a case
whére one of the channel synchpgni.zation flags RBP is at a val ue
of "1", with the 20 channel s shown as placed in parallel;

Fig. 24 is a bl ock diagramillustrating a voice and tone synt hesi s
devi ce in adouwrdinddgditel sdienadr paocesiseanDSFH sends the Fhusmprepared

I nventi on; Fig. 25 is bl ock diagramillustrating an exagple of
a 25 souﬁ@n&eﬂéﬂﬁﬁp6w dr&antp Eketf%Fﬁﬁnéié%ﬁﬂﬂtﬁﬁﬂP Raegssor D

devi ce of Fi

exanple of %a the\ﬂﬁ%%dbPSrPEHg ggﬁgkgt blOcéigigggaghbhgis%&%Eégié¥1
;)bt ai ;1ed at PR &Yg' g’ipn émlc?fs %ﬁ%‘t\%%ri&'clgl?l uz'; :rfgt I]'rlgeﬁx)e((raa or%">éfl 55 %lg'%d
26, 5 frod 'the %%dzscrﬁ A Skt S25AR | physbEabE "sBR BRAMReRAR! the
resultant summed tone waveform data to the digital-to-analog

converter DAC via the data bus DBUS and interface DIF.

(Fundamental Structure of Digital signal processorsj

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 represents any one of
the digital signal processors DSPl1 to DSP4. 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.microprogfam supply section 5 of the second
digital signal processor DSP2 is prestored 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.



5 noise formant generator of Fig. 24, and Fig. 29 is a block
diagramillustrating an exanple of an FM sound source circuit.

Fig. 1 is a block diagramillustrating the general har dwar e structure
of an electronic nusical instrument 10 enploying a digital signal
processi ng device according to one enbodi nent of the present

i nvention, in which a digital signal - 24 processing section DSPS incl udes
four digital signal processors DSP1, DSP2, DSP3 and DSP4. These
digital signal processors DSP1, DSP2, DSP3 and DSP4 are connected,
via a 15 parangierdshite peusotgddthatolhetrresent gnhodingnt ig gapable

m croconput er_ secti on COM coq?rising a CPU, a ROM and a RA of, the
el ectronic .tﬁfsi%’wl‘i’ﬁ%‘ﬂguﬁg‘ﬁt Gruaht seundsynthesis and FY, syrghesis on

CPS (compr i A et oire RAVSFSRE SonSFering RRBreRpthe: Shey, 3B oot
m crocomput gl seehLon QMPIOVidSaeorm mifiSd 82 SN OLEE SO Lh
vari ous paraﬁ% er %ata 0 € uSed 1n setting the pitch, coﬁof, vol une

etc. of Seacgiﬁbggotgg:am tSu ]r.geg‘éﬁ%ﬁ_%ﬁ' SThgEe tigr Zfl‘@f& Sd#4%tal signal

distributiv determ ned ones 0 gital signal processors

DSP1 - DSP4 préeestcr D¥PIC @iitalind RS BFF rldn 2t A Riirdptod?dds
Digital signal processors DSP1 to DSP4 are al so interconnected via a
dat a bus DBdnd getx EaanghedEbgmbher s6chdcsynthtsidedind the other set for
| the FM synthesis. Similarly, the microprogram supply section
5 of the fourth digital signal processor DSP4 contains two
10 different microprograms, one for fhe 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 processor DSP3 performing
the noise 6perations-execute respective same microprograms
15 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 reéponse 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

DSPl1 and DSP4 selects either the microprogram for the formant



- 20 - digital signal processors DSP1 to DSP4 are connected to a
dat a interface DIF serving as an output port and al so connected to
a digital -to-anal og converter DAC via the data interface D F.

Synthesi zed tone waveform signal data is output from 5
predeterm ned one of digital signal processors (first digital si gnal
précessor DSP1 in this enbodi nent) as an 2g ti mate result of
arithnmetic operations. The synthesized tone wavef or m si gnal
converted in analog formis audibly reproduced . via a sound system SS.
10 . Figqungl | synkhesisr mmetbey ngroprogran olﬁerwaﬁm oF?'h cﬁtrathesm
sanpl ed from an external source by use of the PCMtechni

connect ed t@qwq%dliﬁduﬁ?sﬁ?%?al tgj gﬁal tﬁ’P@ceﬁé’r@%ﬁan alQ{Q?’[ﬁl”H

via interfac nd dat a bus DBUS connected to the
o bconmur de A PO RATRISERE AT, FRBEALBSd i VBELONE: HEtnhe B

uppl Péiriiiq"iv%{ vaek@sél B f{’éﬁé and &Paﬁ%é’fr R B SR e%b%”p"ﬁam
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DSPS, varlous ar|1 nmetic operati er processing
synthesi zi NGrgi 1yl  Forktde Waimnen's ab‘én@k&'t@ad 8h CtRESI basfs of tHYO a

plurality of operation groups ich are allocated to and perforned by
the digital mficHrdyrene sppl {PiEdcn B3R} supply detidistmnge divted itst
digital signal processor DSPl is - assigned to the operations for

prepari ng pmﬂgmmmmhmeﬁﬂuﬁnperatlon/storage section 7.

The arithmetic operation/storage section 7 performs

10 various operations, such as arithmetic operations, data
storage, selection, delay and data conversion, in accordance

with various signals given from the control signal generating
section 6. The arithmetic bperation/storage section 7
includes an arithmetic unit (ALU) 8 for performing the four

15 arithmetic operations and logical operations, and a dual-port
random access memory RAMn. As mentioned earlier in relation

to Fig. 2, wvarious parameter' data are supplied from the
microcomputer section COM to the digital signal processdrs

DSP1 to bSP4 via the parameter bus PBUS, and also each of the

20 digital signal-processors DSP1 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 arithmetié 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



25 data for each of a plurality of (typically 18) tone generation

channel s (hereinafter referred to "phase operations”) and al so to
operations for summ ng up tone waveform data generated in ~anot her
digital signal processor (e.g., DSP4) for the

- 21 - I ndi vidual channels (hereinafter referred to as "m xing
operations"). The second digital signal agrocessor DSP2 is assi gned
to the operations for preparing envel ope data for each of the

channel s (hereinafter referred to as "envel ope 5 operations). The

t hi.rd di gi t sigeagnairquesssysor DEBP3 tics DSP4 exesiupesd the t predpdeamioed f or
maki ng noi se signals to be used I n tone wavef orm generation in each
of the chanpélecated oprzpgileast #singf dhese K@t® "noi se operations") and
al so the operatjons for readin% out PCM wavef or m.data (hereinafter

10 referred to a9 PYRbLIRATE | SARAPD afcess PRRORY gFRANP Shgmafeparate
DrO0E5O" DSEuts FREL R0 e CRRER e Sy LS Yhnaom gBchEE°
crveL 908, haniht (il 008 BN FBeSta! W sormyr Fhef, i), 300
ST oot o S PBFALIERE.) 1y he tiqurd] s bl ip ol D chhan
si gnal prOCBé?QVQandom access memories RAM1, RAM2, RAM3, RAM 4 in the
digital signal proceésors DSP1 to DSP4. Stored data in the
dual-port random access memory RAMn (i.e., data indicative of
10  the operation result output by the arithmetic unit 8 of the
digital signal processor DSP concerned) is read out to be
utilized in that digital signal processor DSP, sent to another
digital signal processor DSP via the data bus DBUD or sent to
the converter DAC.' As previously mentioned, each of the
15 _ digital signal processors DSP1 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 processérs 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 DSPl. This memory RAM1 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



DSP1 to DSP4 in the digital signal processing section DSPS of Fig. 1.
The m croconputer section COM supplies the digital 20 signal processors

DSP1 to DSP4 with predeterm ned paraneter dat a dependi ng on the

al | ocated operations, as enunerated in Fig. 19. An explanation will
be made later as to which paraneter data is supplied to which digital
si gnal processor DSP1 - DSP4. 25. 27 - Mire specifically, for each
of the channels, the second digital signal processor DSP2 prepares
envel ope data on the basi s of various_envel ope setting data supplied .
fromthe  arenterbeowpedecfosctormpnttEound %ﬁmam tﬂﬂ%%iﬁ@p&o@d:alns
envel ope data to the

first and f&Wer grapget af LBgrasnpedceterrge Iﬁﬁas for %Wﬂ“’(ﬂ FTONPSdat a
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par anet er
phase (progressive phase) of a given waveform signal. Where

the FM synthésis method is 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 two (first

and second) FM operators OPl and OP2 as will be described

later. In addition, the random access memory RAM1 includes

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

and second groups) ﬁf window function phase data Péwl and

15 PGw2, 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 storing left- and

right-channél tone 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



supplied fromthe m croconputer section COM The first di gi tal

si gnal processor DSPl1 sends the thus-prepared progressi ve 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 correl ative noi se signal BWR on the basis of the
t one-col or-setting paraneter data supplieg trom the m croconput er
section COM  This signal processor DSP3 sends the thus-prepared

correlative noise signal to the fourth 20 digital signal processor DSP4
vi a the dat steringBledtack glide datahdfu fter kewcksed fAE PRAFReIfOTMaRE
fourth digital si gnal processor DSP4_generates_tone waveform data

Qgrgpg aandtiﬂﬁlJ _2i:ﬁﬁﬁﬁiFﬁ@%hatE?$§rg%hﬁevGPHﬁfAﬁyaﬂgeAgP @re mrieh
mi cr oconput GOTEFRY ‘g‘ﬁﬁog ggﬁége dlgg%t %&"‘%’SM 8&?8 includas, o
éﬁﬁﬁg%ﬂg;?ﬁ%?etaa#%%“é%béfgEse §Paccn e (9hen erpof%f.esmmg three
T I di%%u% 8% §8Pés+§{r:1%?ﬁ|;or?c %ﬁsené%htﬁ Eusb%ruespegred
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data bus DBUS. The first digital signal processor
groups of 18-channel storage areas for storing three groups

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

as time—varying interpolation coefficients. In addition, the

10 memory RAM2 includes tﬁo groups of 18-channel storage areas

for storing two groups 6f tone volume level data LVL1 and

LVL2, respectively, which are to be used for formant sound

synthesis or FM synthesis, and 18-channel storage areas for

storing tone volume level data LVLu to be used for noise

15 formant sound synthesis,‘as well as storage areas for storing

envelope waveform segments. Of the three groups of envelope

data EG and interpolation data IP, one group is data for PCM

operations and two gfoups are data for formant sound synthesis

and FM synthesis. The tone wvolume level data LVL1l, LVL2,

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 éignal processor DSP2 without being output to another digital
signal processéf DSP1l, DSP3, DSP4t

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

random access memory RAM3 in the third digital signal



DSP1 suns up tone waveformdata of all the channels supplied 5 fromthe
fourth digital signal processor DSP4 and sends the . resultant sumred
tore waveformdata to the digital-to-anal og converter DAC via the
data bus DBUS and interface DIF. (Fundanmental Structure of Digital
si gnal processors] Next, the fundanmental hardware structure of
eath digital 10 signal processor DSPLl, 20SP2, DSP3 and DSP4 will be
descri bed with reference to Fig. 3, where DSPn represents any one of
the digital signal processors DSP1 to DSP4. A m cr-oprogram supply
section 5 | progesgoy PEP3si gﬂhiSWWMWGMdeﬁ:d%nqhﬁém% storage
devi ce which prestores mcroprograns__ 15 describing, the ones of the

digital wav@ream sTOX heforing data BUWE #adhs ofhi ¥hiche 18 | RERECY 0 B¥he
Supply sect POFBgR B8] cyrgent datingr Lo BoFa-BREE e BUstag gnd

t d . f, th - [ d.m xi 20
bperat 1 ons; Sied, EE D baTR Ay, DAY, BRES' AR, BUCRL A oL 1LED 8 B
signal gr 0?%’&3&1’8@%;3‘ Sndiss! %riggxg@. ym cr Weo%@rﬁéfggms iﬁ'@lude?y 18-

above-nenti oned envel ope opera I'n the m croprogram supp

section 5 obnahaehiNiditbriligh t #tess 008F RARRENTO'dRRPALPF (18WEpRLSS HYiRd

m croprograns for the above-nentioned noise and 25 PCM operations, and in
the m cropr edgadluRNG SEtét OP8SchRannel stbeabgeukiread did abe sugsdl as a

processor DSP4 is prestored a m croprogram for the above-nentioned
wavef or m gemerktingg RAM dwrpisrgatthenscperations.

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

10 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 18-channel
storage areas -for storing second waveform data TR2, other 18-~
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 acquire a noise waveform. In

the formant sound synthesis, the storage areas for the first
waveform data TR1 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 6perator
OP1l. In the formant sound synthesis, the storage areas for

the second waveform data TR2 serve as storage 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 serve as storage areas for storing the sum.
'of tone waveform data of the first and secbnd FM operators

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

OP2 alone. The storage areas for the feedback waveform data



- 24 - It is to be noted that the present enbodi nent is capable
of _enpl oyi ng the formant sound synthesis and FM synt hesi s nmet hods for
t one wavef orm generating processing that do not use the external
wavef orm nenory VW To this end, the 5 mcroprogram supply section 5
of the first digital signal processor DSP1l contains two different
sets of m croprograns, - one set for (gg formant sound synt hesis and
the. other set for the FM synthesis. Simlarly, the m croprogram
supply section 5 of the fourth digital signal processor DSP4 contains
two 10 di firerstdren fualbagk arsve fornm fdatd heo flos nesdd sfom el fesdlsack
and the other for the FM synthesis. In contrast, the second digital

si gnal proced$oopedRtipns odm njheheftnst| di¢ operatgger QPilongnanthe hiFM .
di gital signal processor DSP3 performng t he noi se operations execute
respective ssynthestkmedeans 15 irrespective of which of the two
nmet hods is used for the tone wavef orm synt hesis, because th

) () r] e I -
operational cBeteitedyMardvare Jrruatuee: @f t fdhet¢eyt, Pigital signal

control _signal eneraljng_section 6 fetches and decodes an instruction
fromth m«ﬁﬁﬂé%ﬁﬁ contained in the 20 microprogram supply section 5

and generates 2 o@gL! Ang iilifluare £I3380-c8e L8 clgicbefye | R GLLRD

The control signh génerating section I'n_eac

signal procesiiiseion/sto¥dgd O ddd ol S {8t AHd9e80¢ dgQ8ERY (dgnal
m cr opr ogr am

processors DSPl 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 DSP1 to DSP4. As explained earlier in relation to

Figs. 2 and 3, each of the .arithmetic operation/storage

sections 7 is supplied with various parameter data from the

15 microcomputer section COM, data from another digital signal

processor, and data indicative of the operational result in

the same digital signal processor. Each of the arithmetic

operation/storage secfions 7 is provided with a selector to

selectively introduce data to be processed in the associated

20 arithmetic unit 8. To the seiect control input of the
selector is applied a control signél that is generated by the ’

control signal generatingl section 6 on the basis of a

microprogram contained in the microprogram supply section 5.

Data thus selected by the seledtor 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



i nstruction, in response to a key-on signal contained in. 25 various

paraneters given via the bus PBUS. The key-on signal I nstructs a
start of tone generation. The control signal generating section 6
in each of the digital signal processors DSP1 and DSP4 sel ects either
the m croprogram for the formant -
25 - sound synthesis or the mcrompogramfor the FM synthesis
nmet hods in response to a tone synthesizing algorithm desi gnati ng
_paraneter ALG contained in various paraneters gi ven via the bus PBUS,
and nodi f i esalacty ecttRf nNECEFSEFVanPPesationscopBancexofkedheby the
desi gnated tone synthesizjng al gorithm Various control signals

gener at ed orPRFREIHRS FFitmetic unit Boprogram supplied fromthe supply
The ar it hiet § ¢ Coper s forte gty Yad BREva=ElRtaHRER-3 Sk Jfe it ritettc
operations, _S . Al | C..:0perations,.. da . S ge,
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arithnmetic eration/storage section ~Includes an arithmetic unit
(ALU) 8 for w?ﬁﬁd&me{néﬁaionéé, fhée! BEREIEC g9pRRall @AgmANd drsidsdor

operations, and a dual - port random access menory RA%h. As menti oned
earlier in i p8rforms the phase and mixing operations for digital
waveform synthesis. The arithmetic operation/storage section
7 in the digital signal processor DSPl is supplied with
10 predetermined parameter 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 sedond digital signal
processor 2, and also later-described tone waveform data for
each channel read out from the dual-port random access memory
15 RAM4A of the fourth digital signal processor DSPA4. The
parameter data to be supplied from the microcomputer section
COM to the first digital signal processor DSPl1l are as follows
(see Fig. 19):
FNUM: Paraméter designating a pitch frequency number;
20 RBP: Flag to simulfaneously place selected adjoining
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
fdrmant sound);
VIB: Parameter designating ON/OFF of vibrato;

DVB: Parameter designating a depth and rate of wvibrato;



to Fig. 2, various paraneter data are supplied fromthe m cr oconput er
section COMto the digital signal processors DSP1 to DSP4 via the
paramet er bus PBUS, and al so each of the 20 digital signal processors
DSP1 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
arrthnmetic unit 8 via data interfage LF. Further, as shown in Fig.

3, the resul tant operation output of the arithnetic unit 8 is fed 25
back to the unit 8 itself via the data interface IF after bei n
del.ayed or stored0OM: tPeramebey Rasignating ANOER of modulation @gntar ol
signal fromthe control signal generatlng section 6, the arithnetic
unit 8 of egemter ifmeayiegiavaiof a formant sound; -

26 - signal_processors DSP1 to DSP4 executes_the predetermn ned
al | ocat ed oper at i¥RE uskEPeEee (dpgignating a  fgp eﬂaﬁértrﬁﬁﬁdo
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Slgnal processtes BORGUMARE o URLANA fduiditc sounadual port random

access nmenory RAWh (i ta indicative of
UDFM: Parameter designating a depth and rate of

modulation of a center frequency of an unvoiced formant sound;
URVF: Formant following control flag:;
10 PAN: Parameter designéting 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 OPl in the FM
synthesis, and
MULT2: Parameter designating a frequency multiplication
factor of the second FM operator OP2 in the FM synthesis.
20 The frequency setting parameters FNUM, FORM, UFORM are
mbdulated by a modulating section 12 in accordance with
modulating parameters VIB, DVB, FOM, DFM, UFOM, UDFM,
converted into 1ogaiithmic form and then 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
frdm the random access memory RAM4 of the fourth digital

signal processor DSP4 (among others, tone waveform data for



10 the operation result output by the arithnmetic unit 8 of the

digital signal processor DSP concerned) is read out to be utilized in
that digital signal processor DSP, sent to another digital signal
processor DSP via the data bus DBUD or sent to t he converter DAC.

As previously nmentioned, each of the 15 digital signal processors DSPl
and DSP4 may be supplied with data 33 em any of the other digital
signal processors via the ~data bus DBUS. Line LX is therefore
provided in each of the ital signal processors DSPI and DSP 4 for
recei vi ng t lgach channgla) t |d@ﬁ=§f é‘ 64 fr@m BRgister nREGL reenfrbred sin sthe 5

the data 20 . bus DBUS gs. 4A to 4Dshowgata stor)a(? r%p
of the dual st dlglt%ﬁ&&ﬁ?éc@éggeﬁﬁ%r]?%%l' iahd deten gl Penh fornit
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groups of 18° orage’ areas TWO groups (Tirs and
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two groups Qfenki¥Eng as@réaﬁtféfagléﬁalsgaheﬂatmg gbe#ddn 6 on the
basis of a microprogrém instruction contained in the
microprogram supply section 5 corresponding to the processor
DSPl. 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 #RAM2 read out from
the memory RAM2 of the second digital signal processor DSP2
(among others, éttack glidé data AG, AGu), data #REG1l from the

15 register REGI1, data #RAM1 read out from any of the storage

areas of the memory RAMI in the first digital signal processor

DSP1 and data "0". In turn, the selector 11 selects one of

the 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'éircuit
17.

Under the control of a controller 23, the log/linear

converter and shifter 14 performs log/linear conversion or
25 shifting on the selected data, and the log/linear converter
and shifter 16 performs either one of log/linear conversion,
shifting and positive/negafive sign inversion or all of

log/linear conversion, shifting and positive/negative sign



(first and second groups) of center frequency phase data PG1 and
PG 2, respectively, which are to be used for formant sound 5 synt hesi s.

The pitch phase data PGpl and PGp2 and center frequency phase data
PG| and PE 2 each indicate a nonentary phase (progressive phase) of
a given waveform signal. Were the FM synthesis nethod is sel ected,
thé storage areas for the center fraquency phase data PG 1 and PG 2
are al so used as 10 storage area for storing phase data generated from
two (first and second) FM operators OP1 and OP2 as will be described
| at.er. | n adaéwversion.he The@anning scontrel yoayameter| Bisis inpuydoy@oups
of 18-channel storage areas for storing tw (first and second ps)
of wi ndow f P& it@Pishadle dirichdi ‘é’ﬁﬁn QHtPuT%/\,éefFesB@@u "8"&‘?%3

oS b e Bl 88 qn A i S SR 9

Po be Useq Tevdll of tdid boTiRdBud Rl WRLELERT &) %r%%“%ﬂ%a o

20 M Xg ar %g%%&@ﬂgeggb%h@ ébﬂﬁdt ggsraa@vgéor Mlat & W rightidilinHaAual
ence Wt

channel s i n Correspon t and right speakers.

Fig. 4B showgdheydflme SH@RAE 88RtL61! RRAtAIANE 0 he formaddHANMA/Fh
menory RAM2 i n the second digital signal 25 processor DSP2. This nenory

RAME cont ai eleski@neitamiee! phoaméter BWaress fPregidncyg aiulladiplglostadint a
AG for normal tone- waveform signal (i.e., data to contro
time-vari at idesighating) paramegbrt MULTSe axf MULM2e) amed se¢hectédd- diwmneel

storage areas for
' selector 22 to be sent to the controller 23. In accordance

'

10 with the selected data and the control signal from the control
signal generating section 6 of the processor DSPl, the
controller 23 controls the operation of +the log/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 REGl and written into the memory

20 RAM1 via a delay circuit 24 in accordance with the control
signal from the generating section 6.

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

25 1 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



- 28 - "~ storing attack glide data AGu to be used for noise fornmant
tone synthesis. The attack glide data AG and AGu are pitch

controlling envel ope data. The nmenory RAMR al so includes t hree
groups of 18-channel storage areas for storing three 5 groups of envel ope
data EG respectively, which are to be used for controlling
time-variation of anplitude and other thgge. groups of 18-channel
storage areas for storing three groups of interpolation data I|P,
respectively, which are to be used as time-varying interpolation
coef fici ent pitch Hodiquency tpleasd OdatenBeplRAVBE2 cduaicElawo gheuputpit
18- channel storage areas for storing two groups of tone volune | evel
data LVL1 agentrollervi2® seksmcthevEpymanlki cendiexr tkregueney pbaseofadat
sound synthesrs or FM synt hesi s, and 18-channel storage areas for
storing tonBG#ébuﬁg ?e@&drﬂﬁﬂ?qFW§PQQF%RPLﬁﬁﬂﬁqcﬁaFélggw 15PCWE o P the

sound synt hesi s, Eﬁe as storage are fqr %%orln envel ope
mavefornrseﬁﬂﬁﬁ?§p° PHe SERVEe 6%&5' FESEE VEHERH EG and
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t he envel ope I nt er pol at1 on data Whereas the tone
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si gnal
generating section 6 of the first digital - signal processor

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

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

channel written in the memory RAM1 is read oﬁt, as necessary,

in accordance with the control signal from the generating

section 6 of the fourth digital signal processor 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 corxtroller (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 RAMI1. The delay -

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

respective data by a tinre 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



processor DSP2 to the processor DSP4, the envel ope data EG and

I nterpolation data | P are processed within the second digital 25 si gnal
processor DSP2 w thout being output to another digital si gnal
processor DSP1l, DSP3, DSP4. : Fig. 4C shows the data storage nap
of the dual -port random access nmenory RAMB in the third digita

si gnal - 36 -~ .- 29 - processor
DSP3. This nenory RAMB includes 18-channel storage = - areas for storing
data BWR each of which is obtained by - adding a D.C. current conponent
to-.a | ow pabBUBOAsenecgsshrgndtiming. | Thierefgret, s thentwirdivare( sitruk tdaakea
BWR is also called a 5 ~correlative noise signal). The nmenory RAM3

i ncl udes 180f the @adhhgetdicoreperatian/storager isertiam VPRf | algiied
noi se signal) and other 18-channel storage areas to be used as a

wor ki ng RAVEdgPRAgPrREegEeraPSBAswill not be desgribed dpppetaid hare in
storage map of the du%L- ort 10 random access nenory RAMA in the fourth
digital siGRAF SPeCLIIfCAtdOsr DSP4. This nmenory RAMA includes 18- channel

st orage areas .for.staring.fisst veform data TR1.. . er._18- nne
st oragesar eas fofr e§‘ttdr it&‘? ? 3: % e\/i‘/;\%/lgF%ﬁr&atsgr ?%f,urc?t %’gr %&%- arl%h%g%ﬁ%nnel
storage are 1 8hoklitRgabaed 1 8QVes o daha FEhirdS ad 2 stighage
ar ea "Funvo?’@g%8 t% g% 9385%a39§8§5§ﬁi§§ ﬁ%bl?né éhlr ldﬁ%& 85%
processor DSP3 will be described with reference to Fig. 6.

This digital signal processor DSP3 is supplied, via the
paraﬁeter bus PBUS, with parameter NBW deSignating a noise
10 bandwidth, parameter NRES designating a sharpness of noise
spectrum and parameter NSKT designating a flaring shape of the
skirt portion of noise spectrum, as parametef data for forming
a noise signal{ | _
| To a selector 30 of the arithmetic operation/storage
15 section 7 are supplied the above-mentioned parameters NBW and
INRES, calculated output data #3 sent from an arithmetic unit
ALU3 by way of a delay circuit 37, ovérflow/underflow
controller (OF/UF) 38 and shifter 39, and a white noise signal
generated from a white noise generating circuit 32. Any one
20 of these supplied data is selected by the selector 30 in
accordance.with the control signal_from the control signal
generating section 6 of thé 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.
25 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



the course of the operations to acquire a noise waveform 1In t he
formant sound synthesis, the storage areas for the first wavef or m
data TRl serve as storage areas for storing tone wavef orm data, but
in the FM synthesis, they serve as storage 20 areas for storing tone
wavef orm data of the first FM operator OP1l. In the formant sound
synthesis, the storage areas for 1 Re second waveformdata TR2 serve
as storage areas for storing the sumof the first- and second-group
tone waveform data or the second-group tone waveform data al one, but
in.the 25 acEbrdpntkessktht beycomtnel asignedadeasedaonf ;aa sticropgogramsum
of tone waveformdata of the first and second FM operators OP1 and
OP2 or toneing¥snstirnat Datathé "stedhgatingperresitive or gegahisie: sigpe
storage areas faqr. the feedback waveform data

- 30 - 1is pRdefofe FBeJHRERIMRS: bifh @4t Sheo thusgsederspds ptar o 8ifack
(Dot ai 1 od PEPSar ER; (1R TEPESRT 4R uitfar o8 oFPal TRP ol SR R tBRs)
Do 8BS BTSNy EPEE) M U4 LR 34 g gelay,
DSPl to DSP4iyehktbesgleschl Redhd th dEfddtia P’ bBhverter 36 converts data
#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 multiplication.

10 The arithmetic unit ALUS 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.l The
added result is also sfored into the registers REG3, AREG and

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

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

20 arithmetic 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 spectrﬁm
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



to the description, an explanation will be given about the " 10

fundanental structural features commobn to the respective arithnetic
operation/storage sections 7 in the digital signal processors DSP1-to
DSP4. As explained earlier in relation to Figs. 2 and 3, each of the.
arithnetic operation/storage sections 7 is supplied with various
paraneter data fromthe- 15 mcroconpw &8 section COM data from anot her

di gital signal processor, and data indicative of the operational
result in the sane digital signal processor. Each of the arithnetic
oper at i on/ stthedgthecregbstey AREG nrasents\pehtimgdifferyenge between its
selectively introduce data to be processed in the associ at ed

¢ 20
arithnetic GRR griterand,ead ddming, ity and, fronthe,cregisteg AREG ;5
applied a control_signal that .is generat by t he ont rol__signal
generating secti ones %%ttanewﬁéé:i%?%of i Bhie PEROTH Ffttkin he & %% he
m cr-opr ogra S i a us ed; h I Qr_in
ac_cordah_ce \%?-l %%%&%ém %{ g@%‘ﬁf‘rﬂ%?c%i ‘é’na?’ i%ﬁap%ﬁéeé&ff og%_ﬁéagsgggﬁﬁg gté.(?:g
ari thiegi ¢ Yaikion 6 of thb4hyrd’ dag&ttagf sfigaa_ | g,&b%s%b@%p_@r,oaﬁas QS
DSP1 to DSP4, data stored in aCcordance wth the processing sequence
of the all ogaktd RKFPSEESad’ thee! @stLI4RANGERID athy BB1BBRor 31 via a

- 31 - sel ector, and necessary operations are .executed by the

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 wvalue 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 delay
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 processor DSP4 will be described with reference to Fig. 7.
Thié digital signal processor DSP4 is supplied, via the
parameter bﬁs PBUS, with 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 OPi in the FM synthesis, parameter WF2 designating
a fundamental waveform of the second FM operator OP2 in the

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



associated arithnetic unit 8. First, the detail ed hardware

structure of the arithnetic operation/storage section 7 in the first
di § tal signal 5 processor DSP1 will be described with reference to Fig.
5. As previously nmentioned, the first digital signal processor
DSP1 perforns the phase and ni xi ng operations for digital wavef or m
- syrthesis. The arithnmetic 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 AQu for each channe
read out frothe HM depbthesis, podt ppapuekexnc SKYs sedding RANKIgTt tprriemnd
.digital signal processor 2, and also |ater-described tone waveform

data for charagferifiire| of e%df%m‘a‘PFoﬁ?‘t’m teee- gt +8Adom access

menory 15 RAM4 of the fourth digit naI ocessor DSP
par aret er data to TPels TSP ﬁm e rBE& &ic S&H?’iﬂltmn;sulﬁﬁ?o

the f t di | DSP1 | |
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frequency of an 25 unvoi ced formant sound (which may sonetines be called

a noi se thd Gidiity SRAMEZ) 0f the secondVdBgiftanasigealdesidisiddry BSWOFF
of vibrato; DVB: Paraneter designating a depth and rate of
vi br at o; (level data LVL1l, LVL2, LVLu of each channel), and data #RAM1
read from the memory RAM1 of the first digital signal
10 processor DSPl (phase data PGpl; PGp2, PGfl,lPGfZ, PGwl, PGw2,
PGu of each channel) passed through a rhythm sound generator
52. The rhythm sound generator 52 disturbs these input data
to create phase data of a rhythm sound, in acdordénce with
parameter RHY supplied via the parameter bus PBUS. Any one
15 of these data is selected by the selector 50 in accordance
with the contfol signal from the control signal generating
section 6 of the digital signal processor DSP4. The thus-
selected data is fed- to the A input of the afithmetic unit
ALU4. by way of a delay circuit 53.
20 To a selector 51 of the arithmetic operation/storage
section 7 are supplied data #RAM4 output from the memory RAM4,
~data #REG4 output from register REG4 and the above-mentioned
data #RAM3 read out from the third digital signal processor
DSP3, so that thé selector 51 selects predetermined one of the
25 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



- 32 - FOM Paraneter designating OV OFF of nodul ation of a

center frequency of a formant sound; DFM Par anet er desi gnating
a depth and rate of nodul ati on of a center frequency of a formant
sound, 5 UFOM Par anet er desi gnati ng OV OFF of nodul ation of a
center frequency of an unvoiced formant sound, UDFM Par anet er
designating a depth and rate of nodag at i on of a center frequency of
an unvoi ced formant sound; URVF: Formant follow ng control flag;
10 PAN:. Par aneter designating panning of a formant sound or FM
sound: 54. BW Paraneter designating a bandmﬁdth (wi ndow function
time wwdth) of a formant sou . Paraneter designating a

frequency nultlpﬂT@%I?Ehthﬂﬁtl?aEPSF ALH4 Pﬁ@s F@Sﬁﬁﬁ?r Hendatsy fabste
the Fu "G ncena MBS o b Bl USRI S
rbney LSO o, SRR e SRR A R,
are 5 MUY AGDurfadPAR dSh e 58, "aRECU LN Eld to a
selector 64 by way of the following paths. Namely, in one of
the paths, the data #4 is sent via a delay circuit 57 to a
log/linear converter 58 to be converted into an antilogarithm,
and is then applied to input & of a selector 64. In another

10 path, the data #4 is sent via a delay circuit 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 6f 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 the phase
value of input phase data or set the phase vaiue to zero for
a specific portion. Such a changing process 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 formaﬁf soﬁnd 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



nodul ati ng paraneters VIB, DvB, FOM DFM UFOM UDFM converted into

| ogarithmc formand then input to a sel ector 10. The selectors 10 and
ll<sel ect data to be processed in 25 an arithnmetic unit ALUL.

To the selector 10 are al so i nput data #RAMA read out fromthe random -
access nmenory RAMA of the fourth digital si gnal processor DSP4 (anobng
ot hers, tone waveformdata for - 41 - -

33 - each channel ), data #REGL fromregi ster REGM contained in the -

first digital signal processor DSPl, and data #1 sent fromthe

ari-t hnetic data, Ald)lfiratdbhadf cycle tof 18helgiaed wvavgfinrm is reedt Ml er
20. In turn, the selector 10 sel ects one of the 5 I nput data in

accor dance vinom tthe dogvsdnesitghde 6Ravith respecgcherene Piich ryshiaiol
si gnal generating section 6 on the basis of a m croprogram

i nstruct i on W¥ntdRWd Bhpg&ata.  nicroprogram supply section 5
cortespond! 19 {0 b BSSEESSF v satiiinin (4F 4 FT G H AL ane
|09 L8 SRRYA Wbt B s, MR B A g, oot
o oo gse e B SRl PEERaRER DO o conckaMU GRS S vEL! At
parameter bus PBUS, 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
déta in accordance with the supplied parameter. The parameter
SKT is supplied to the controller 66 after being up (left)j
shifted (i.e., after the parameter wvalue being doubled) so
that when generating a formant sound window function'waveform,
15 the shifter and log/linear converter 65 oufputs 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 ﬁalue of the second power of sine will provide an
éxtended 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 1og/linéar converter
65 is temporarily stored into register REG4 or written into

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



15 regi ster REGL, data #RAML read out from any of the storage ar eas

of the menory RAML in the first digital signal processor DSP1 and
datta "0". In turn, the selector 11 selects one of the 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

I nput of the arithnetic unirt ALUL by _ 42 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 perforns

| og/ | i near ddhe eontaelosignal frbinf thﬁgc@ntmb stgral aenpratingEadisdon

I og/linear converter and shifter perforns either one of Ioglllnear

conversion, 6- Th%r#¢g+ﬂﬁeﬁnﬂEﬁﬁsiF|?eﬁhéﬁ&tF?61§¢&F heSes FRIt Hatapf

- 1 ogl/linear conver3|o hifti and positive/ negative sign
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mul tiplication _
out therefrom and then sent as data #RAM4 to the selector 51

by way of a delay circuit 68. Also, the written data in the
memory RAM4 is read qut therefrom and then sent to the first
10 digital signal processor DSPl by way of the delay circuif 68,
ih 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 DSP1L to DSP4 in the digital signal
processing sectidn DSP performing the respective operations
in a parallel fashion.
. Fig. 8 is a time chart illustrating the respective time-
20 divisional channel timing of the individual digital signal
processors DSPl to DSP DSP4. In the figure, numerical values
"1l" to "18" denote time-divisional timing of channels 1 to 18.
As shown, each of the digital signal processors DSP1l to DSP4
executes the operations of the individual channels, while
25 'sequentially switéhing one channel to another every time 21
system clock pulses are given. Namely, 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



designating paraneter MJLT1 or MILT2 are selected by a selector 22 to
be sent to the controller 23. In accordance 10 wth the selected data and
the control signal fromthe control signal generating section 6 of the
processor DSP1, the controller 23 controls the operation of the

| og/ | i near converter and shifters 14 and 16. Essential ly,
the arithmetic unit ALU adds together dgfn_ 15 applied to the A and B

i nput s thereof. As previously menti oned, the added result of the
arithmetic unit ALU is sent as data #1 to the selector 10 by way of
the delay X 18i)rclock p8lses ame g@ivem. controller 20. The added result
IS al so stored into the register REGL and witten into the nenory 20
RAML via a del ay ¥h¢cﬂﬂgltﬁﬂ|$i9ﬁ§kﬂﬁ%@@@$$@¥$lQ$R#(%ﬁn9$ﬂ4 execute)RACH rom
t he generating section 6. I n accordance with the contral S|gna
fromthe h%ﬂﬂﬁ*eﬂﬁ?ﬁ?@&&ﬂﬁcﬁF(ﬁ%ﬁfQWQP#|F%ﬂ Qﬁxyt¥ﬂm%§XﬂuﬂsrﬁQR%%

DSP1, the ou controll 20 control s .t overflowof_.a 25 calc d
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later, when dfignel 1), the first and third digital signal prdGessors DSP1

and DSP3 perform the phase operations and noise operations,

respectively, of channel 1 at timing a two-channel time (i.e.,

42 clock pulses) after the envelope operations timing, the

10 fourth digital signal processor DSP4 performs the waveform

generation operations 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 pulses) after the waveform generation
operation timing.

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

20 first and third digital signal processors DSP1l 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, phese data and noise

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

preparation timing by a one-channel time, the first digital



pitch frequency phase data P&l, PG2 overflow, the output controller
20 sets the formant center frequency phase data : PG1, PG 2 and w ndow
functi on phase data PGwl, PGA2 of the correspondi ng group to

predet erm ned reset val ues. 5 The stored data in the regi ster REGL
Is sent to the selectors 10 and 11. The data witten in the nenory
RANL i s read out in accordance wihg4 he control signal fromthe
generating section 6 of the first digital signal processor DSP1 and
then again fed to the selector 11 by way of a delay 10 circuit 25, as
menti oned e@&idnal prueessern dSFl addsr tegether thehhone| wayefern daita Rf
menory RAML is read out, as necessar I n_accordance with the control
signal from¥e %%’E‘F @annelmuéhpfeeo?ftﬁlé efgther ahanpetssi gnal

processor DSP4 and t "‘S"% he % h_thrretli $erat|on/stora S
section 7 of the BYs" ‘*%lﬁat“r?’d?gb digdfal SrgpassBrosRPICRS YR\PTTEIHL

SSLﬁychannef'*iﬁc oFERERSHINE nERBFPURANE | S0 dht BERTASL - rasHbHTe Y B
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(not shown) e overflow contro contro e overflow

of the tone yeypiAnBdPoda e tondNRaY ES%ﬁl &H{: f &0 bd HrEYEFaA
RAML. The "del ay Ei{:l rcuﬁtr.seSlS 17, 18, 19e 4, ?unct [ onet%o del ay

t he r ePEEn \Wralat Padyer dpadd D correspondl ng to one cl ock pul se.
The second digital signal processor DSP2, which is 25 assigned to the

operati-ons for Nept)iadesweippiconatid]l be madpeabbas amanmannim whigh ar
to a conventional envel ope generator to thereby prepare attack glide
data AG AGa ftene| waveform is synthesized by the cooperation of the
10 digital signal processors DSP1 to DSP4 on the assumption that
the processors DSPl to DSP4 operate ét the time-divisional
channel timing as shown in Fig. 8. Figs. 10, 12 and 14 are
combined functional block diagrams showing various circuit
elements of the digital signal processors DSP1 to DSP4 as
15 combined in accordance with the programmed processing flows
and illustrating how the processors DSP1 to DSP4 are
functionally related to each other for necessary cooperative
operations. For convenience of description, the circuit
elements of the second digital signal processor DSP2 are not
20 shown in Figs. 10, 12 and 14.

First, 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 bSPl to DSP4, in relation to

25 a case where two formant sound waveforms are obtained on the
basis of two groups of the pitch frequency phase data and

formant center frequency phase data and these formant sound

waveforms are then added together to form a final formant



data LVL1, LVL2, LVLuU, etc. and send the data to the data bus

- 36 - DBUS at necessary timng. Therefore, the hardware structure
of the arithnetic operation/storage section 7 of digital si gnal
processor DSP2 will not be described in detail here in ~ this

speci fication. 5 Next, the detailed hardware structure of the
arithnetic operatlon/storage sectigfgs Zin the third digital signa
processor DSP3 will be described with reference to Fig. 6. Thi s
digital signal processor DSP3 is supplied, via the par anet er bus
PBUS, with peourkteveddwiesilgnaridey &onsysthesdzebtwdw ot moya) afmtmanhRES
desi gnating a sharpness of noise spectrum and par anet er NSKT

desj gnat i ng seundirvaneforme on the basis ofi twopdiox sensf) 1g3iaupss Rkt
as paraneter data for formn noi se signal . To a .

sel ect or 30 R¥tehELraquUenast Fg‘atﬁ%ldét’qaoﬁpgt SPE’Qéntl‘Bent%chFWQn‘éY hase

suppl i ed the, above- i,on nmet ers NBW S, calcula
' ou!tDBut dat a %%e’?‘fi’ge?é% & g nt lﬁﬁ‘fn‘fl waveﬁ;agsRE é’a{“?jlel ay

circuit 37’ IQmaq{ %Mgﬂﬁd évgi?’orm as© FE‘EQPI%% %&J{) ‘?!:%e hlfter

39, and % WP s 'gnal’ gener £ nol € gengr X5 ng

circuit 32. éﬁﬁh% Lot LG PRl &l didedS pif! B Shiy dd8ignee

- sel ector
in Japanese Patent Laid-open Publication No. HEI 2-254497.

That the digital signal processors DSP1 to DSP4 should
perform the necessary operations in the formant sound
10 synthesis mode is instructed by a value of tone synthesizing
algorifhm parameter ALG which is given in response to the
user's sound color selection or the like via the operator
section OPS (Fig. 1) or any other suitable means. For
example, when the algorithm parameter ALG is of value "O", it
15 indicates that the necessary operations.should be performed
in the formant sound synthesis mode.
--Exemplary Operations of Digital signal processor DSP1 for
Formant Sound Synthesis-~-
Fig. 9 is a time chart illustrating exemplary operations
20 at various steps of the phase and mixing operations performed
by the first digital signal processor DSPl1l in accofdance with
the formant sound synthesis. One cycle of the microprogram
comprises 21 steps, i.e., steps SO to S20, and one step
corresponds to one 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 the control signal fromthe control signal generating
section 6 of the digital signal processor 3. The t hus-sel ected data
is=fed to the A input of the arithnetic unit ALU3 by way of a del ay
circuit 33. 25 - To a selector 31 of the arithmetic operation/storage
section 7 are supplied data #RAM3 out put -fromthe nenory RAMS and '
data #REG3 output fromregister REG3, soggrat the selector 31 selects
predet erm ned one of the supplied data in

- 37 - accordance with a control signal based on a m croprogram

i nst ruct i onSlBakad' S20ndreatiingc&egdotot the prasegepévatitns. In Fig. &ided
to the uppernost bit of the thus-selected data, and then the sel ected
data is fed item Ha)B indinatss (data spttethecfed tai tha 83 ippulnPihrthe
gat’e circuit 34 and del ay circuit 35. A parallel/serial converter 36
converts daﬁElthmetH9¥§R3¥nﬁEHﬁrf%FﬁWr@B?s%E@lﬁﬁﬁﬁﬁlﬂPEas§PlaFof&ﬁn efhe
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‘item (e) indicates the contents of data to written into the

memory RAM1l. Fig. 10 is a combined functional block diagram

illustrating a manner in which the first digital signal

10 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 are performed, by means of the
arithmetic unit ALu; of Fig. 5, to modulate the value of the

15 pitch frequency number FNUM for use in preparing two groups
of the pitch fregquency phase‘data PGpl and PGp2.

Items (a) and (b) of Fig. 9 indicate, in a simplifiéd
form, data to be fed to the A'input and B input of the
arithmetic unit ALUl; at step S0, phase increment value data

20 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
arithmetig unit ALUl. Reference characters "n or n-1"
parenthesized below "FNUM" in item (a) will be explained

25 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



added result is also stored into the registers REG3, AREG and 15 witten

into the nenory RAMB via a delay circuit 40 in accordance with the
cortrol signal fromthe generating section 6. The
overflow underflow controller 38 <controls an overfl ow or
underflow in the cal culated result of the 20 arithnmetic unit ALU3 to
theéreby control the effective bits of - 47 4he calculation. The shifter 39
perfornms data shifting in the 'serial nmultiplication, or data shifting
in accordance with a predet erm ned coefficient parameter such as the

noise spect reansed to sseékechtherourpiNsidata ofittheclinean/ egfeonverier
paraneter 25 | P. The regi sters REG3 and AREG are capabl e of
ei t her 13 at cifihey reanihrg cgopyexrter phdsPHEPURE dRat? tFWeiekhisugh
e o LogRER U e FORPREFRLe SRS tHE BIHENG FHREMESY IR
0 qaca o RS SRS RRRS g R & B AL S o S Bt
oo dange ade 18 SRR b N oRETANOY, 10° HEIUAN 200 LS IR,
to the sel ecigfu3lo¥i h@ arithmetic unit ALUl by way of the log/linear
converter and shifter 14 and delay circuit 15. At this step
S0, the controller 23 controls'the log/linear 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 DSPl1l 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 then fed
to the B input of the arithmetic unit ALU1 by way of the
log/linear converter and shifter 16 and_delay circuit 17.

20 Thus, the vibrato-controlled pitch frequency number FNUM
in logarithmid 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 opération is
equivalent, from the antilogarithmic viewpoint, to an

arithmetic operation for performing attack glide modulation

by multiplying the vibrato-controlled pitch frequency number



delay circuit 41. The data witten in the nmenory RAM3 can al so 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 del ay circuit 41 to a linear/log converter
42 to be converted into a logarithmc value and then sent as data
#RAMBL to the digital signal procegmr DSP4 by way of a delay circuit
43. The delay circuits 33, 35, 37, 40, 41 function to delay 15
the respective input data by a tinme D corresponding to one cl ock
pul.se, and FANMidyathe attacki¥idetdayr A@. del ay t he i nput data by a
time 3D corresponding to three clock pulses. Next, the detailed
har dwar e struct url o?c ife ManneFet | 8tep SBpe‘F’&‘P?‘éF?%t AR gORIATIRR 7

Fofer once ' i’ 88" vafhe B ?lf‘”#?ﬁg“ S
viathe RS Shbus BRI W AR AP Ol R g,ﬁfﬁ%g;' %%}L P

of a rhythn1 enerati para
yncaree.l SR A R VS, VAR, B8 h”g‘%’ﬁﬁb%%‘%ﬁaf%sgé”itfa%ﬁy
(he Coesta mm%ﬁf e uatilg g cothy gL 9l
a sel f-feedkawk 12vBY " total delay time corresponding to three cl¥tk
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 summarizéd with
reference to 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 circuit element in Fig. 10 indicates that the
circuit element becomes operative at that step. For instance,
"ALU1(SO)" signifies the arithmetic unit ALUl which becomes
operative at step SO. Thus, for understanding the operations
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 cofresponding 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(S0). The AND



the FM synthesis, and paraneter SKT setting a skirt portion

characteristic of a formant sound (see Fig. 19). To a sel ector

50<of the arithnetic operation/storage section 7 are supplied the

cal cul ated output data #4 sent from 5 an arithnetic unit ALU4 by way of

a delay circuit 55 and overf |low underf |ow controller (OF/ UF) 56,

data #RAM2 read from the menory RAMQ of the second digital signal

processor DSP2 (level data LVL1, LVL2, LVLuU of each channel), and

dat a #RAML read fromthe nenory RAML of the first digital signal 10

processor DgRte( pRh§80Jatia €Gpble@GplienPdid vigfaty RGWLf pE@xameter VIBG)

of each channel) passed through a rhythm sound generat or 52. The

r hyt hm soundngdrachsovibragpsONristare of vipyatagperformangg) ¢rignditidse

dat'a of a rhythm sound, in_accordance wth paranmeter RHY supplied via
CUERKF o dhe

the paranet &hepPeTARIIC NipPTate dpda.of TheeydbFate 8t
2207 50 4 508 9, i, S SRS AR B4 H
AU by Saay 08 thEGERIDECH 28 B0)2gb 8 o | Aehut Hila Havilly o Feinsved

arithmetic qpefAtd.ank e Se | ; FHRR R ?ﬁﬁ(lgé@p‘llﬁuﬂ:.t put
fromthe menory %&%E,Vi&)ga% g&né:rg&E‘é? 1‘)t(£!'%p3)tlal:rromre_g:estq;é’Fj REGA and the
above- menti @pRd output dabta”RA¥VBrheaGadelr 120 s0p LB bt $h8Hala
processor DSP3, so that the selector 51 selects predeterm ned one of
the 25  supglar@dhidicd valuke Asy dets €1 Bhéar ¥ Dég cabhiyertergnadl( sSbngmutieh
control signal generating section 6 of the fourth digital

is then added to the attack glide data AG by the arithmetic

10 unit ALU1(S0).
-- Description about Channel Synchronization--
In connectioﬁ with the modulation of the pitch frequency
number FNUM executed at step SO as mentioned above, a
déscription will be made about channel synchronization
15 operation. |
The channel synchroniiation operation is directed to
automatic, simultaneous control of generation of same-pitch
tones in two or more adjoining tone generating channels. For
this purpose, a channellsynchronization flag RBP is provided
20 for each of the channels. For example, ﬁhere the flag RBP
for channel 1 is at a wvalue of "0" 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 Kkey-on timing
25 (tone generation timing) as in channel 1. Data to be set to
the channel synchronization flags RBP are given from the
microcomputer section COM to the individual channels, e. g.,

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



signal processor DSP4. The thus-selected data is fed to the B i nput
of the arithnmetic unit ALU4 by way of a delay circuit

- 40 - 54. The arithnmetic unit ALU4 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

overflow underflow controller 56, and isp also fed to a sel ector 64
by way of the follow ng paths. Nanely, in one of the paths, the data
#4 is sent via a delay circuit 57 to a | og/ i near converter 58 to be
converted i Atikeawnarithed ayperaton sectiom@PSs then applied to input a of a
selector 64. In another 10 path, the data #4 is sent via a delay circuit
61 to a | ofisishe atibsteB2S06 HE cehw crbhamneht syBrheondsatdem oW of
the logarithmand is then applied to input [err%_of t he sel ector 64
via a del ay RBF Qf 12 650ne gemersititig (phapngl bebng gurrently prgpessed

directly to ,input 7 of the_selgector The overf under £ | ow

control | er (%%%efﬁfﬁdr off 3§ “curr 6€rfqrflﬂ%“tﬁl u aérleov?Yi .Je&},l\’//e g:r ve
bits) igt h%r%@u%%%% gg{mber FRGH | &Pﬁicyﬁ va' I"’Efihci?ri]’t[el %:ﬂ:‘@c’:ﬁ é‘ku%hﬁo ol ggy

control “the I've bits of e-calcul a wavef orm'shi fter
In aceendRRGRaM {4 kHRIAE At VBHShAET FFSiNgliag R agRbCPitch
frequency number FNUM to be fed to the modulating section 12.
In such a case, various operation related to key-on/key-off,
including envelope generation in the second digital signal

10 processor DSP2, are pefformed 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/key-off related processes are
performed on the basis of a key-on signal 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 uséd irrespective
of the channel synchrgnization 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 éame 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



20 WF1 and WF2, perforns a changing process to shift the phase

val ue of input phase data or set the phase value to zero for a
specific portion. Such a changing process nmay essentially be
conducted, for exanple, by use of a nethod disclosed by t he sane

assignee in Japanese Patent Publication No. HEl 6- 25 44193.  \Wen a
f ormant sound wi ndow function is to be _ 51 - generated, this waveform
shifter 60 down (right)-shifts the phase val ue of the input phase
data by one bit (i.e., reduces t he phase value by half). Thus, wth
t he down- shekamglphawbhere the flags RBP for channel 1 to channel- 48 are
data, a first-half cycle of the sine waveformis read out fromthe
| og/ si ne tablte "8P' ,wi Th" r edpéect "Ad ,onO'hi t ER" cylRE,0f"1", "0t he"Lhput"lfhase
dat'a. The out put of the selector 64 is input to a shifter and

" YWhich'Shi £ 1Q" o#nf ogPl'y nEgEPESHINRPLY, channgle

5 1 og/ | inear Cenvérter &5, _
R RN N L R KA e L
chr act €| SPuRoHoSL AR PRLATEAS TS e, SN el oufR) 9 0L
et "R ARRT8, A onannen A1 bR Wbl e e
bei ng Up.(|ﬁf%hme pitch and same key-on timing as allocated channel 5;
channel 9 to channel 13 all perform tone waveform synthesis
at a same pitch and same key-on timing as allocated fo
10 channel 9; channel 14 independently performs tone waveform
synthesis at a pitch land kéy—on timing allocated to the
channel; channel 15 and channel 16 perform tone waveform
synthesis at a same pitch and same key-on timing as allocatéd
to channel 15, and channel 17 and channel 18 independently
15 perform tone waveform synthesis at respective pifches 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 diffefent formant center frequencies according to channel-
specific formant frequency number FORM and the formant sounds
are completely synchronized in generation timing, a;though
their pitches are the same. Thus, 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
formant components.

(2) Operations of Digital signal processor DSPl1 at Step S2



shifted (i.e., after the paranmeter val ue being doubl ed) so t hat when
generating a formant sound w ndow function waveform 15 the shifter and
| og/ | i near 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 logarithmc form conprised of the first-half sine wave is
mulFtiplied by "2" by up-shifting 1l Lhput 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
ant.il ogarithm  Alhesvepe$2; noperatiposdiarg tperformed, fhwycneansy aifudhsf
the second power of sine will provide an extended skirt of the half.
wave porti omndfthmetis waitaPdWHn@f Fig.wig. tee modulaliee the yajugief the -

f urict i on. The output data_of the shifter and | og/!linear

converter formapy frequencypumper; EPBY fAr upe gt Rye BrIWR GRS nt o
th b y of del [ it 67, |
g S e b Sheuenty: aASR: SRR FOLIS FRA T GshSOR SRFTERY | on

6. The regi-st%r EG4 is a shift regi ster whose out put data #REHA i s
fed to the SO or 51. In response to the control signal from

the control 5 Signgho@inNehalivdhsSSd) Uhd Pb)t B2 FAY.L Mo di g¢t Beep! ¥R
phase increment value data cdrresponding to the formant
' frequency numbef 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
frequency number FORM and parameters DFM and FOM fof
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 1linear/log
converter 13. The linear/log converter 13 outputs data which
is a logarithmic wvalue converted from the formant frequency
number FORM having undergone frequency modulation control.
This output data is selected by the selector 10 and then fed

20 to the A input of the arithmetic unit ALUL by way of the
16g/1inear converter and shifter 14 and delay circuit 15. At
this step S2, 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

25 therethrough unprocessed.

Meanwhile, attack glide data AG of the curfent channel
in logarithmic form is read out from the memory RAM2. The

read-out data AG is fed as the data #RAMZ'tp the selector 11.



processor DSP4, the witten data in the nenory RAMA is read out

therefrom and then sent as data #RAMA to the selector 51 by way of a
delsay circuit 68. Also, the witten data in the menory RAMA is read
out therefromand then sent to the first 10 digital signal processor DSPl
by way of the delay circuit 68, In response to the control signal
frdmthe control signal generating sgection 6 of the digital signal
processor DSPL. (Tone Synt hesis by Cooperation of Digital Signal
processors) Next, a description will be nmade about a manner in
which 15 The @elaehkast oﬂnseslescytﬁ Hehg Adata #RANZ abdvichein i dwnl edital
signal processors DSP1 to DSP4 in the digital signal processi ng

fsgcsz:h: 82 DSP & 1 B n:HﬁBthéD# §§g§ft¢%ﬂﬁ‘b%?ﬁ‘t’l dﬂ’i r AL:l, ﬁ?‘g rﬂ’?g’al PE| vtehe |
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to another s/ AbMarél added %?E%Eéﬁ'l UK PHES e idhmedi¥eNunit NATRMY, one

cycle of the ti me-divisional 18-channel operations in each of the
digital Becditd| #ddTEESH Sofs kagardtBfict Ovaluese @éiredpoHds37dtd 21

-multiplication of the antilogarithms (i.e., linear vélues) of

the 1ogarifhmic values, the above-mentioned operation is

10 equivalent, from the antilogarithmic viewpoint, to an

arithmetic process for perfdrming attack 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 formant frequency number FORM and

provides the modulated formant frequency number FORM as a

logarithmic value. The thus-modulated formant frequency

| number FORM is delayedlthrough the delay circuits 15, 17, 18

and 19 by a total delay time corresponding 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 12f(S2) together correspond tb_the modulating sectioh 12 of

Fig. 5. Periodic frequency modulation data having a depth and

réfe corresponding to the frequency-modulation depth and rate

parameter DFM is generated by the modulation data generator
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X 18) clock pul ses are given. ~ The digital signa

processors DSPI to DSP4 execute each channel operations at different
timing. Nanely, as shown in the figure, when the second digital

si gnal processor DSP2 5 perforns the envel ope operations of a specific
channel -(e.g., channel 1), the first and third digital signal
prdcessors DSP1 and DSP3 performthgyg phase operations and noise

oper ati ons,
(i.e.,

respectively, of channel 1 at timng a two-channel tine

42 cl ock pul ses) after the envel ope operations timng, the

10

fourth di gi t¥8d(8Zhabndr ceagsts otoD3ike paNPogatet hb2682) or mThe ANBergate i on
operations of channel 1 at tim ng a one-channel tinme (21 clock
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wavef orm gengration
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by a one-channel tine, the fourth digital 25 si gnal processor DSP4
prepares tonsbtEMesdr nxtai a thie t fequency modulation of the formant

10

15

20

frequency number FORM. This output data of the adder 12f(S2)
is converted into a logarithmic wvalue via the linear/log
converter 13(S2), which is then added to the.attack'glide data
AG by the arithmetic unit ALUL(S2).
(3) Operations of Digitai signal processor DSP1 at Step S3
As shown in items (a) and (b) of Fig. 9, at step S3, the
data #1 is set to be fed to the A input of the arithmetic
unit ALUl, and data indicafive of "O" 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

11 is caused to select the data indicative of "0". As the

 data #1, the pitch frequency number FNUM (logarithmic value)

25

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 83, the controller 23 controls the log/linear converfer
and shifter 14 to convert the logarithmic value 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

S nreavloct el i ) TS 9% ©

n_envel ope



channel by use of the envel ope data, phase data and noi se si gnal .

Then, at timng later than the tone waveform dat a preparation timng
by -a one-channel tine, the first digital : '
- 44 - si gnal processor DSP1 adds together the tone waveform data of
t he specific channel and those of the other channels. By thus
causing the digital signal processors toggrform the respective '
operations in a parallel fashion and at 5 different channel timng in
accordance with the respective programred procedures, the tone

wavef or m datfragan the pragiacier 11 ds arpldewed adicer Pﬂ%d therethrough
Next, a description vm |1 be nmade about a manner in whic

wavef orm i s URRRARERSAd: bfhuse @BGp@PéPiéﬁeéfP%Wéh ﬂ_’E‘PQWY d?u’%ti’%ﬁlaﬁNUM
processors DSP1 to DSP4 on the ass tiop tlf[ q,essorsard?f%% to
DSP4 oper at &%V%qllrfb %Il‘%?s?%ﬁ’afo arit hﬁﬂﬂth?'l a3 Osh&he

. 8. Fi 10,, 12 d f k di

variovs oi r &qEether By ¥k prsepmeRie BR5e AP6L, (R8n fhiE e B SO
DSP4

and i 11 st ¢ B %‘5*‘%?8@%@?%?5%&2 1 SR JHER [BGAr BEARESD b e (WS

rel ated to eRdt Ydiled UngISESHH Y. cooperative operations. For
conveni ence of description, the circuit

In 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 number FNUM 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 the output controller 20 into the
register REG1l at the timing of subsequent step S6 which will
be described in detail later.

15 In the combined functional block diagram of Fig. 10, a
log/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(S0) at step S0, 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, operations are performed, by means of the
arithmetic unit ALUl of Fig. 5, to modulate the value of

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

"As shown in itéms (a) and (b) of Fig. 9, at step S4,

phase increment value data corrésponding to the unvoiced



el ements of the second digital signal processor DSP2 are not 20 shown in
Figs. 10, 12 and 14. First, a description will be nade about a
mamner in whi ch a tone waveformis synthesized in accordance with the
formant sound synthesis nethod on the basis of the cooperation of the
digital signal processors DSP1 to DSP4, in relation to 25 a case where
two formant sound waveforns are obtai nedsgn-the basis of two groups of
the pitch frequency phase data and formant center frequency phase data
and these formant sound waveforns are then added together to forma
final fornmformant frequency number UFORM is set to be #£8d- to the @ound
waveform |In order to synthesize two (or nore) fornant sound
wavef or ns oAnpHE pisitheoprdibmedichyndit Qﬁﬁﬁpsaaﬂ pifsack gligiet dater AGWency
phase data and fornmant center frequency '~ data and add .t hese

formant souh§ R®&Feltsr he FGdfGPhlgean&PPUtSOf FBPnﬁﬁﬁtQBEﬁ&CMHPQFb &S

t d ab [ d k
0 ocl oscd by theMoik Seechfdgatly, J§§§ne%éaf?§ LSt atiles,
Publlcaglongugﬁlggg %3¥E%ﬁ¥r§reqﬁﬁqﬁ¥ nuﬂ- gﬁ aha§hﬂa@ rgrgﬁﬁ§pors

DSP1 t o~ DSP. necessary oper e formant

sound 10 supahagidy MBS dod @PAELE] CdnDVudvdAbale 2hriBRt WOLAES Rter

al gorithm paranet er ALG whi IS given in response to
frequency are given to the modulating section 12, and the

selector 10 is caused to select the output data of the
linear/log converter 13. The linear/log converter 13 outputs
10 data which is'a logarithmic value converted from the unvoiced
formant frequency number UEORM having undergone frequency
modulation control. This output data is selected by the
selector 10 and then fed to the A input of the arithmetic
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 1og/lineer conﬁerter 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 is fed as the data #RAM2 to the selector
11. The selector 11 selects the data #RAM2, which is then
fed to the B input of the arithmetic unit AtUl by way of the
1og/iinear converter and shifter 16 and delay circuit 17.
25 Thus, the frequency—modu1ation—controiled frequency
number 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,



user's sound col or selection or the like via the operator section OPS

(Fig. 1) or any other suitable neans. For - exanpl e, when the

al gorithm paraneter ALGis of value "0", it 15 i ndi cates that the
necessary operations should be perforned in the formant sound

synt hesi s node. - --Exenpl ary Operations of Digital signal processor
DSP1 for ‘Formant Sound Synt hesis-- g7 - Fig. 91is atinme chart
illustrating exenplary operations 20 at various steps of the phase and
m Xi ng operations perforned by the first digital signal processor
DSP1 i n acctodamne witithmetic t hprdassmnt feounpgesfotrhings. abtackycigdidie t he
m cr opr ogr am conprises 21 steps, i.e., steps SO to S20, and one step

cor r esponds mpdudagiopchby miltiplying dihe foyeruensy-npdudagionzgontried led
m éroprogram corresponds _to one channel tini ng of Fi and the

. 8,
programis &XegUepgyr sumpbes DFORY,bhyethe jahkack gliqgﬁ Hatdyffty as shown

l)gerF:a? i oﬁé, S;ﬁgsst?’gpé: %ﬂom%%geg}?’ é‘gep sS4 Selxsegti'l(:aesd ! ra%Ct %%ér%éi%% pq:%se_

Do (oF 1 oERE0E, P8 UL il S EAARES e penk) Btk
ari thmet i ¢ yRbkw el pbSTUED) chadhbalaa dal 2rafhehly fuhBlr uror 3 ke B
put of the arithnmetic unit U, 1tem (c

logarithmic value. The thus-modulated frequency number UFORM

is delayed through the delay circuits 15, 17, 18 and 19 by a

total 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 aﬁd
rate corresponding to fhe 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 enabled when the frequency-modulation on/off

20 parameter UFOM instructs frequency modulation ON (start of
fréquency modulation), to output the periodic frequency
modulation data. The frequency modulation data butput from

the AND gate 12h(S4) is added to the unvoiéed formant
frequency number UFORM by the adder 12i(sS4), so as to output

25 data having been obtained from the freguency modulation of the
formant frequency number UFORM. This output data of thé adder

12i(S4) is converted into a logarithmic wvalue wvia the

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



5 I ndicates the contents of the data #1, item (d) indicates the
contents of data to be witten into the register REGL, and item (e)
i ndicates the contents of data to witten into the menory RAML. Fig.
10 is a conbined functional block diagram illustrating a manner in
which the first digital signal 10 processor DSP1 prepares phase data,
rather than the actual hardware ci gguLt structure. (1)
Qperations of Digital signal processor DSPl1 at Step SO At step SO
operations are perforned, by neans of the _ arithnmetic unit ALUL of
Fig. 5 to gdddeatietahaGualbye thle tard thietig tusti tf Ad§ULFA) -nunber FNUM f or
use in preparin% two groups .of the pitch frequency phase data PQl
and PGp2. (5) OperasipngapfRigibpl Figngyl ProcrRsen LSH af §UeM £Pi ed
arithnetijc

for d be fed h ' d | f. th
uﬁ?{”hAfoBE? at sfeﬁlgafo%ahaﬁe‘i‘rhﬁgéheit”aq% (B ot Fido Dt B dong tHE ¢ he
It F ' t.t f.ed ' f.th
B thret i o GAFE ATUR® JFRCafPade o0 03| the AwdeAS (& chhe: 8255P el ifs
the B i gput uﬂfi.tt REU%.h andagétgnfﬁ&f%ew.]‘@" fseéte b%h%re%ftt%r the
e el ow

e n
initem(a) wll be explaline 25

or n-1" par en Sized | _ _ _
later. B inpulDbe TRECiaiGMnetid Rurifte agxanpl e of Fig. 5, pitch
frequency nunber FNUM and vi brato parameters VIB and DVB are given to

the nodul ating sewrireOBpédifaeallihs sal eRéosxdfplé of Fig. 5, the formant

frequency numbef 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 convert the logarithmic value of

the the modulated frequency number FORM into an antilogarithm

under the control of the controller 23, but the log/linear

converter and shifter 16 does not perform any conversion 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

antilogarithm and the wvalue "O" are added together by the
arithmetic unit ALU1. |

In this manner, step S5 executes an operation to convert

25 the modulated forﬁant frequency number FORM into an

antilogarithmm The antilogarithm of the fregquency number FNUM

is delayed through the delay circuits 15, 17, 18 and 19 by a

total delay time corresponding to three clock pulses and then
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caused to select the output data of the linear/log converter

13. The linear/log converter 13 outputs data which is a | ogarithm c
val ue converted fromthe pitch frequency nunber FNUM havi ng under gone
vi brato nodul ati on control. This output 5 data is selected by the

sel ector 10 and then fed to the A i nput of the arithnmetic unit ALU
by way of the log/linear converterggnd shifter 14 and delay circuit
15. At this step SO, the controller 23 controls the |og/linear

converter and

shifters 14 and.16 not to perform any conversion or

shifting, wiittem ¢vhatthaeoutput denirodler @Rednte ghss reghkwer RERH

unpr ocessed.

Meanwhi | e, at predeterm ned_timnm.ng, attack glide
%s%fb?g om

data AG  at thethimingr ofit sSubgsauPnty stepa S8 RicH gtk h P&
the nmenory RAM2. The read-out data AGis sent as data #RAM2 15 to the
first digithr detmbl BRBeEssor DSPI by way of the data bus DBUS and

L LR U TRLE o Wb sabli i AL <
T LT ke et o BRI st

e vibrato-controlled pitch

frequency nygb@,;? gig\%%lejfn axr itcﬂaﬁméf hi Gf @ig.amdaat kel gBi, dandatRadG

are added

e arithnmetic unit ALUL. Because additi on of

| ogari t hm cej@l Bedudateds Ridard® FHbguehtganuabes! RORM is fed to the
antilogarithns (i.e., linear values) of the logarithm c val ues

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 performed, by means of the

15

20

25

arithmetic unit ALU1l of Fig. 5, to increase, by a
predetermined number of times, the value of the frequency
number FNUM, for use in p;eparing two groups of pitch
frequency phase data PGpl and PGp2.

At this sfep S6, the pitch frequency number FNUM
converted into an antilogarithmic value at step S3 is given
to the fegister REG1 fhree clock pulses after step s3 and
stored into the register REGl.as shown in item (d) of Fig. 9.
In this example, the stored pitch frequency number FNUM in an
antilogarithm is immediately output from the register REG1 as
data #REGl;

Further, as shown in items (a) and (b) of Fig. 9, data

processed from the data #REG1 are set to be fed to the A and

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 select this



25 as well known in the art, the above-nentioned operation is

equi valent, fromthe antilogarithm c viewpoint, to an arithnetic
operation for performng attack glide nodul ation by mul tiplying the
vi brato-controll ed pitch frequency nunber

- 48 - FNUM by the attack glide data AG In this manner
step SO executes an operation to - gomdul ate the value of the pitch
frequency nunmber FNUM and provi des the resultant nodul ated pitch

frequency nunber FNUM 5 as a logarithm c value. The thus-nodul ated pitch
frequency data #&BGdr. FNUM i s del ayed through the delay circuits 15, 17,

18 and 19 by a total delay tine corresponding to three clock
pul ses and then Bé@mmhﬁﬁﬁmn@m fihdsouBERP S6nt rEre@ieney giultipligation) ot

thé timng of subseﬂpent step S3 which will be 10 de cribeg in detah
| at er . parameteg, MPLTL_ 48t pBRELed pdicat FBRs A i #8d Y43 hthe

f h ined i onal_bl.ock_di f Fig, 1 - |
e QoA L R PR o bR T8 ehbSeohBronaer, 22,
d he. ' Ly cUist. | Qs Sps o E ,
 step Bumbaeo 3G/ iTneRERE AT Sid spdyesk IR Uyideans By

Fig. 101 ”%Cﬁé&ewﬁhﬁéé number Qf pikbet!, CHRA!tIRE QYA iHRI R ok eRltekNal
step. For instance, . .

and shifter 16 performs shifting by a predetermined number of"

places and positive/négative sign inversion (normally,

positive sign of the frequency number is inverted to negative

10 sign). The positive/negative sign inversion is an operation

for. causing the arithmetic unit ALUl to function as a
subtracter. _

Thus, one pitch frequency numbef FNUM shifted by the

predetermined number of places is subtracted,, via the

15 arithmetic unit ALU1l, from another pitch frequency number FNUM

shifted by the predetermined number 6f places. In this

example, these predetermined number of places are determined

so that the subtraction result becomes greater than 'the

original pitch frequency number FNUM by a value corresponding

20 to the multiplication factor designated by the parameter

MULT1. For example, if the multiplication factor designated

by the parameter MULTl.is "3", the p;edetermined 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 shiftéd in the log/linear converter and shifter 16 is set

to be "0". 'Because of this, the pitch frequency numbexr FNUM

unshifted but inverted to negative sign is added to the pitch

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



"ALU (SO " signifies the arithmetic unit ALU which becones operative
at step SO Thus, for understanding the operations 20 at step SO '

at tenti on should be paid the circuit route noted with "SO" in Fig. 10.
Simlar notation is applied to Figs. 12 and 14 which will be described
| at er. In Fig. 10, a vibrato data generator 12a(SO), AND gate
12B( SO and adder 12c(SO together corregaond to the 25 nodulating
section 12 of ‘Fig. 5. Periodic vibrato data having a depth and rate.
corresponding to the vibrato depth and rate desi gnati ng parameter DVB

i s .gener at ednigreased, by fpyrdiimes, andheneetdsubtpactiometsEdt ¢ FNURE
AND gat e 12b(sothh_e AN o | - - 49-
gate 12b(SO i ENUMaiT ed vhefNUMe VishreeRAusreds pASafetEpsSWB, there is

ST VARG SPLALT PhalbReg] ML BB k8B g,
120059 15 ddad Lenble gRLLel! LRINPRYLSEEe A und) 4 AldRloncy

12¢(SO so as to ol ving oeen derrve
A e Lo o b i
converter 135Gy wakpBctive prédbiepmifdadnuabbhe Bkt pilhcall do ddea tife by
the arithnetic {O uni t ALU1(§C». _
channels and a subsequent subtraction 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 value
corresponding to a desired multiplication factor is delayed
through the delay circuits 15, 17, 18 and 19 by a total delay
time cofresponding to three clock pulses and then written via

15 the output controller 20 into the register REGl1 at the timing
of subsequent step 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 l6a(sS6) 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 frequency number FNUM converted

25 into an antilogarithm by the log/linear converter 14(S83) at
step 83 is fed_to the shifters 14(S6) and 16a(S6), which,
under the control of the controller 23 based oﬁ the parameter

MULT1, shift the pitch frequency number FNUM by respective



-- Description about Channel Synchronization-- I n connection
with the nodul ation of the pitch frequency - nunmber FNUM execut ed at
step SO as nentioned above, a description will be made about channel
synchroni zation 15 oper ati on. The channel synchroni zation
operation is directed to ' automatic, sinultaneous control of
generation of sanme-pitch . tones in_tgg _or nore-adjoining tone
generating channels. For this purpose, a channel synchronization f
RBP is provided 20 for each of the channels. For exanple, where the

flag RBP

predetrexyhizmt nuinbegsao f splades igf thefdboye-méntiongd Manner.

| ag

adj oi ni ng channel 2 and channel 3 are at "1", channel 2 and channel 3
are controHWhPtQﬁ?ﬂHtw@@|§b$l?hgéﬁéraﬂéaﬂﬁﬁésléf1nverte§am9[ﬂtQ§9Qﬁ9V3
al l'ocated to channel 1 at sane -on timng 25 (tonen(%HP qilon tim

as in channéf@lue piga the b%n‘é%%”t 3 16b(56t)he ‘&‘Pl%%elth%

channel s, o oaptralie 23,  The. CERT Fhapastive Quiy crort i (T tor

operat i ory
i ke on%?he 5%35%}0r sectlve§55§ 16b(S6) ar‘Iehuadde SFO%FEREP b¥r1the

channel Sym%¥£¥ﬂﬁé¥ié”hﬁiémhLU1(ssFBP of a tone generating channel being
currently processed

10

15

20

25

(7) Operations of Digital signal processor DSPl at Step S7
At step S7, operations are performed, by means of the
arithmetic unit ALUl of Fig. 5, to accumulate the modulated
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 this step
S7, the data #l1 is set to be fed to the A input of the
arithmetic unit ALUl, and the phase data PGu obtained in the
preceding cycle is set to be fed to the B input of the
arithmetic unit ALUl. | '
More specifically, in thé example of Fig. 5, the

unvoiced formant frequency number UFORM (logarithmic wvalue)

processed at step S4 is output as the data #1 at this step S7-

three clock pulses after step S4. Further, at this step S7,
the log/linear converter and shifter 14 converts the

logarithmic walue 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
conversion or shifting so that the input data is allowed to

pass_therethrough unprocessed.

m ng)

aPﬁMFW?ags

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

- current channel is read out from the memory RAM1 and then



(referred to as "current channel n") is at "0", pitch 5 frequency
nunber FNUVh indicative of the pitch of the tone . allocated to the
cursrent channel n is given as the pitch frequency nunber FNUM to be
fed to the nodul ati ng section 12. In such a case, various operation
rel ated to key-on/key-off, i ncl udi ng envel ope generation in the
second digital signal 10 processor DSPZ%3 are perforned on the basis of a
key-on si gnal of the tone allocated to the current channel n.
Conversely, if the channel synchronization flag RBP of t he current
channel n i sent "éls,dﬂtﬁc#m%éqd@né?*%chW° The gelgqitost ile +F

the pitch of the tone allocated to,a _channel n-

15 1 i.nmed] at el grec di ng
the channel $£% FoyEedpchsthacdata HRAML, 1.8.oqRERGFeRFINE! Phﬂfﬁl %?) B (?‘éd
toth dul ati ti 12. . | h ' .key-on/ -of f
ol ot ed procitbelofee s28nat, . i ofkEirn " §B8 do, a8 W) 1RUE, Be e
the t . -1 2 . | '
et oy 1 At BB Brl gy necd B
nurber 'ﬁ\'UMEr?i“f’té&eylé’”ag? tdﬁ%%érﬁ'aﬁlrd@ (17 &, TKENRK1 kRetidl vl Neluer e

used irrespective annel synchroni zation flag RBP for that

channel . adds the UnQoAleae ;Eoirfnah'%eﬂ'égﬁeﬁ’gﬁ hemBér "UFORM (| Xdghfthmic
channel s 25 n and n-1 are synchroni zed to generate tone at sane pitch

and tivvange ) i ot bRef baogihBEstive Phasthaluied PG, resdr puadjfdon nthe
channel s fromthe channel n to a snall est-channel - nunber channel
havi ng t he fienpRBRAML." 0'Ther adshitdonomesedk. oEothe unit ALUl is delayed
through the delay circuits 15, 17, 18, 19 and 24 by a total
10 delay time corresponding td four clock pulses and then stored
via the output controller 20 into the storage area, for phase
data PGu, of the memory RAM1 at the timing of subsequent step
S11 which will be described in detail later. In this way,
the unvoiced formant frequency number UFORM is accumulated
15 every cycle, as the result of which phase data PGu is
generated and stored into the memory RAM1.

In Fig. 10, the functional blocks correspoﬂding to this
step S7 are shown along the routes following the érithmetic
unit ALﬁl(S4), where log/linear converter 14(S7) corresponds

20 to the log/linear converter and shifter 14 of Fig. 5 and
phase generator ALU1l and RAM1(S7) corresponds to the
arithmetic unit ALUl and memory RAM1 of Fig. 5. The unvoiced
formant frequency number UFORM (logarithmic value) obtained
by the arithmetic-unit AlLUl(S4) at stép 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 prdvide'the phase data PGu.

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



- 51 - exanpl e, where the flags RBP for channel 1 to channel 18 are

at "o*, "1*, "1", "1", "O", "™21", "1, "1, "oO", "I", "1", "ttt
"0";, "O0", "1", "0" and "0", respectively, channel 1 to channel 4 al
perform tone 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 synt hesi s at +a sane pitch gpd sane key-on timng as

al | ocated channel 5; channel 9 to channel 13 all performtone

wavef orm synt hesi s at a sanme pitch and sanme key-on timng as

al l.ocated to 10 Asishowst In Jclte;mmdla)l@ndwdbpend’emgy Ber@bretep o, the
wavef orm synt hesi s at pitch and key-on timng aIIocated to the

channel ; chd#iiea W%d’-%l‘%ﬁﬁe#of@pféq oFn i ViERR oG the a%jfm‘l‘%%’r% at

a sane pItCh and sanme ke -on tim as aIIocag 0 _chan 5,
channel 17 3t éﬁ@iﬂﬁ § f&?n??ﬁnﬁowgﬁeg%ér#b el
synt hesi s at r&s 1?19“%61:18' tche on timngs allocated to the

channel s. %r75+ gf% %nﬁﬁv%Pg}ﬁ1synthesis in a pIuraIity
of 5,29) 0! N Nofdanele @{cépsgoun Pieich BAmplL OBel | F180 35,  tne

menti oned above, Separa orma S are synt

different fQidmMat&dt Ebrﬁnéﬁ‘ﬂu%&“écférﬁ?? ChGhBEr! FORMNESAverted 1%&%Ciéﬂ c
formant frequency nunber FORM and or mant sounds are conpletely

synchroni zedan i XSy PERR et | Sl SR i Qired intd hid R Tdsr REGT het
sanme. Thus, tones (formant soun I n

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

of Fig. 9), and then output as the data REG1 from the

10 register REGl. The selector 10 is caused to select 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 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

unproceésed.

The formant frequency number FORM output 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 REGl1 at the timingiof subsequent step Sl11
which ﬁill be described in detail later.

This step S8 just performs a process for converting the

25 contents of the data #REGl1 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



synchroni zed channel s can be heard as a single tone signal, 25 and

eventually, it is possible to obtain a tone of a nulti- peak formant
characteristic having a plurality of different f ormant conponents.
(2) q)eratlons of Digital signal processor DSP1 at Step S2

52 At step S2, operations are perfornmed, by neans of the
arlthrretlc unit ALUl of Fig. 5, to nodul g -the value of the f or mant
frequency nunber FORM for use in preparing two groups of the center

frequency phase data PG| and PG 2 for fornmant 5 sound.

shewn in itens (At anbepbfof opeyationst anepepformed, bﬁa@@anﬁcﬂfnéme
val ue data corresponding to the formnt frequency_ nunber FORM s set
to be fed t @rifhmetic, unig AHE of Figy %.hka iRreRate AiFst-grrur midgeh

gli‘de data AGIS set tg be 10 fed.to the B.input. of the arlthrret unit
ALUL. frequepay. Rhaset dakp ;?Gpiln ‘{Sr?é’%xta’h%l 81*6? FFﬁeqs‘enPXe t

ot Lo AL FERA AR VL B2 cimp, D12 8,
gﬁ?;h?t I gtgasgfcuthe 1%;,%@3? {'hgtaﬁge?ta?or#g}t(? fSF guflgge%(r%/ Itgngsgg%\tv rter
13 outputs @iRf a ¢hd Cata #REGL is set to be fed to the A input of the
arithmetic unit'ALU1, and the first-groﬁp pitch frequency
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 REGl1 at this step S9, three clock pulses after step
S6 (see item (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 #REGl. Fufther, 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 the
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 chénnel is read out from the memory RAMl and then
sent as data #RAML to the selector 11. The selector 11 is

25 caused to select the reéd-out data #RAMl, i.e., progressive
phase data PGpl, which is then fed to the B input of the

arithmetic unit ALUl by way of the log/linear converter and

shifter 16 and délay circuit 17.°



Is a logarithm c value converted fromthe formant frequency nunber
FORM havi ng under gone frequency nodul ati on control. Thi s out put data
i s sselected by the selector 10 and then fed 20 to the A input of the
arithnmetic unit ALU by way of the | og/ i near converter and shifter
14 and delay circuit 15. At this step S2, the controller 23 controls
theé | og/linear - converter and shifiege -14 and 16 not to perform any
conver-si on or shifting, so that the input data is allowed to pass 25
t her et hr ough unpr ocessed. Meanwhi | e, attack glide data AG of the
current channel Thus, i theogdtichhriredusnay s!mfebelrodatﬁrémwn‘réhﬁm AR,
- The read-out data AGis fed as the data #RAM2 to the sel ector

- 53- one: kit candr the pbpset datwe Rﬁala Wu%fﬁﬁmu §hﬁhe§4’“"¥]eoa’f%

the B input of the arithnmetic unit ALU way, of Iog/llne
convert er alﬂiidsﬁﬁfttéﬁgel"{;‘efndbéfel E?em‘l‘%?t Pi'-‘iall ‘Bhe re3fge Whye Fhe

frequency- mdul ation-control |

| ogarithmc %%t?%%%eﬁf?ﬁe];%&m t[eg A;)G1 a&gagg% %Igfu'ggefﬁ‘e?%‘tcfr}he
arit hrretd ¢ L%} eqxﬂnlgy n%lfr?be -B&Q ngq%t b?@ E ltggqfed%ﬂ@ ?ﬁﬂ%! es of

corresponds Iplicatio he an |Iogar|t | near
values) of tne tiBEgk8ER 'JIHEI tHedbRncy CpREOY ¢ GERA | €8S heARET B! Ofhd S
respective original values,lbecause, as already described in
relation to the waveform synthesis based on the formant sound
'synthesis method, the embodiment is designed 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

i5 unit ALUl is delayed through the delay.circuits 15, 17, 18,
19 and 24 by a total delay time corresponding fo four clock
'pulses and then stored via the output controller 20 into the
storage area, for phasé data PGpl, of the memory RAM1 at the
timing of subsequent step S13 which will be described in

20 detail later.
| In this way, at step 8§89, thé halved value'of the pitch
frequéncy 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 operator of the electronic musical
instrument (i.e., at the outset of generation of a tone), the

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



10 equivalent, from the antilogarithmc viewpoint, to an

arithnetic process for performng attack glide nodul ati on by

muliti plying the frequency-nodul ation-controlled formant frequency
nunber FORM by the attack glide data AG In this nmanner, step S2-
executes an operation to 15 nodul ate the value of the formant frequency
nurtber FORM and provi des the nodul gg=d formant frequency nunber FORM
as a | ogarithm c val ue. The thus-nodul ated formant frequency

nunber FORM i s del ayed through the delay circuits 15, 17, 18 and 19
by .a total d€l"ay by rihe @utmporeintraldarhrdih cliksn () qfulRias. dhi shaws

out put through the output controller 20 as the data #1 at the timng
of subsequerdn SxanEip WAfckifervagying vajaas pedthe #drgtrorouer pitch

I n t he conbi ned functional block di agram of Fig. 10, g nodul tjontgata
generat or 15FeSpencrPRate fadesEophgrrgparedyrsin ¥be SPovgsFIaTN G one
correspond to _the nodul ati ng section 12 of Fig. 5. Periodic frequency
nodul ati on &Eygmﬁﬁving a depth and rate corresponding to the

frequengy- modul aty oreepty ankhd Ffhot1ondPBHBHE REMdSHARISIGES dyd e

nodul ation data dgener

12d(S2) and H&y ég)éfﬁééﬁ@%ﬂaéfoﬂéefﬁg)fo?FggefAN@oﬁﬁhﬁ the arid®meddid S

enabl ed when the frequency-nodul atton on/o
unit ALU1(S6), where phase generator ALUl and RAM1(S9, S10)
corresponds to the arithmetic unit ALUl ahd‘memory RAM1 of
Fig. 5. The pitch frequency nﬁmber data obtained by the
10 arithmetic unit ALU1(S6) at step 6 is accumulated by the phase
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, by 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 value by the predetermined number of times.
As shown in items (a) and (b) of Fig. 9, at this step
20 S10, the data #REGl 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 ALUl.
More specifically, in the example of Fig. 5, the same
pitch frequency numbef data as at step S9 is given as the
25 data #REGl1 and the selector io is caused to select the data
'#REGl. At this step S10 as well, the log/linear converter
and shifter 14 down-shifts the pitch frequenéy number data by

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



paranmeter FOMinstructs frequency nodul ation ON (start of . frequency
nodul ation), to output the periodic frequency 5 nodul ati on data. The

frequency nodul ati on data output from the AND gate 12e(S2) is added
to the formant frequency nunber FORM by t he -adder 12f(S2), so as to
out put data havi ng been obt ai ned fromthe frequency nodul ati on of the
f or'mant frequency nunber FORM Thisggut put data of the adder 12f(S2)
10 is converted into a logarithmc value via the linear/log

converter 13(S2), which is then added to the attack glide data AG by
the arit hmetreason t asl wepgdpned above (‘8) redetdonorto ostep gbPal butgrthe
processor DSPl1 at Step S3 shown in itens (a) and (b) of Fig.
9, at step SPgfkineax eeryerters 's\e@ t ShRELPEd 26 t I0e8 | MRk opexfrerm
arithnetic unit ALUl, and data indicative of "0" is (iato pe fed to
t he Bﬁ"?fb‘tﬁr%’fm?r%rﬁ’?’c%’e‘?g SRt ¥ Allow the 1npyh 2Bt ct? 1RRSF | vy,
I n the exampl.e of Fi selector 10 is caused to select the
data #1, aij?ﬁaEﬂﬁéﬁﬁ?w“n%EPceﬁﬁ9?s caused to select the data |nd|cat|ve

of "0". 5As the ng?ena»gﬂ{.i‘e#latt ht‘?mf’ét%thr%}t?”céh%&b%r&fé\'%éﬁo%'

val ue) modul sfep SOi's given at thisS step e cl oc

pul ses aft ergtgh€® EhhRfiLlCliLirddd: odt- £t Rle rﬁéméPySRAMl atidPeieh

the controller 23 controls the log/linear converter ~and shifter 14 to
convert the dqgar abhraray argmef tdethée selectBrduial ed Thé Claeflerfierncyl
nunmber FNUM out put fromthe sel ector: 10, but the log/linear converter

and spi ]"ter sl etoless thd read-qisty darta ¢$RAMAL Sioa. or psbgitésafiveophhae ddvea
data "0 CHH;ESZ which is then fed to the B input of the arithmetic unit
10 ALUl by way of the log/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 info
the storage area, for phase data PGp2, of the memory RAMl1 at
the timing of subsequent step S14 which will be described in

20 detail later.

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

25 second-group pitch frequency phase data PGp2 is obtained.
Upon key-on of a pefformance 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



- 55 - fromthe selector 11 is allowed to pass therethrough
unprocessed. Thus, the nodul ated pitch frequency nunber FNUM
converted into an antilogarithmand the value "0" are added t oget her
by the arithnetic unit ALUL, and this neans that the 5 pitch frequency
nunber FNUM in an antilogarithmc value is j ust passed unprocessed.
Inthis manner, step S3 executes an opetaggan to convert t he
nodul ated pitch frequency nunber FNUM into an antilogarithm
The antilogarithmof the pitch frequency 10 nunber FNUMis del ayed
t hrough t he e ainktialij valug, of7thegfirst-gxpypr]1 Phgpea Gad@alPGRY e +9 e
correspondi ng to three clock pul ses and then witten via the o,m,put
e

control | er ZF ithe fhEst-group.phese, date BEPY hist Pfi AGWESFTts Rl st ep
ggnglhlngg ¥Mu|n1l'crf‘? oﬁ’&‘las’gleog%szigiiriaP(l?J“‘fe"}mi gﬁdle:’irgi%jil ,’:Ezjerd £ ‘T"od’ﬂ]ﬂ?:agpgggnv@? er

Fogi 1 noar aBaRL Shaes RFR8) ¢ T"Tben (p) G IR Sufteddiore
the moddl af Sof prian-o4gk iy, vatuel ldf TBhe CpRBbhachy SR b ite” S Ringy =

converter phaged4da®ad PEpPepf8puLEdcin! ®he AbovelmepddoncdMmanner. Af4)
Qperations of Digital signal processor DSPl1 at Step $4
shown, the first-group pitch frequency phase data PGpl and
second-group pitch frequency phase data PGp2 are generated
with a time difference of a half cycle because the réspective
10 initial settings are displaced by 1/2 of the maximum phase
value. |
As with step S9, the functional blocks corresponding to
this step SO are shown in Fig. 10 along the routes following
the arithmetic unit ALUl(S6), where phase generator ALUl and
15 RAM1(S9, S10) corresponds to the arithmetic unit ALUl and
.memory RAMl of Fig. 5. . The pitch frequency number data
obtained by the arithmetic unit ALUl(S6) at step 6 is
accumu'lated. by the phase generator ALUl and RAM1(S1l0) to
provide the pitch freguency phase data PGp2. _
20 (11) Operations of Digifal signal processor DSPl at Step
813
Steps S11 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 REGl at step S11, three clock pulses after step S8



At step S4, operations are perfornmed, by neans of the arithmetic unit
ALU1L of Fig. 5, to nodulate the value of 25 wunvoiced formant frequency
nunber UFORM for use in preparing center frequency phase data PGu for
unvoi ced formant sound. As shown in items (a) and (b) of Fig. 9,
at step 4, phase i ncrement val ue data corresponding to the unvoiced

- 56 - formant frequency nunber UM is set to be fed to the A

i nput of the arithnetic unit ALUlL, and attack glide data AGu . is set
to be'fed to the B input of the arithnmetic unit ALUL. Mor e _
speci fi cal | (s€en ittem b BigFiY).5, the 5 unvoiced formant frequency
nunber UFORM and par anet ers UDFM and UFOM for nodul ati ng an unvoi ced
formant sound cerdkrstep S13;cqpereyiape grecrerdormedapdy Hen§ Kictthsh

12," and the sel ector 10 is caused to select the output data of the
li near /| og Fidmehio anijy, ALUL,of, Figg Eon%r?’é?pi%eoﬁ‘t WTAP GRRLET

T R A R Y O I g e | Bl
TS, UL AR BB R Wognye PR SA 0P Ry o e A
and shifter 14 1% &gwiIehAY itehs!(a)l2na A} Nof FIGP &) athmaaNidelp or
| S13, the data #REGl is set to be fed to_the A input of the
arifhmetic unit ALUl, and the first-group center fregquency
phase data PGfl is set to be fed to the B input of the
10 arithmetic unit ALUl.
| More specificaliy, in _the 'example of Fig. b, the
selector 10 selécts the formant frequency number FORM 6utput
from the 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 513, the first—group center
frequency phase data PGfl of the current channel is read out
from the memory RAMl and then sent as data #RAM1l to the

20 selector 11. The selector 1l selects the read-out data #RAM1,
i.e., phase data PGfl, which is then fed to the Blinput of
the arithmetic unit ALUl by way of the log/linear converter
and shifter 16 and delay circuit 17. The additioﬁ 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 into
the storage area, for.phase'data PGfl, of the memory RAM1 at

the timing of subsequent step S17 which will be described in



controls the log/linear converter and shifters 14 and 16 not to

perform any conversion or shifting, so that the input data is allowed
t o pass therethrough unprocessed. Meanwhi | e, attack glide data
AGQ of the current channel 20 in logarithmc formis read out fromthe
menory RAM2. The read-out data AGu is fed as the data #RAM2 to the
sel’ect or 11. The selector 11 sel ectp the data #RAM2, which is then
fed to the B input of the arithnmetic unit ALU by way of the

| og/linear converter and shifter 16 and delay circuit 17. 25 Thus,
the. frequenigtabulaiteénn-controlled frequency nunber UFORM i n

| ogarithmc formand attack glide data AGu are added together by the

arithmetic unit AlRithisTHavapa¥estep S13yphhey frmsmdr £5HIENCE RSN

int f til ith : . -.57 -
Lo an arithRiY iF Aocumylated evETH GYCIE, 5OKthETRRY Prepars the FHEYS

[ tiplyi he f -Jrodul at i on- rolled f
e aPhy! 1S 5 R AR DR 8ok ey | EHRRABTE, o
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erout e o BRI ANLL forrhsoDRY 46 LG A Ol BRIUNEL Sty B

UFORM as a phage | @451 BYFIC ¥&! YR4 t188 1RS¢ dyl %&%éeftb%qﬁe@ay IWIOEL1
UFORM I s del ayed through the delay circuits 15, 17, 18 and 19 by a

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

=z

occurrence of overflow in the first-group pitch frequency
phase data PGpl, the phase data PGfl 1is reset to a
10 predetermined value (e.g., "0") by the output controller 20.
Item (c) of Fig. 17 shows an example of time-varying values
of the first-group pitch frequency phase 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 SEL1 following
the log/linear converter 14(35), where the selector SELl
corresponds to the function of the control signal generating
section 6 of the first digital signal processor DSPl1 of Fig.
3 and phase generator ALUL&RAM1(S13, S16) corresponds to the
20 arithmetic unit ALU1 and memory RAM1 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 SELl
for ﬁse 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 DSPl at Step

si4



total delay time corresponding to three clock pul ses and then 10 output
t hrough the output controller 20 as the data #1 at the timng of
subsequent step S7 which will be described | ater. ' In the

conbi ned functional block diagramof Fig. 10, a nodul ati on dat a
generator 12g(S4), AND gate 12h(S4) and adder 12i (S4) toget her
correspond to the nodul ating section 12-c¢f2 -15 Fig. 5. Periodic frequency
nodul ati on data having a depth and rate corresponding to the
frequency-nodul ati on depth and rate araneter UDFM i s generated by
t he nmodul ati on daAt skerrStér an accl!!@g’( veyrpperation Jtﬂté’%@@%ﬁ
12h($4). The AND gate S4) is enabled when th

frequency- mRRANE | 8 Jdhef prigyme dearkiitisy B{EBY |‘?1fstFE|€t's S eﬁﬁerﬂﬁﬁpara

o o Pt o .wmaé&&te?teaﬁ%a%;‘aﬁg PR S £
hunber URCRY 12%@%%2%?"@%9 Gy M R orp G artachy fd%?%%%yfbne%n
obt ai ne% &%{Q‘%‘ﬂ& @igncy rmdul atlon of the formant frequency
nunber UF I's out put data of the adder - 12i (S4) is converted into
?hleﬁg:(rj 11 te gmt g ;’ﬁlekgt%'f;%ﬁﬁhﬁn items! (RBAHAP K EPIYEr Fe§. 19( She ﬁﬁms:tts%eg:_
glide data AQu by Wiaddw FameitionUfreqiehidySAimber (denoted by "BW" just
for convenience) based on the formant bandwidth designating
parameter BW is set to be fed to the A input of the
10 arithmetic unit ALUl, 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, the
selector 10 is caused not to | select any of the data. The
15 .'formant bandwidth designating parameter BW is fed tria the -
selector 22 to the controller 23, and under the control of
the controller 23 according to the parameter 'BW,. the
log/linear converter and shifter 14 outputs a window function
frequency numbér based on the parameter BW. Meanwhile, window
20 function phase data PGwl of the current channel is read out
from the memory RAM1 and then sent as data #RAM1 to the
selector 11. The selector 11 selects the read-out data #RAM1,
i.e., phase data PGwl, which is then passed through the
log/linear converter and shifter 16 unprocéssed and fed to the
25 B input of the arithmetic and logical by way of and delay
circuit 17. Thus, the unit ALUl.édds together the window
function frequency number and phase data PGwl read out from

the memory RAM1.



(5) Operations of Digital signal processor DSP1 at Step S5 As
shown in itens (a) and (b) of Fig. 9, at step S5, the data #1 is set
tode fed to the Ainput of the arithnetic 5 unit ALU , and data
indicative of "0" is set to be fed to the B input of the arithnetic
unit ALUL. ' More specifically, in the exanple of Fig. 5, the

f orfmant - frequency nunber FORM (| ogayd thm c val ue) nodul ated at step
S2 is given as data #1, and the selector 10 is caused to 10 sel ect the
data #1. At this step S5, controls the |og/linear converter and
shifter 14 to corthetaddbtiogaréshht cofathe wiit ALUL tis delayeduthreuph
frequency nunber FORMinto an antilo arithn1 under the control of the
control | er Zhe pielanecisgpitaedh, 17, lébrand 119 Bﬁdasﬁpﬁﬁérqﬂiﬁﬂxﬁﬁmﬁn
perform any conversion or shlftln sQ that _ the input  dat

al l oned to C9FrEaspond 1“9FEQthF%%gﬁlﬁﬁgrBH&??@dand then outpyt, éhﬁ?

d d f."0" is fed | h 11._and
The sel ott 25?'%!@&3@8%'&%@3&&5@5 140, "85 Th; qak, #3) AthetBs; Gng, o,
ALUL by gna %rﬁ%’ééébe%‘w gﬂiacthegi‘i‘ir her déQQriBéﬁL%étéﬁ. g%;?ﬁ 10 -

circuit 17 frequency

convert ed ,ﬂt or &n perforilihbb Uil NBAN G Nenyal Ueiliofis diferbal

t ogether by t arithnmetic unit ALUL. S manner, step
S5 execut es kRt OtHedws ABBRT fund®ion pfasdadta2 el iinrfPﬂEiallzed

frequency nunber FORM into an antilogarithm The antil ogarithm of
t he frequencso rpredetdiined valuedé¢baged rorougp the sletpyt cdortidklebs,
17, 18 and 19 by a total delay time corresponding to three cl ock

pul ses and t3(en 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., "0") by
the output controller 20.
In Fig. 10, the functionai blocks correspdnding to this
step S14 are shown along the route of window function
15 frequency number generator 14(S14, S15), where the window
.function frequency number generator 14(S14, S15) corresponds
to the logllineér converter and shifter 14 of Fig. 5 and
window function phase generator ALUl and RAM1(S14, S15)
corresponds to the the arithmetic unit ALUl and memory RAM1
20 of Fig. 5.
(13) Operations of Digital signal processor DSPl at Step
sS15
At step S15, operations are performed, by means of the
arithmetic ﬁnit ALUl of Fig. 5, to prepare second-group window
25 function phase data PGw2 on the basis of formant béndwidth_
| (=window function time width) designating parameter BW.
The operations of step S15 are different from those of

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



- 59 - ~written via the output controller 20 into the register REGL

at the timng of subsequent step S8 which will be described I n detail
| atser . In the conbined functional block diagramof Fig. 10, 5
there is shown that a log/linear converter 14(S5) corresponds to the

| og/l i near converter 14 of Fig. 5 at step S3, and that t he nodul at ed
formant frequency nunber FORMis fed to- the- | og/ | i near converter
14(S5) to be converted into an antilogarithm 10 (6) Operations
of Digital signal processor DSP1 at Step S6 At step S6,
operations ®@fe mf@mmnt byhapaeat ¢ rasd out frpmhivhe Mepeny RAML gndi g.
5 to |ncrease redet erm ned nunber of tines, the_value of the

frequency eﬁuﬁﬁ%? rRUSa tRo #RAML | Hopitbgasel@ateyr gtbupe be Fakarted
frequency phase data P(?l an

pitch freqidifSPMmber h‘F‘F\IUMth(33 undt, ALYLq q‘ﬁ% §Hean‘t’+‘i“g§‘ﬁrlft6‘mﬁ?%l ue

o' oAl e M o E R W) e
Fig. o. cIEIcyt *mdxexa €aahlitid O'jsﬁgu kt G 'I:ﬁ% :&E&ﬁ%’i;bfé dNdddg an

antllogarlthn1| ate y out put ron1t e register
through the delay circuits 15, 17, 18 and 19 by a total delay

time corresponding 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 performance operator of the electronic musical
instrument, the window function 'phase data PGw2 is
initialized, by the output controller 20, to a value phase-
shifted by 180f from the initial 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 fo 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 value 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, 515), 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 and RAM1(S14, S15)
corresponds to the the arithmetic unit ALUl and memory RAM1
of Fig. 5.

(14) Operations of Digital signal processor DSP1l at Step



dat a #REGL. Further, as shown in itens (a) and (b) of Fig. 9,

dat a processed fromthe data #REGL are set to be fed to the A and 25
B isnputs of the arithmetic unit ALUL. That is, the pitch frequency
nunber FNUM converted into an antilogarithm c val ue at step S3 is
given as the data #REA to the selectors 10 and 11, and the selectors
10 'and 11 are caused to select this - 75 -

- 60 - dat a #REGL. Meanwhi l e, at this step S6, frequency
mul tiplication parameter MJULT1 is applied to the controller 23 via

t he s@lctor 22. Thus, under the control of the controller 23 5

the log/linear converter and shifter 14 perforns shifting by
pr edet er ni ned nuﬂﬁérsﬁﬁpp$h§esopaﬁ§t%ﬁesl@gﬁlPﬁ€§Pr@9ﬁve emeans Oﬁﬂﬁhe

shifter 16 performs Shlftlng g a_predeterm ned nunber of 8Iaces and
positive/ ned“ﬁ%‘i?%"%*i undFe ALV ot fotGaldry to prepa:ﬁgsspgq:q;gd WEPUB fCRNST

posi 1 ve! nedRHAHEREG n AR < (S  HHF Hpdiar (AP RIating She doTaRRt
D iy A, b, S S, 150
of pl aces '%ﬁ:‘ritlta{za%é‘rﬂxei’ & tdep S13.
| The operations of step S16 are different from fhose of
step S13 in that second-group center frequency:phase data PGf2
of the current channel is read out from the memory RAM1 and
10 : then sent as data #RAM1 to the selector 11 to be selected
thereby. ' Thus, the unit ALUl adds the formant frequency
number FORM to the second-grbup center frequency phase data
PGf2 read out from the memory RAM1. 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 correspbnding to four
clock pulses and then stored into the storage area, for phase
daté PGf2, of the memory RAM1l 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 frequency number
FORM is accumulated evéry cycle_to thereby prepére 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., "0") by the output controller 20. Also, upon
occurrence of overflow in the second-group pitch frequency
phase data PGp2, the phase data PGf2 is reset to a

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



15 arithnetic unit ALUL, from another pitch frequency nunber FNUM
shifted by the predeterm ned nunber of places. In this exanpl e,

t hese predeterm ned nunber of places are determ ned so that the
subtraction result becomes greater than the original pitch frequency
nunber FNUM by a val ue corresponding 20 to the multiplication factor
desi gnat ed by the paraneter MULTL._ gy _exanple, if the nultiplication
factor designated by the paranmeter MJULT1 is "3", the predeterm ned
nunber of pl aces to be shifted in the log/linear converter and shifter
14 is set tatem "(d) afl Fige. pt2dshewsi anderanpte off phimecvaryingb vadlaes
shifted in the log/linear converter and shifter 16 is set to be "0".
Because of wifi £het secphdcbrbupqgenternireguencyiphase dafrRGi%prepared
inverted to negative sign is added to the pitch frequency nunber FNUM
up shifted &Pt l§h9¥Q7F%ﬂﬁﬂﬂﬁﬁqaﬂRﬂQﬁF

CENUM = 3 X FNOBS ol q‘%i‘aﬁlu*ﬁel”" cptrgsbondig g fade
PN, [SEIURIRY BIE: ﬁi?ﬁéﬁlﬂﬁi?ﬁé o P8 4 a4, S
S A e @&%dr .
ment i oned al%@h‘ﬁ(silts, S16 corresponds to the function of the control
signél generating section 6 of the first digital signal
processor DSP1 of Fig. 3 and phase generator ALUl and
10 RAMi1(S13, S16) corresponds to the arithmetic unit ALUl and
memorf RAM1 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 85 is selected by the selector SEL1 for use in phase
15 operation, énd acdumulated by‘thé phase generator ALUl and
RAM1(S13, S16) to provide the second-group center frequency
- phase data PGf2a. '
(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 déta PGwl to be actuélly
used, either the window function phase data PGwl prepared at
step S14 or pitch frequency phase data prl.
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-groub pitch frequeﬁcy
phase data PGpl is set to be fed to the B input of the

arithmetic unit ALUl.



I's possible to performan arithnetic operation of any optional
multiplication factor, except for two, such as three, five, 10 six or
sevien. The pitch frequency nunmber FNUM increased to a val ue
corresponding to a desired nultiplication factor is del ayed t hr ough
the delay circuits 15, 17, 18 and 19 by a total del ay tinme
corresponding to three clock pul ses and_then witten via 15 t he out put
controller 20 into the register REGL at the timng of subsequent step
S9 which will be described in detail later. In Fig. 10, the
functi onal bl ockMaove repepohficglly, t ihsthe exampbe &6 Big. shovkhe | windowe
routes follow ng the | og/linear converter 14(S3), where shifter
14(S6) corr émation ophfse gdata |RGy] | pebtairedyvatt &temSkhi Leegivenfag g.
5, shifter 16a(S6 and inverter 16a(S6) together correspond to the

| og/linear data #bnthreerchagksRpises 2EL6F LGP Sl4an@nthithe IRtecHe%er
23(55) oort SHPOES chBable SeLPLLET oB ol U o Bl cptgpe bl
oo oo ekl BRToc BV heb K il o ofbRRRTOH gl °
control et y@?‘iﬁ%'é bl NieRBE RARL ana thlH-Ebnts B laddd® st {4 cgyency
selector 11 to be selected thereby. Then, under the control
of the controller 23, the log/linear converter and shifter 16
converts the input data into.a negative value, although the
10 log/linear converter and shifter 14 does not perform
conversion or shifting so as to allow the input data to pass
thefethrough 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 tﬁe window function phase data PGwl (fed to
the A input of the unit ALUl) obtained at step S14 by
accumulating the window function frequency number BW. If the
subtraction result is positive (i.e., the window function
phase data PGwl obtained by accuﬁulating the wihdow function
20 frequency number BW is greater in value 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 hand, the subtraction result is

negative (i.e., the window function phase data PGwl obtained

by accumulating the window function frequency number BW is



predet ermi ned nunbers of places in the above-nentioned manner. The
out put of the shifter 16a(S6) is inverted to a negative val ue via the
i nverter 16b(S6), under the control of the controller 23. Then, the 3
respective outputs of the shifter 5 14(S6) and inverter 16b(S6) are added
t oget her by the arithmetic unit ALUL(S6). (7) Operations of
Di gital signal processor DSP1 at Step S77g - At step S7, operations
are perforned, by neans of the arithnmetic unit ALUL of Fig. 5, to
accunul ate the. nodul ated 10 unvoiced formant frequency nunmber UFORM t o

t her eby cre®gual to phnasmatiben H@mn mhagpes:g'mémqunaﬁgu rn@aaﬁstmata Repl),

As shown in itens (a) and (b) of Fig. 9, at this step ,. the data #1
is set to b&hec@iteht frequenplt Phase ata PGRYy rlﬁhﬁEPFEduh‘ilFOAF}Eﬁ starPgShe
phase data PQu obtalne in the 15 preceding cycle i et to be fed to the
B input of ﬁ?@a' q’tarﬁ?etqaé:%r?qw:LAL@ the’ memory spddt MEFYEPe, n

h I f . . d f
Elh g t?ﬁ chY’?\? tofingd%psc gggtlec}:"#f’%?%%r?éﬁ”&?vhasL?Sdiaet%cforﬁfbﬁ&e{ﬁMate
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| ogarit hm C s\if%i ughf ph&ef Hﬁ%ﬂeﬂéﬁlnﬂgbéis&”:%é&tﬂaé& the siﬁﬁtédé)%féé hm

under the control of the controller 23, but the og/ l'i near converter
and shifter £ s80daRe fPEwWl 22 ﬂ%‘t’ethborpﬂﬁséhd&tang’@ﬂ tRatit e
I nput data is allowed to pass therethrough unprocessed.

Meanwhi | e, atetidinedsteap fhasepldsta d2evwl A tiie tiemory RAML.

An éxample of the window function phase data PGwl stored
10 in the memory RAM1 through the output controller 20 is shown
in item (e) of Fig. 17, where the window function phase data
PGwl obtained at step S14 is greater in value than the pitch
frequency phase data PGpl. In such a case, the window
function phase data PGwl reaches a predetermined'maximum value
15 ahead of the pitch frequency phase data PGpl. Once the
window function phase 'data PGwl reaches the predetermined
maximum value, the outp\it ‘controller 20 of Fig. 5 performs
output control to retain (or slice) the window function phase
data PGwl at the maximum wvalue. Therefore, the wvarying
20 waveform of the window function phase data PGwl will have

slant and flat portions aé 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
25 preSent the same variation as the pitch frequency phase data

PGpl shown in (a) of Fig. 17.

(16) Oper'ations of Digital signal processor DSPl at Step

S18



current channel is read out fromthe menory RAML and t hen

- 63 - sent as data #RAML to the selector 11. The selector 11 is
sets to select the data #RAML, i.e., progressive phase data PGu - for
noi se signal, which is then fed to the B input of the arithmetic unit

ALU by way of the log/linear converter and 5 shifter 16 and del ay
circuit 17. The arithmetic unit ALUlL _ 79 _adds the unvoiced formant
frequency nunber UFORM (|l ogarithmc value) to the progressive phase
data PGu read out fromthe menory RAML. The addition result of the
uni.t ALUL is del dedstep S18y ooperatiodel ®rei performed, iy, sédecty @l 24
by a total 10 delay time corresponding to four clock ulses and t hen
stored sgeendrgranm indaw rbinerion phaset datat Bﬁugetaré)& qqiuqiﬂas
dat'a PGu, of the nenmory RAML at the timng of subsequent step

whi ch wi | | BiBSfbs G4 TREF [Fheistindow Aunction mhasedpta PGw r&remﬁﬁ%ai:

f t f lated 15 | th
result of wHl L*%%"é?%@mh %}#éq‘?gggyw%@?é?a?%?aﬁ%pé%/ofgg into the

| i nge t
this | B0 op SPa,watBiiols 8 ehaS, GIBCE-PoRLsilEsy, SUhC RN Uk (0
uni t ALUL( S‘Qteﬁ"*ﬁr'ie 1%03515‘1:” Ak ﬁ?ﬁ&&?t fﬁn&éic%) dﬁé’éé EP Gow2Z bbtdihdd®

| og/ I i near converter and shi ter 14 of Fig.
at step S15 is sent as data #1 to the selector 10 three clock

pulses after step S15 so as fo be selected thereby and in

that pitch frequency phase data PGp2 of the current channel

10 is read out from the memory RAM1 and is sent as data #RAM1 to
the selector 11 so as to be selected thereby.

Thus, as at step Sl7,'the window function phése data

PGw2 obtained at step S15 and the pitch freqﬁency phase data

PGleare compared with each other by use of the subtraction

15 - function of the arithmetic unit ALUl. If the window function

phase data.PGWZ 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 fréquency phase

data PGp2 is stored into the storage area, for phase data

PGw2, 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 PGpZ2. In such a case, the window

function phase data PGw2 reaches a predetermined maximum value



phase generator ALUl and RAML(S7) corresponds to the arithmetic uni
ALU1 and nenory RAML of Fig. 5. The unvoi ced formant frequency nunb
UFQRM (| ogarithm c val ue) obtai ned by the arithnetic unit ALUL($4)

step 4 is fed to the 25 | og/linear converter 14(S7) to be conver

into an

antilogarithm which is then accunmul ated by the phase

generator ALUl and RAML(S7) to provide 1hg phase data PGu. (8)
Cperatlons of Digital signal processor DSPl1 at Step S8

64 -

As shown in itens (a) and (b) of Fig. 9, at step S8,

dat._a #REGL isheset ¢ lhef eplitcoht Horefjuennyt phasae datia hR€pZe Onceurtihe
ALUl, and data indicative of "0" is set to be fed to the B input o
the arithmetindew tfypetion phase datar BGwIpagaches | fhe predetermnace

of ~ Fig. 5, the nodul at ed formant frequency nunmber FORM converte
into an maximum Gidye hnthe 99&9“35%%&@6 %d’f hElgegﬁstR?rrﬂw
this step S8, three cloc ul ses S see, of Fi
o). and t hé’r‘l‘t(%’tthPné:é'Qﬁ'h SuZeEatpcior hTen) tAS Wiy phase
221 21 06, 10 datf P 46, b GhxihEnVedve an $TEHLL ndmgﬁﬁeée' ey
sel ects q-‘Fhe cont roI E‘ con i near conveﬁ

shifrers 135?2d 1%11@%fore £ ReREANY RIETCE Vheys5lcht e
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phase data PGw2 will have slant and flat portions as shown in
(f) of Fig. 17.

On the other hand, if fhe window function phase data
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 variétion as the pitch frequency phase data
PGp2 shown in (b) of Fig. 17.

In Fig. 10, the combined functional blockS'correspohding
to steps S17 and S18 are shown along the routes of a
qomparator'CI(Sl7, SlS)zand selector SEL2(S17, S18), where the
comparator Cl1(S17, S18) corresponds to the subtraction
function of the unit ALUl and the selector SEL2(S17, S18)
corresponding to the function of write-controlling the memory
RAM1 in accofdance with the subtraction result in the unit
ALUl. Where the data oﬁtpu_t from window function phase
generator ALUl and RAMl(Sl4, 815) is greater in wvalue than
phase. data PGpl or PGp2 from a phase generator ALUl and
RAM1(S9, S10), the selector SEL2(S17, S18) selects the output
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 PGpZIfrom

t
er
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Is allowed to pass therethrough unprocessed. Consequently, 15 t he

formant frequency nunber FORMin an antilogarithm c val ue is allowed
to:pass through the arithmetic unit ALUL unpr ocessed. - The
formant frequency nunber FORM out put fromthe ~ arithmetic unit ALU is
del ayed through the delay circuits 15, 20 17, 18 and 19 by a total delay
time corresponding to three cl ock_ R4l ses and then witten via the

out put controller 20 into.the register REGL at the timng of
subsequent step Si11 which will be described in detail later.

Thi.s step S&hieusphassf gemeratorockbEl f andc RAME (SN Sho) 265 thentwimtdowf
the data #REGL i nto nodul ated formant frequency nunber FORM

(antil ogari thwmictiva pasfeordatiariRfylatonikBwd ¢ er step S1l, and thus it

i s*not specifically shown in Fig. 10. 89 Oper ati ons of -Di gital
si gnal processor BeGENSR © eﬁhg)above-mentlone process, the repeated .

65 - At ste erations are perfornmed, b ns of _the

0
arithmetic &Yq;QQJﬂftﬁhﬁﬁﬂfn W BURCELOR oW Y?g?rBrBﬁﬁpéFFehln a later-

f dat h f nber,
| norensey | eRET DR TR o hoa Brie of g5 VLAY Ceynctian) Mise o)
and (b) of Beta Boud! ahll PoRboRILL alwsls BO% BRI i P leHed difurle

to the Ainput o _
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 controlled 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 describéd after description of
the operation of the fourth digital signal processor DSP4,

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, several circuit elements denoted by reference
characters beginning with numeral "12", where adders 12c(S0),

20 12f(S2) and 12i(S4) are employed - as operator. means for
changing/modulatingl the pitch frequency number FNUM with
modulation data such as for vibrato generated from modulation
data generators 12a(S0), 124(S2) and 12g(S4). Because the
pitch freguency number FNUM is én antilogarithmic wvalue at

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

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



arithmetic unit ALU, and fhe first-group pitch frequency - phase data

PGl is set to be fed to the B input of .the arithnetic unit ALUL. 10
Morse specifically, in the exanple of Fig. 5, the pitch | frequency
nunber FNUM processed at step S6 is stored into the - register REGL at
this step S9, three clock pul ses after step S6 (see item (d) of Fig.
9), and is then output from'the regxter REGL as the data #REGL. The
selector 10 is caused 15 to select the data #REGL. Further, at this
step S9, the | og/ I i.near converter and shifter 14 down-shifts the

pi t.ch ragrbshowrt #n bfignelQi w1i!|ﬂrda§ﬁsuﬁ§ donmedlucgd gasts
control ler 23 for the reason nentioned bel ow, but th | og/ | i near
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(multiplied from the antilogarithmic viewpoint),.frequency
change control proportional to cent value can of course be
implemented by antilogarithmic multiplication. |
--Exemplary Operations of Digital signal processor 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
reference to Fig. 1ll. Similarly to the example-of Fig. 9
relating to the first digital signal processor DSP1l, one cycle
of the hicroprograﬁ comprises 21 steps, i.e., steps SO to S20,
and one step corresponds to one cycle of the system clock.
One cycle of the microprogram éorresponds to one channel

timing of Fig. 8, and the program is executed for 18 channels

‘time-divisionally as shown in Fig. 8. 1In Fig. 11, item (a)

25

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

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



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

phase data PGyl read out fromthe RAML are added together by the unit
ALUL. The reason why the | og/ I i near converter and shifter 14
down-shifted the pitch 5 frequency nunber data by one bit is to reduce

t he val ues of the two-group pitch frequency phase data to half of the
respective original values, because, as-a3eady described in rel ation
to the waveform synt hesis based on the formant sound synt hesi s

met hod, the enbodiment is designed to obtain a final 10 f ormant sound
wavef or m by (ki trdioptesr the fanhentss @Hddata %\Rﬁf o‘r’ﬁ%tteﬂ into the
-Then, the arithnetic unit ALUl adds the hal ved-val ue he pitch
frequency ndHBEt 06 FHE-prégresti9e pRasks da é"?‘!ﬁ)‘-f‘ed f““FE&BnBEtt hflrQﬁHt he

mermory RAML._The add| jon.re ylt of the 15, uni U f hrough
The il by cioiagman 151188tr88inG B hagngr; i whigh G BEREYo{al oAt
correspondin to four cl ock l.se t e

controller qxhocessor Dﬁposrég.oéé ha""‘rl'zda %orgpﬁua%séelﬂrfa% agﬁé)&l"n‘ _-.‘?}P

menory BAML @ %Qﬁares ncf idd ”giaﬁai‘m%ﬁ%}fn tﬁSH Thd Whkeha Y |ﬂ§191flﬁ¥%ree

descri bed |n etail Tater I's way, at step

hal ved val ugidfcdiie é;&ltlﬁpture frequency nunber data obtai ned by
i ncreasing the nodul at ed pitch frequency nunber FNUM by t he

predet erm ned nUMpPOpetations df PEgitalagsyhidliapedcessdy DIRBeat aStdheso
‘result of which 25 first-group pitch frequency phase data PGol is

obtai ned. Upon At skep- 80, obperptionsrence paefatmed of by hmeahec oforthe
st cal arithmetic unit ALU3 of Fig. 6, to control the spectral
10 structure of a low-pass noise signal for use in preparing a
correlative noise signal to be used as a modulation signal for
noise formant sound synthesis. Namely, the operation of step
SO is performed for enhancing the spectral.level of a low-pass
noise signal, to thereby control the formant peak sharpness
15 in a noise formant sound that is prepared by a modulation
operation process using a correlative noise 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 an_d 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 ALUS. |
25 More specifically, in the example of Fig. 6, the
selector 30 selects the data based on parameter NRES, which

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

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



instrument (i.e., at the outset of generation of a tone), the - phase
data PGpl 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 values of the first-group pitch frequency
phase data PGpl prepared in the above-nentioned manner . 5 ' In
Fig. 10, the functional blocks correspon ignd to this step S9 are
shown along the routes following the arithmnetic - unit ALUL(S6), where
phase generator ALUl and RAML(S9, S10) corresponds to the arithnetic
uni.t ALUl awshterbom BAMitotage aredd,J.ob. thEhecyrtentf otaiveedy, nofibeshedat a
obt ai ned by the 10 arithnetic unit ALUL(S6) at step 6 is accunul ated by
t he phase memonye RAMR and\lddntanas Ridid SBRAMS poothdesehec;tbrcﬁlf resy drency

phase data PGpl . (10) Operations of Digital gnal processor DSP1
~at Step selgnted| sthereby At Atefhsto ti@]@r di@‘éﬁnst‘aré fepPsifdye Hidfeans

of the "_érlthmetlc unit ALUlL of Fig repare second giroup pItCh

frequency phase d4&t §*ME5R “E%l?l‘@etﬂétﬁl P&I’Fcf*‘r"-@q cys‘-?lu%% UL

e el B Bl TARE ST P Siscoa thereto™Le
passed via the delay circuits 35 to the B input of the
arithmetic unit ALU3. The gate circuit 34 is normally enabled
to allow input data to pass therethrough, except when it is
controlled tb open or close at the time of a serial

10 multiplidation which will be described later.

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

15 . signal. The addition of the data based on parameter NRES to
such a low—paés noise signal LPF means that a D.C. component
corresponding to the 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 thé signal LPF is enhanced,

20 s6 that the sharpness in formanf envelope of a resultant
synthesized noise formant 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



20 S10, the data #REGL is set to be fed to the A input of the

arithnetic unit ALUL, and the second-group phase data P&2 is ' set to
be fed to the B input of the arithnetic unit ALUL. _ Mor e
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 #REg5 - At this step S10 as well, the
| og/ | 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 step S0, the overflow/underflow- g@ntroller ((EHYSHF s 38
ment i oned above in relation to step S9, but the | og/ | i near converter

and shi ft er ffeans s pérfléF‘Hﬂter and; g rshbfiter 38 ﬂPPﬁgré-’fF REXTPLM | ow

t he i nput data t 0, pass et hr ough un rocessed.

Voanuht | e, RkHHAE 50 2800 ALLEVaEhE REBSCoAatR 1O Pas, SRR AR
is read out fromthe nenory RANH and then sent as data #RAML to the
sel ector 11.YPPHREEIR{Rct or selects t he read-out data #RANR i.e.
progresg ve phas t _ ﬂﬁ@sf o] he
arit hrret%: C unit 351-85 Atfﬂv%ym%\;n%f% g@ | near eéc%énveér@& Shl t%é 16
and deliedddd!ito the combined fuJéefbnamwdﬂ BTBgranBEl Fig U1 Adds

the pitch frequency
In Fig. 12, the operations of step SO correspond to the route

along which coefficient data read out from a coefficient table
TB1(S0) 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(S0) to
undergo a predetermined limit process which corresponds to the
limiting function of the overflow/underflow controller 38 of

15 Fig. 6.
(2) Operations of Digital signal processor DSP3 at Step S1

At step S1l, operations are performed, by means of the
arithmetic unit ALU3 of Fig.-6, to obtain a lower-limit wvalue
of the allowable variation range of a correlative noise signal

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_set 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 ALUS3.

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

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

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



nunber data down-shifted by one bit and the progressive phase dat a
P&G2 read out fromthe nenory 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 cl ock pulses and then stored
via the output controller 20 into the storage area, for phase data
PGp2, of the menory RAML at the tiggng of subsequent step S14 which
will be described in 20 detail later. In this way, at step

- SI0, the halved value of the pitch f requency nunber data obtai ned by
i ncreasi ng hbethmdtliot edit ALU3pi tA hedmmsiatnicre moliss sEgodlopWihds read
predet er m ned nunber of tinmes is accunul ated every cycle, as_the
result of wbixth £228n asexkowbhgg oapepi t ¥f f thguausreitaschaapglpgft | fhe

* obt ai ned. Upon key-on of a performance operator of the el ectroni
nusi cal insmﬁmnﬁmtBAMﬁeapﬁa§@ﬂiﬂ§§Iﬂaﬁ?i%?ﬁ“ék?%]?&%d?eiﬁcFﬂE 51 %oogﬁput

controller to a val ue_phase-shifted. b rr]_fro
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via the delay circuit 35 to the B input of the arithmetic
unit ALU3.

Consequently, the.arithmetic 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 .
a difference between the correlative noise signal BWR obtained
at the preceding cycle and the noise bandwidth designating
value NBW, to provide a lower-limit value 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-1limit wvalue 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. Thé operation result delayed through the delay



phase data PGp2 prepared in the above-nenti oned manner. As shown, the

first-group pitch frequency phase data PGl and second-group pitch
frequency phase data PGp2 are generated with a tinme difference of a
hal f cycl e because the respective 10 initial settings are displaced by
1/2 of the maxi num phase val ue. As with step S9, the
functional bl ocks corresponding to - ghis step SO are shown in Fig. 10
al ong the routes foll ow ng the arithmetic unit ALUL(S6), where phase

generator ALU and 15 RAML(S9, S10) corresponds to the arithnetic unit
ALU and cinmyidis BAML 35, F3Y. sverﬂny/pmﬂ@wfﬂpelqmyr%h@er 38atand
obtained by the arithnmetic unit ALUl(S?i at step accumul at ed by
t he phase géfdftiar 39 Us aﬁ#ds ayed @Wgﬂe the dglash FixQtichcy
phase data P 2. 20 % %eratlons of Digital signal roce(sisor DSP1
at Step  4051By a time (8 efepsrenqingy @ 0nfe ot #HLSe + ABdni

oper at I ons I.n_connect.ion
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pul ses after step S8
overflow/underflow controller (OF/UF) 38 functions as a

limiter and the shifter 39 does not perform shifting so as to
allow the input data to pass therethrough unprocessed.

10 In the combined functional block diagram of Fig. 12, the
operations of step S1 correspond to the route along which
coefficient data read out from a coefficient table TB2(S1) in
accordance with the parameter NRW is added, by an aiithmetic
unit ALU3(S1), to the correlative noiée signal BWR obtained

15 in the preceding cycle and having the sign inverted by
inverter INV1(Sl). The operation result of the arithmetic
unit ALU3(Sl1l) is fed to a limiter 38(S1l) to undergo a
predeterﬁined' limit process. The inverter INV1(Sl)
corresponds to the function of adding the negative sign by use

20 of the sign adding data. A memory RAM3(S20) fundtioning 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.'

25 (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



- 70 - (see item (d) of Fig. 9). At step S13, operations

are perforned, by neans of the arithnetic unit ALU of Fig. 5 to
prepare first-group center frequency phase data PG| by
accurmulating the formant 5 frequency nunber FORM output fromthe

regi ster REGL. - As shown in itens (a) and (b) of Fig. 9, at this
step ' S13, the data #REGL is set togwfed to the A input of the
arithnmetic unit ALUl, and the first-group center frequency phase data

P&1is set to be fed to the B input of the 10 arithnmetic unit ALUL.
Mor.e speci f idoaldnder nte heomieod| @fnéige formamt bandwidthet or 10 sel ects
the formant frequency nunber FORM out fromthe regi ster REGL.
Further, the cont3®|shown3initens s(a andtﬂ%) I%lﬁiglea?lccﬁﬁv‘@tlﬁs%dm
shiTters 14 and 16 not to perform 15 conversion_or_shifting so q)

al | ow t he i MARaReker NP Aasignating, & sk Pentipiddeds et to be fed

data PG 1 oft S 8 AR s Pt Fhaf o, uﬁ%tﬂ‘ﬂ%rﬁ%f r?f&‘%@%ﬁsand
then sent anald LMt Sui'®se 2ot S SBROEM! s NenSeleCt b Losel et S

the rea sé data nfe
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converter and 16 ahd rcuit The tion result of

the unit AL i stéel spedrehrdnsfoddi dﬂ:éﬁl ghbstli b Mrep sl 28 thbh &P

and-24 by a total delay tinme corresponding to four
operation is performed for adding a positive sign "+" to the

output data of the selector 31. Consequently, the arithmetic

100 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 correla'.tive noise signal BWR with the
poéitive sign added thereto.

15 In the combined functional block diégram of Fig. 12, the
operations of step S2 correspond to the route along which
coefficient data read out from the coefficient table TB2(Sl)
in accordance with 'the parameter NRW is added, by an
arithmetic unit ALU3(S2), to the preceding-cycle correiative

20 noise signal BWR. The operation result of the arithmetic unit
ALU3(S2) is fed to a limiter 38(S2) to undergo a predetermined
limiting process.

(4) Operations of Digital signal processor DSP3 at Step S3
At step S3, operations are performed, in combination

25‘ with subsequent step S5, to a obtain low-pass noise signal LPF
by subjecting a white noise signal WN to a low-pass filtering
process.

As shown in items (a) and (b) of Fig. 11, a white noise



cl ock pul ses and then stored via the output controller 20 into t he
storage area, for phase data PG|, of the nenory RAML at the timng of
subsequent step S17 which will be described in

- 71 - detail later. In this way, at step S13, the
formant frequency nunber FORM i s accunul ated every cycle to thereby
prepare the first- group center freggency phase data PG 1. Upon
key-on of a 5 perfornmance operator of the electronic nusical instrunent,
t he - phase data PG1 is initialized to a predetermned initial

val.ue (e.g.,sigigl Nt hiss csebuto domtfed | ee @t A\ inpuupph the arithuetiwce
of overflowin the first-group pitch frequency phase data PGpl, the
phase data PReiit |%Lu%s@ndoaalowepagseaegéemsﬁgaa&amé ds get "t bayfede
output controller 20. [tem (c) . 17 shows an exanpl e of

ti me-varyi ngtQ a8 1nPUto9ftFEefPFéFh@PBﬁﬁ BP%EhAHJQquency phase data
PG| prepared in the a pve ntione nann

the functional bl%eRe c%?‘?‘é’s to“f hi gxamgtlg.p ng E?‘g sh ' 1é}?%ng
the route of S c?gélgé?_(fEéelégl:LOW Qﬂlg gogoge ; %?’unc e ugﬁiﬁvfréxeém

where the sél&c correspon e’ contro
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circuit 33 to the A input of the arithmetic unit ALU3. A
low-pass noise signal LPF is read out from a 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
"—" is 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 input of the
15 arithmetic unit ALU3.

Consequently, the arithmetic unit ALU3 subtracts, from
the 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 a
total delay time corresponding to two clock pulses and then
output as data #3 at step 85. At step 83, - the
overflow/underflow cdntroller 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
portionlof a noise spectrum. The parameter NSKT corresponds
to a low-pass coefficient, and the down-shifting corresponds

to coefficient multiplication process.



3 and phase generator ALUL&RAML(S13, S16) corresponds to the 20
arithnetic unit ALU and nenory RAML of Fig. 5. In the f or mant
sound synthesis node, the formant frequency nunber FORM convert ed
into an antilogarithmc value by the l[og/linear converter 14(S5) at
step S5 is selected by the selector SEL1 for use in phase operation,
and accunul ated by the phase 25 generatgg -ALUL and RAML(S13, S16) to
provi de the first-group center frequency phase data PG 1.

(12) Operations of Digital signal processor DSP1 at Step S14

- 72 - Imithe gpmmedarf-mmaét pleckpdiagram ¢ Bigf ok¢edthey
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inverted by an inverter INV2(S3). The operation result of an

arithmetic unit ALU3(S5) is subjected to a predetermined
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(S3) corresponds to the function of supplying the
preceding-cycle low-pass noise signal LPF as data #RAM3 from
the memory RAMS3.
(5) Operations of Digital signal processor DSP3 at Step S4
At step S4, operations are performed, by means of the
15 arithmetic unit ALU3 of Fig. 6, to obtain an allowable
variation range of a correlativelnoise 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 sét to be fed to the B input of the arithmetic
unit ALU3. |
More specific;lly; 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



arithmetic unit ALUL. More specifically, in the exanple of Fig.
5, the selector 10 is caused not to select any of the data. The 15
forsmant bandwi dt h desi gnating paraneter BWis fed via the sel ector 22
to the controller 23, and under the control of the controller 23
according to the paraneter BW the | og/ I i near converter and shifter 14
out’puts a wi ndow function frequency gwuber based on the paraneter BW
Meanwhi |l e, wi ndow 20 function phase data PGM of the current channel is
read out fromthe nmenory RAML and then sent as data #RAML to the
sel-ect or 11.vamiatigirecrangel aft| correlativeadaise daignaRAWMWR withi the
phase data PGM, which is then passed through the | og/ | i near. converter

and shi f t er nEGIatHIO g Rdded ftheretqhds 2@?—d 59 rﬁm Scﬁqure%ﬁ]t Hrethe
d | I f d del it 17 h t ALUI dd
oot oy CFhetiarad it oa theCuelebted aetinia thit. 1 BS ead
t f t h . . -
gg - o .delafiéggg" 0¥ &g P 8PpPﬁe°ﬁnF?eA&fith%eﬁﬁ?dﬂ%ﬁ t Hgtbh
the del gy circul t \J% 3;15 a[tl.ﬁe ﬁ?]éé’ié' uﬁglta ﬁﬂsrreﬁubtracts the
ree cloc the .

correspondi ng to pul'ses Hhd ther out put throu
out put cont Q- 13 A Jdudadbf tleah118Gabl8l Y8r2htion range from the
upper-limit value of the range, so as to provide the allowable
variation range between the upper-.and lower-limit values.
In this way, step S4 performs operations to obtain the
10 allowable variation range of correlative noise signal BWR.
| The operation result is delayed through the delay circuits 33,
35, 37 by a total delay time corresponding to two clock
pulses, down-shifted by the shifter 39 by one bit and written
into the register 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 84 correspond to an arithmetic unit
ALU3(S4).

(6) Operations of Digitallsignal 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 arithmetic unit ALUS3.
| 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



5 subsequent step S17 which will be described [ater. Upon key- on of
a performance operator of the el ectronic nusical I nstrunent, the

wi ndow function phase data 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 PGol, the
“wi ndow function phase data POGM is ggeset to a predeterm ned val ue
(e.g., "0") by t he out put controller 20. In Fig. 10, the
functional bl ocks corresponding to this step S14 are shown al ong the
route of w mimedssmdrased aB theenavavgteun¥SKTJepodaselerssithisidnta.
where the w ndow function frequency nunber generatpr 14(S14, S15)
corr esponds The thus) sedeateg Gateadsc§pdeviar thaddehayteirquipi3%i g thend

wi ndow function phase generator ALUlL and RAML(S14, S15 corresponds
to the the o AW PE ERPLSAL LImeRLC 1Y Wﬂl\%\m Mogntiner: jpowzpass noise
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phase data R 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 addé the
coefficient-operated data to the low-pass noise signal LPF
obtéined in the preceding cycle. The addition result of the
arithmetic unit ALU3 is delayed through the delay circuits 33,
35, 37, overflow/underflow controller 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 outéut, i.e., low-pass noise signal
LPF is stored into thé memory RAM3. In-this case, the memory
RAM3 functions to delay the low-pass noise signal LPF by one

25 sample time, i.e., funcfions 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



-74- of the current channel is read out fromthe nmenory RAML and
then sent as data #RAML to the selector 11 to be selected t her eby.
Thus, the unit ALUl adds the wi ndow function frequency nunber BWto
t he phase data PGAM2 read out fromthe 5 menory RAML. The addition result
of the unit ALUl is del ayed t hrough the delay circuits 15, 17, 18 and
19 by a total delay time correspondjyfng to three clock pul ses and then
out put t hrough the output controller 20 as the data #1 at the timng
of subsequent step S18 which will be described later. Upon 10 Kkey-on of a
per.f or mance agpidihatedrimfunidie ALER(SDhiandnshitt registénsRANMBESD ).t he wi ndow

function phase data PGM2 is initialized, by the output controller 20,
to a val ue phasél) Operatipns c@f pbDigdbpdtr plgppdnPrREeEsPL BSPRlate HFeRhe
phdse data PGM (e.g., if the initial value of the phase data PGM is

"o, 15 tIRe giasElTata P®2 is initialized to a half value of the
maxi mum phase val ccurrence of overf

Al | ' h .
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frequency nunber generator 14(S14, S15), where the w ndow functl on
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converter and shifter 14 of Fig. 5 and
stored in the register AREG 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-mentioned manner is stored into the register AREG
at step S2 and converted into serial form by the
parallel/serial 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 #REGS'SL?F is set to be

20 fed to the B input of the unit ALU3.

More specifically, in the exaﬁple of Fig. 6, the
selector 31 is supplied with the operafion 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 34.

To the control input of the gate circuit 34 is given a



25 window function phase generator ALU and RAML(S14, S15)

corresponds to the the arithnetic unit ALU and nenory RAML of Fig. b5.
(14) Operations of Digital signal processor DSP1 at Step

- 75 - S16 At step S16, operations are perforned, by
means of the arithnmetic unit ALU of Fig. 5 to prepare second-group
center frequency phase data PAE 34 by accunulating the formant .
5 frequency nunber FORM output fromthe register REGL, in a : simlar
manner to step S13. The operations of step S16 are different
from those ¢fignal, inddeadiiye pf Hhe sy Rirto Af aanrial flawnRaRs e
data PG 2 of the current channel is read out fromthe nmenpry
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out put cont r@ldt€ra multiplication is performed for obtaining a partial
product between the above-mentioned allowable variation width
data and the lowermost 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 ALU3.

The arithmetic unit ALU3 functions to adds the partial
products obta:.ned by the serial multlpllcat:l.on. At the first
two steps S6 and S7, no data is fed to the A input of the
arithmetic unit ALU3 so that the partial product data fed the

15 B input of the arithmetic unit ALU3 is allowed to pass
therethrough unprocessed. This is because the partial prdduc‘t
is delayed through the delay circuits 35 and 37 by a tofal
delay time corresponding to two clock pulses.

Therefore, at step S6, the partial product is output

20 from the arithmetic unit 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 pulses, 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 ALU3. The reason why the



20 at subsequent step S20 which will be described in detail | at er.

20 In this way, at step S16, the formant 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 per for mance _
operator of the electronic nusical instrunent, the phase data PG 2 is
initialized to a predetermned initial -2x value (e.g., "0") by the output
controller 20. Also, upon occurrence of overflow i-n the second-group
pitch frequency phase data PQ®&2, the phase data PG2 is reset
to. a pardisak rproduct awepye. from "the wyit LGt tdewnt shi feed Joy '
- 76 - : Item (d) of Fig. 17 shows an exanple of tine-varying val ues

of the secorehgyr tentdd by dirityniscteadiysy thedgin sieighing et he
bove- ti d : Fig. 10, the f t] | b ks. .

Cort espondi MATE (hGause the A 41 oL ARG o o i Lrira Rrttteh

SEL1(S13, Sl16 foll | t L, ter.14 .

solector  Prodyqt (- SHah A srgne. 1PERE. 82 Kie Fhit Aty SRS

bsP1 of S o BPen s B e B AL Ui and” 10 RAMI(S13, SLe) corresponds

to the arithnetiqunﬁéx@Lgkean§7’ a multiplication is performed, in the
gate circuit 34, between the above-mentioned allowable
variation.width data #REG3 and the second loﬁermost bit data
of the low-pass noise sighal 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.SB, a multiplication is performed, in the
15 gate circuit 34, between the above-mentioned 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 1ow-paés 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 sum of the partial
products output from the arithmetic 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



menory RAML of Fig. 5. In the formant sound synt hesi s node, t he
formant frequency nunber FORM converted into an antil ogarithm c val ue
by the log/linear converter 14(S5) at step S5 is selected by the

sel ector SEL1 for use in phase 15 operation, and accunul ated by the phase
generator ALUl and RAML( S13, S16) to provide the second-group center
frequency phase data Pd 2. - 462 Operations of Digital signal
processor DSP1 at Step S17 20 At step S17, operations are
performed to sel ect, as first-group wi ndow function phase data PGM

t o .be actualthe overfliswdunderifdowt monkroblerf uddti dowhshl fited PR\ the
prepared at step S14 or pitch frequency phase data P&l . As
shown in iteshifegr afh& by) tyb higs @Endroutput sagpdaps #31 At 1FOIRAVECHREGL
is set to be fed to the A input of the arithnmetic unit ALUL, and the
first-group $FeRhS10 cyhigby will beynkaker deserpped sinefetgide (SQE tHtehe B
i nput of the arith $ic unit ALUL. ' -

-77- (c) offiigs fically, in the exanple of Fig. 5, the w ndow

[mct o prase, doke SRt ghLg 857 L gRoRAo TR U irormea 4 i
gate circuit 34, between the above-mentioned allowable
variation width data #REG3 and the fourth lowermost bit data
of the low-pass noise signal SLPF. At this step S9, the data
#3 corresponding to the partial product for the second

10 lowermost bit of the low-pass noise signal SLPF is selécted
by the selector 30 and fed to the A input of the unit ALUS3.
Thus, the partial product for the second lowermost bit of the
low-pass noise signal 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 addedltogether by
the arithmetic unit ALU3 so as to provide a sum of the
partial products. The sum of the partial products output from
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/underflowl
controller 38,Idown—shifted by the shifter 39 by two bits and
output as data #3 at subsequent step S11 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 lowermost bif'
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



10 is caused to select the data #1. Further, first-group 5 pitch

frequency phase data PGpl of the current channel is read out fromthe
menory RAML and then sent as data #RAML to the selector 11 to be

sel ected thereby. Then, under the control of the controller 23, the

| og/ i near converter and shifter 16 converts the input data into a
negative val ue, although the 10 | og/Ligear converter and shifter 14
does not perform conversion or shifting so as to allow the input
data to pass t her et hr ough unpr ocessed. Thus, the

arithnetic Welaysd/bybitatak time fcomstespondging to tpra atildeksand ythemse
data P&l (fed to the B input of the 15 wunit ALUL) fromthe w ndow
functi on phatpit Aadaty (#3 from the shifyver 3t (fem HecLrpf Bign)ll).

obt'ai ned at step Sl4 by accurul ati ng the wi_ndow functign frequen%“),/v
nunber BW |f thebikewisg,pptagukiequant tstePsosSildiveld. eS19t pady$tiow

T
Prace 982, "G ol R D P GLR whe e e
tinme Corresgﬁ?di)%%i’né&u%r‘él Q%;:\lelﬂ'az(ge‘d of B it NS SHeT élﬁt%},ﬂﬁal

storage are ase data P the menory RAML throu t he
out put cont rgptddictd fér Ed even-nEiPred Sitd . cLTd et hee .17 hes
subtraction result is negative (i.e., the wi ndow function phase data

- PGML obt ai nefelayed By s@cestal aginty dheradpsionindging i 6o fdBstiencanduaas BW
' output as data #3 from the shifter 39 (item (c) of Fig. 11).
10 By the above-mentioned serial multiplicafioﬁs between
the allowable variation width data and low-pass noise signal
LPF, the allowable variation width data of the correlative
noise signal BWR is scaled with the randomly varying low-pass
noise signal LPF. However, since the operations up to step
15 817 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 (uitimateamultiplication result). The
20 above-mentioned operations of steps S6 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 Stored in a temporary storage area of the

memory RAM3 is set to be fed to the B input of the arithmetic

unit ALU3.



- 78- equal to or smaller than the pitch frequency phase data PGpl),
the pitch frequency phase data PGl is stored into the storage ar ea,
for. phase data PGM, of the nenory RAML. In practice, when storing
the pitch frequency phase data PGl into the 5 storage area, for phase
data PGpl, of the menory RAML at step S13, the phase data PGpl is

al so stored into the storage area -fgg phase data POGnM so that the
phase data PGpl will be retai ned as phase data PGvL in the nenory
RAML. An exanpl e of the w ndow function phase data PGwl stored
10 - in the menorjor@Mispesifigalle, outrputtheonerempde 20fi sFégownﬁ thein
item (e) of Fig. 17, where the w ndow function phase data

obt ai ned at CREXATION | Tegudkt @f | Htepl §d6t I"(ain-Q-h-e Ehﬁcﬁ'ﬂtal S‘F‘Fe&tfen‘éf’}e
phdse data P In such a case, .  the_wi nd functjon ghase dat

PG reache§%&ﬁﬁ%ﬁe?€?ﬁ?ﬁ§ﬂ ﬁ&?lﬁﬂﬁvaﬂﬂen“TgereghQ&§ﬁﬁ efpdi &9 T 5

f h d t dat a, PG
eadhes o Bl 0D ve TEiadtth trapetly "R K AT ot 24
Fi 5 f [ {;

T 1o MO, L Ao, A

varying 20 Va8 ani@eAﬂW@dO"‘MEHH‘EEhQn EB%&es%E%dPQf‘ﬂ é"‘ijsémﬂ?ﬁ’@r% her

sl ant and flat portions as shown in-(e) of Fig.
hand, if th%wﬁwamtwr@mpbﬁsehéahamry RAB@M(lqat ai 2 alowdLL e i S

equal to or smaller than the
value of the correlative noise signal BWR with the negative
sign calculated at step S1 and stored info 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
selector 31 (i.e.,  the lower-limit value of the correlative
noise 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 vialthe gate circuit 34 and delay
circuit 35 tb the B input of the arithmetic unit ALU3.
Consequently, the arithmetic unit ALUé adds together the
lower-limit value of the correlative noise signal BWR with the
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 addition result is delayed by
a total time corresponding 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 the selector 30. |

At next step S19, the total sum of the partial products

for the even-numbered bits is delayed by a total time



pitch frequency phase data PGl, the phase data PGM. will 25 present the
same variation as the pitch frequency phase data PGl shown in (a) of
Fig. 17. (16) Qperations of Digital signal processor DSP1 at Step
S18 _ - 79 - At step
S18, operations are performed to select, as second-group wi ndow
function phase data PGM2 to be actually gg _ wused, either the w ndow
function phase data PGM2 prepared at step S15 or pitch frequency
phase data PGp2. 5 _ The operations of step S18 are different from
those of  corrébpbnding Red haio tdBowk ngolséanandorthemsautout Poam the
obt ai ned at .step S15 is sent as data #1 to the selector 10 three
clock shiiftes a0t at sthep tdbEingp ofs stepS2Q| tethe vhREEES) ARYO; fhe
that pitch frequency phase data PG2 of the current channel 10 is read
out from t hzegistey REGB 4ses §temi(cds afatFimrAND 4 o the sel ector 11
So as to be selected thereby., .%éh S, as at st S1l7, the wi,ndow
flﬁnct i gn phase d&€a shown isitems fHbf é‘?bpoélglgndf?hea%i &l ftset(%%ency
phase data (%2 conpared wth each_.other uge e
_subt r acPi on5295 g‘? ﬂcta#%nlﬁf Fﬁg a9 t Rfet %8dun|$ ﬁ%l. 3 fg{'%%{gvmonfdovi\:/he
function . ; ¢RB3%S I3h3 tPRH0P LA A 2y #RAR3AGEH Bl HeORRIGA P R heS

B input of the arithmetic unit ALU3. More specifically, in

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 arithmetic unit ALU3. Meantime, the selector 31
selects the data #REG3 from the register REG3, so that the
total sum of the partial products 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 variation
width data of the correlative noise signal BWR with the low-
pass noise signal LPF" (total sum of the partial products for
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 tb the B input). In this manner,
the "values obtained by scaling the allowable variation width

data of the correlative noise signal BWR with the low-pass

noise signal LPF" are added to the "lower-limit value of the



greater in value than the pitch frequency phase data PGp2, the W ndow
function phase data PGM2 is stored into the storage area, for phase
data PGA2, of the nenory RAML at next step 20 S19 (see (e) of Fig. 9);

ot herwi se, the pitch frequency phase data PGp2 is stored into the
storage area, for phase data PGA2, of the nmenory RAML. - An
exanpl e of the wi ndow function phase datgpdGM2 stored I n the nmenory
RAM t hr ough the output controller 20 is showmn 25 initem(f) of Fig. 17,
where the w ndow function phase data PGA2 obt ained at step S15 is
greater in eerrelaliwet hoigiet ctignal BWR'equemchrevitde dangvwpcprrelativeych

a case, the w ndow function phase_data PGM2 reaches a %Rgdetern1ned
naxinun1va|ueise signal BWR. The "correlative noise signgd B outpyit. -4

of =the pitch frequency phase data, P&2. . d t
phase data BoRR FB&CEEEEPHﬁtb‘Fe%’EE%%dIS aft%ﬁ%!ﬂ% \9\%'1%30\& ﬁg‘nc Ig’ut

|1
Che. wi ndow FRRCITIFpNSLEC 185023, paR, S HAS Y, mmtP3Ple YoLey o EarSy
manner Lo ste tHe sWord
functioh cogrsﬁggndg%g t§GMé§£8r§1%%€2pN é%tng% é?aggﬁilonssas s%%&n

in | (flargg Fegr ddrrelative noidd stllb%aqt BRR H8nthe idurirehtVichdanel,

functi on phase data
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 S1 and S2 of the third digital signal proceésor DSP3
in the next cycle for the current channel and utilized for
- renewal. The correlative noise Signal BWR written in the
memory RAM3 is also read out at predetermined timing, passed

15 through the delay circuit 41, converted by the linear/log
converter 42 into logarithmic form, then sent via the delay
circuif 43 to the data bus bBUS 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 ﬁultiplier MULT(S6 to S17) by an arithmetic unit
ALU3(S18, S20) and sfored 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)



10 PGM2 obtained at step S15 is equal to or smaller than t he pitch

frequency phase data P&2, the phase data PGM2 wi | | present the sane

vati ation as the pitch frequency phase data

17.

In Fig. 10, the conbined functional blocks correspondi ng

to steps S17 and S18 are shown along the routes of a conpar at or
C1¢S17, S18) and selector SEL2(S17, S18)4 quere t he conparator C1(S17,

S18) corresponds to the subtraction

sel ector SEL2(S17, S18) corresponding to the function of
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P2 shown in (b) of Fig.
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be employed as the above-mentioned noise formant sound
synthesis method which controls the skirt portion and
bandwidth of noise formant independently of each other by use
of noise formant contrblling parameters NRES, NSKT, NBW, and
therefore reference may be made to the publicatioh, if
necessary, for further details of the method.

--Exemplary Operations of Digital signal processor DSP4

Related to Formant Sound Synthesis--

Exemplary operations at various microprogram steps
performed by the fourth digital signal processor DSP4 of Fig.
7 will be described with reference to Fig. 13. Similarly to
the example of Fig. 9 relating to the fifsf digital signal
processor DSPl, one cycle of the microprogram comprises 21
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. lIn Fig. 13, item (a) indicates data set to be fed to the
A input'of the arithmetic unit 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,



Because of the above-nentioned process, the repeated . cycles of the
w ndow function waveform prepared in a | ater- 5 descri bed manner on the
basis of the w ndow function phase data PGM and PGM2 will al ways be
synchroni zed with the sound pitch, and the time width of the w ndow
will be controlled by the paraneter BW(i.e., slope of the w ndow
funacti on phase data PGM and PGa2)3g2 Specifically, the preparation of
the 10 wi ndow function phase data may %e controlled by, for exanple,
a nmet hod proposed by the sanme assignee in Japanese Patent Lai d- open
Publ i cati onilem k&) 3irfdiadtes the contefitspefl@atad 120 be | wrhttensdnitiged
after description of the operation of the fourth digital signal
processor DBRé, rdagistemncBEGBesef sFdgs be @indecitemt dedheindicaes the
operations. In the conbined functional block diagram of Fi g 10
are skontenks pifit dpkal tervEdtteRgirtactre feister ‘?ﬁﬁﬁn% g /-
section 12, several circuit elenents denoteg rﬁfgnence aracters
Shgh blefk' 83

?nggzgng wfﬁﬁ“n#ﬁeﬂﬂ a jgombipgd funqEt Bgrangéégéﬁﬁﬁﬁing

[ are enpl oye f : ' |-t h
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generate el t 1 2 )l
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be used for conducti ng frequency change control proportional to cent

val ue. Howgder, SE¥ENs20 Presiicsind Iopiireiiprdangehenfifet digi el dignialg
section 12 is in very slight amount, the use of
processor DSPl). Similarly to Figs. 10 and 12, Fig. 14 does

10 not show the actual hardware circuit structure.

(1) Operations of Diéital 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 in itéms (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 arithmetic unit ALU4, while no data is
set to be fed to the B input of the unit ALUA4.

More épecifically, 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 dafa #RAMl; 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

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



-82- the adders as shown in Fig. 10 will result in reduced costs
rat her than bringi ng about substantial adverse effects. If t he
construction of the first digital signal processor DSP1 and

m croprogramare altered to supply the nodul ation data in 5 logarithmc
val ues so that they are added to the sum of the attack glide data AG
and the pitch frequency number FNUM _ jpodmultiplied fromthe '
~antilogarithmc viewpoint), frequency change control proportional to
cent value can of course be i npl enented by antilogarithmc

mul tiplicat sennd 1.e.-- bercpsasipnOseuadi)ondudf Wbegl nait in gugh gr 8e8esor
DSP3 Rel ated to Noi se Signal-- Iary operatlons at
vari ous stemheohhyﬂhMKﬁe@nd genemmﬂﬁﬂn5%oﬂﬂﬁpﬁyﬁt hss edatpe PCSned
by-the third digital gnal processor DSP3 of _Fj
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Fig. 8. i cates data set to be fed to the A
I nput Of th%e@.bbtt@@ts'lc.

Thus, the first-group center frequency phase data PGfl

Jn

with its phase disturbed or undisturbed in accordance with the
10 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

controller 56, delay circuit 61, log/sine table 62 and delay
15 circuit 63.

Consequently, the selector 64 selects the data fed to
the B input in response t¢ 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

20 is selectively output from the selector 64.

In accordance with fundamental waveform designating
parameter WFl, the waveform shifter 60 performs a phase
manipulatioh'process to shift the phase value of the center
frequency phase data PGfl or to set the phase value to "o"

25 for a specific portion. This process will completely chénge
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



unit ALU3 of Fig. 6, item(b) indicates data set to be fed to . the B
I nput of the arithnetic unit ALU3, item (c) indicates 25 the contents of

data #1 to be output fromthe shifter 39 of Fig. 6, item(d)

indi cates the contents of data to be witten into the register REG3
of Fig. 6, item(e) indicates the contents of data to witten into
the regi ster AREG of Fig. 6, - 104 - - 83-
(f) indicates the contents of data to be witten into the RAMB of

Fig. 6. Fig. 12 is a conbined functional block diagramillustrating
a manner . i nyabeEbrinhewhliichdidi geadl out fromitmllqy/tigss draESPd2oorhihévar e
structure as shown in Fig. 5 6 prepares noise signal, rather than_the
actual hardbasdés of the changest rphase «data as Wilfl?ecﬁéFﬁFiéﬁ§°€ﬁbsﬂgita

si gnal processor DSP3 at Step SO At step SO, qperations . ar
perfornmed, Mpreespecdficadly, if ihe phesec datpt TAMEIVAr1eSy 162 S4™Poft r ol
the spectral - 10  structure of a |ow pass noise.siqgnal for use.in
preparing alinear EgRPErat By &1MBrEe SIAGnYPVEL Y 1u§gdr§§dao duPS¥eSs™ -
LI O g ene e R RN e AR, B SS R
R e

log/sine table 62 receives the phase data processed by the

- waveform shifter 60 and reads out sine waveform amplitude

value data in a logarithmic value corresponding to the value

10 of the received phése data. Thus, there is outpuf periodic

functional waveform data in a logarithmic value 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 then, after being
delayed through thé 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 combined functional block diagram of Fig. 14, the
operations of step SO cofrespond to'the route beginning at a
noise imparted 52(S0, S10), where the noise imparted 52(s0,
S10) corresponds to the noise geﬁerator 52 of Fig. 7, an
arithmetic unit ALU4(S0, S10) corresponds to the arithmetic'

25 unit ALU4 of Fig. 7, and a‘shifter and log/linear converter
60&62(80, 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 DSP1l is



operation process using a correlative noise signal based on t he

| ow- pass noi se signal. ' Itens (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 desi gnating noi se formant sharpness is set to be fed to the A

i nput of the arithnmetic unit ALU3, and_ajpgwpass noise signal LPF is
set to be fed to the B input of the arithnetic unit ALU3. 25

More specifically, in the exanple of Fig. 6, the sel ector 30
sel:ect s t he centrdbbad, ohypihenwcdseNFERax#edh52(S0, B30)herkof dibwg altHhe
delay circuit 33 to the A input of the arithnmetic unit ALU3. A

| ow- pass noiRhase Wtq_rheq errundisturbed in accordance with rhythm sound

- 84- out froma storage area, of_the current channel, of

memory RAMB SRRPEEMOR WAL PRARESLET REY s MaRist tHFopghpEhe aﬁ%@%ﬁ ed
Lher oDy, oot S A s i 7 AERNBEY bpYReSeHBonsgeg iseeiel iy £ed "
s b5 O CHEBALFCBL 0 101 HBRSSENArLAE SRR Cig b
\f/‘\ﬁrega: ltyi gn%ﬂédshiftert %ard | QMg MAWeadat BohPePiss dHAIEY (YR UIB105%CERle
above-mentioned process based on the parameter WF1l 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 aftér 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
S2, first—group 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 RAM1 at predetermined timing. The read-out phase data
25 PGwl 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

DSP4 of Fig. 7 to be fed to the rhyfhm sound generator 52.



controlled to open or close at the tinme of a serial 10 nultiplication

which wll be described |ater. Consequently, the arithnmetic unit
ALU3 adds the data based on paranmeter NRES to the | ow pass noi se
signal LPF. As wi |l be described, the | ow pass noise signal LPF is a
si gnal obt ai ned by applying a | owpass process to a white noise 15
signal. The addition of the data based 1qyg paraneter NRES to such a

| ow- pass noi se signal LPF neans that a D.C. conponent correspondi ng
to the paraneter NRES is added to the | ow pass noi se signal LPF, and

hence the | aw spisteade) eihel rhydhonsound geémexntiewiany afif paremetar BRYY)
of the signal LPF is enhanced, 20 so that the sharpness in _fornmant
envel ope of indiestesaiOFF", sosythatesthewiriee ferGhiensHaANGEeER pbase

the " gatncERYA igcPeraRiol iibe SRLBREETG0sHLLNGL PERRD henged
over 1 ow unBT HPeWEBIRPIY FPURS, SFREERESE 2d. s TPF: BPLEGTor 30, 1e] tayath
oo, o ob ARER SEPRE 1 e Pra "L 8", “WEpdby syngricuasdar phBke | I
(e) of Fig'd%%%‘?ﬁ@&.this - 85 -
step SO, the overtl oW underflow controller (OF/ UF) 38
Thus, the first-group window function waveform phase
data PGwl is sent via the delay circuit 53 to the arithmetic
unit ALU4 to pass therethrough unprocessed, and then fed to
10 the B input of the selector 64 by-way of the delay circuit
55, overflow/underflow controller 56, waveform shifter 60,
delay circuit 61, iog/éine table 62 and delay circuit 63.
Consequently, the selector 64 selects the data fed to
the B input in response to the above-mentioned operation at
15 step S2. Thus, the phase .data PGwl processed at step SO in
the above-mentioned manner is selectively output from the
selector 64 by way of the delay circuit 55, overflow/underflow
controller 56, delay circuit 61, log/sine table 62 énd 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 order 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 value
corresponding to the down-shifted phase value of the window

function waveform phase déta PGwl. In this manner, the first-

group window function waveform is provided in a logarithmic



functions as a limter and the shifter 39 does not perform shifting

so as to allow the input data to pass therethrough unpr ocessed. 5
The. above-nmentioned operations are summarized with reference to
t he combi ned functional block diagramof Fig. 12. In Fig. 12, the
operations of step SO correspond to the route al ong whi ch coefficient

dat'a read out froma coefficient table_ 107 -TBL(SO in accordance with the
paranmeter NRES is added, by an 10 arithnmetic unit ALU3(SO), to the

| ow- pass noi se si.gnal LPF output froman arithmetic unit ALU3(S5).
The operati cralwsul t of the arithnetic unit ALU3(SO is fed to a
limter 38(SO to undergo a predetermned limt process which

corresponds to tHéeantime) fprmant movndg §R1§F eharagteristicfirsignpting
controller 38 of 15 Fig, 6. qgeratlons of E]égtaj Si qﬁ%
processor DSF%"%{'Ee"@reps@l is "‘P‘Shlft% I%Xéi’f‘ Piypeta e ookl d,
by means of th |th |c un t ALU3 F t o obt
Cover 1t Jfhen £ed o %OJI%H)%P?%&%‘@%E%%% at?¥e
noi se nal__2 I tr t
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As show in B% para NBW
desi gnating ﬁﬂﬁ&vﬁefﬁﬂa‘égbﬁt Redvie t 038§ fs%e(pcwl )t-o 6']; | 34in oéh he

arithnmetic unit ALU3, and a correlative Nnol se Si gna VWR is set to be

fed to the Bdigiéorisd B8 réa toand Elifter'8nd Pb§P1inear convert®ress,
specifically, in the exanple of Fig. 6, the sel ector 30 selects the

data based aiheéans dretier upBdhidtedhbys2 X SKTt bemsl £ acotdendel wythitiseli t
33 to the A input of the
skirt characteristic designating parameter SKT up-shifted by
10 one bit (i.e., 2 X SKT). Namely, "(2 X SKT) * log sine
(PGwl)" is executed, which signifies that the logarithmic
value 1is converted info a waveform of sine(PGwl) in
antilogérithmic 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. Thellogarithmic data of the thus-
ocbtained window function half-waveform of sine wave is, after
being delayed through the delay éircuits 53, 55, 61, 63 by a
total delay time corresponding to four clock pulses, written
20 into the register REG4 at the timing of subsequent step S6
which will be described in detail later (see item (d) of Fig.
13). At this step Sz;-the shifter and log/linear converter
65 functions 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 foute beginning at an

~arithmetic unit ALU4(S2, S12), where the arithmetic unit

ALU4(S2, S12) corresponds to the-arithmetic unit ALU4 of Fig.



- 86 - arithnetic unit ALU3. A correlative noise signal BAWRis read
out froma storage area, of the current channel, of the menory RAM3
and sent as data #RAM3 to the selector 31 to be sel ected thereby. At.
this time, data to add positive sign 5 "-" is given to the gate circuit
34, so that the correlative noi se signal with the negative sign added
thereto i s passed via the delay cioreggt-35 to the B i nput of the
arithnetic uni t ALU3. Consequently, the arithnetic unit
ALU3 subtracts, from 10 the data based on parameter NBW the correlative
noi-se signal?7, a BeRifbeni néndat lireapflead agnevgrter THO&62(S&.e iS12)
obt ai ned a difference between the correl ative noise signal BWR
obtained  corpesnands & dheyweyereranghifEenopQecandntng (et ctaliatbhy
val'ue NBW to rovige lower-Limt, value of the allowabl e 1?‘_ variation
range of thé&%briel 'fs'@rno Egsé'fgﬁ’allz BVROX TFP? to the ghifées AP
added t heretQ, t hough the lLowerslimit. valje of th | | owabl
vari ation re:llr? 1S Ig&??lvtelr\yeers:’s nognﬁja%t jja'l The ce?%r%Fefrre% ¥\ %%ﬁ,pqﬁlsl%
step Sld's A apg¢P LEBRPLAA! et @bt&lé‘ first BP§16017 §1GASE P& lve
sign and then convert |§ nto a - ? posl%lve S|§ﬁ. 1G4 ﬂ%r1%%%§?
vay, step Shifrf 9sMpARUAT tAPSUGR UMl Ar@thmetic unit ALU4(S2, S12)
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 value of a

10 sin wave, and up-shifted by predetermined bit via the shifter
65(82, S12) in accordance with the parameter SKT.

(3) Operations of Digital signal processor DSP4 at Step S5

Step S5 performs operations for controlling the tone
volume level of frequency function waveform data corresponding

15 to the first-group formant frequency.

As shown in items (a) and (b) of Fig. 13, at this step,
tone volume level data LVLl1 is set to belfed 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.

20 _ More specifically, tone volume level data LVL1 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, this tone volume
level data LVL1 has been imparted an envelope waveform. The

25 tone volume level data LVL1 is sent to tbe 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

selector 50. At step S5, the selector 51 is caused to select



lower-linmt value of the allowable variation range of the correl ative

noi se signal. The operation result is del ayed t hrough t he del ay
circuits 33, 35, 37, overflow underf low 25 controller 38 and shifter
39 by a total delay tinme corresponding to two cl ock pul ses and
then witten into the regi ster REG3 at subsequent step S3 which wll
be 1 ater described. The operatiQuipgsult delayed through the del ay
- 87 - circuits 33, 35, 37, overflow underflow controller 38 and
shifter 39 is also further delayed through the delay circuit 40 by a

ti e correspdralidatd GERAM2 c| Dok. puteme avdluhenlevel dabtapbVhlily stored

I nto the storage area TnpM of the current 5 channel , of the nenor

RAMB at subsequerifeantipme \thieckﬂ-%altitMiC valueatdata defcitheeperigdic
thi’s step S1 as well, overfl ow underflow controller (OF/ UF)
38 functi orfungisiop Wa"efPFi‘h pbtained; [t sptepefO3Pryoele nBPSbﬁr ot nthe
shifting so | ow t he |n ut data to_pass

unprocessed.f'iilﬁﬁfz'gr°up ??P?%@ BﬁgF BGYf R E??o tabP%% thro ?ﬁ ntp
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S5. The selector 51 is caused to select this data #REG4.

Thus, the arithmetic unit ALU4 adds together the

.1ogarithmic value of the periodic function waveform of the

10 formant center frequency and the tone volume level data LVL1.
From the antilogarithmic wviewpoint, this is equivalent to
.multiplying the periodic function waveform by the tone volume
level data LVL1 to thereby'impart a tone 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 corfesponding to two clock pulses, passed
through the overflow/undérflow 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 value of a periodic funcfion waveform from the
shifter and linear/log converter 60&62(S0, S10) and tone

25 volume level data LVL1l in logafithmic 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



15 in the preceding cycle and having the sign inverted by I nverter

INV1(SlI). The operation result of the.arithnetic unit ALU3(SI) is
fed.to a limter 38(Sl) to undergo a predetermined limt process.
The inverter |NV1(S1) corresponds to the function of adding the
negative sign by use 20 of the sign adding data. A nenory RAM3(S20)
functioning as a shift register (ShRp on the input side of the

i nverter | NV1(S1) corresponds to the function of supplying the
precedi ng-cycl e correl ative noise signal BWR as data #RAM fromthe
nmenory RAMB. 25 Step §B)pafiforms opersitiping for suitiplpingetherrestadie
Step S2 At step S2, operations are perfornmed, by neans of_the

arithmetic ufimCiiam wavererm chavingLthe centiphled tone Valyee envelgpethe
o vl e VAL, 2 RIS 8 BugEoshans! entsz® Gl hay g, che window
fosi anat i ng SUHOTR NEYR AT PETESPOPERg FRAthe B oqt, 4% EoRe h SRt he
T T b b ha SPEEELILANE. coERL=SoRhidhyBiBrs <21 [0 08,
lge operations  ag gRbwilER PledbC(4)TaRECH) I6LHLiHOSER OfalERi Slstdp hat
data #4 is set to be fed to tpe-A input of the arithmetic
unit ALU4, while data #REG4 is set to be fed to the B input
of the unit ALU4.

10 More specifically, the logarithmic wvalue 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 stepIS7,
two clock pulses after step S5, and the selector 50 is caused

15 to select this data #4.

Meantime, the logarithmic 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 waveform. From the antilogarithmic viewpoint,

25 this is equivalent to multiplying the periodic function
waveform corresponding to the formant center frequency
function by the pitch—cqrresponding window function waveform

to thereby perform an amplitude modulation operatidn for



operation is perforned for adding a positive sign " + " to the out put
data of the selector 31. Consequently, the arithnmetic 10 wunit ALU3 adds

t hee data based on paranmeter NBWto the correl ative noi se signal BWR
obtai ned at the preceding cycle, to thereby provide an upper-limt
val ue of the allowable vari ation range of correl ative noi se signal
BWR with the positive sign added-theneto. 15 ' In the conbi ned
functional block diagramof Fig. 12, the operations of step S2
correspond to the route al ong which coefficient data read out from

t he coeffi cisynthesizinpy SAirst-groyp fexmanbtcavefermtatgpataneter NRWi s

added, by an arithmetic unit ALU3(S2), to the preceding—cycle
correlative 20 Corpequenthy bBHR seirgetoze b4 isplecty| Fher dphe £94 HRtic

uni’t ALU3(S2) ,is fed to a limter 38(S2) to undergo pr edet.er m ned
liniting prdd¥ss?” input in E&ﬁP@ﬁéﬁaﬁFbﬁgébﬁﬁf¥€ﬁ1%§nﬁﬁﬁﬂ§§ PFRSH ?EFB
3SR, ten . A o TR RS AR (e o]
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- 89 - circuit 55, overflow/underflowrcontroller 56 and delay circuit
57, to the_log/linear converter 58 where it is converted into
an antilogarithmic wvalue. "The resultant converted
antilogarithmic value is outpﬁt from the selector 64 by way
10 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 converter 65 without being processed thereby, and
15 sent to the memory RAM4 by way of the delay circuit 67.
Consequently, 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-gfoup formant sound waveform data TRl of the
current channel, of the memory RAM4 at the <timing of
subsequent step S12 which will be describgd later in detail
(see item (e) of Fig. 13). |
25 An example of the first-group periodic function waveform
based on the firsf—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



signal WNis set to be fed to the A input of the arithnetic uni t

ALU3, and a | ow pass noi se signal LPF is set to be fed to the B input
of ¢he arithnetic unit ALU3. More specifically, in the exanple
of Fig. 6, the 5 selector 30 selects a white noise signal WN output from
t he white noi se generator 32, which is then fed via the del ay

circuit 33 to the Ainput of the arithneghpg unit ALU3. A | ow pass

noi se signal LPF is read out froma storage area, for | ow pass noi se

signal LPF of the current channel, of the 10 nenory RAM3 and sent as data
#RAMB t 0 t hevigelase tiuncdliamn wayveform pheisecdedat Réwabys shovhaintitem ala
to add negative sign "-" is given to the gate circuit 34, so that the
| ow- pass  Oof Fi@selSi-gnaltemr (gt 105 HBlGiegdBi whowsymmdesampher &fo the
passed via the delay circuit 35 to the B input of the 15 arithnetjc, unit

ALUS. LirstogrQuR cHeFyant ngoundt Wﬁr‘!?ifgrﬂn gengrated by M tinlwing
the whit i | VWN, t | i i | F .obt ai t th

e o ne cviise VanafSmdy - e PRt f 3R ATl hermant 79U Lo
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two clock pﬁteﬁspi’{!ght IYr‘ft':]fﬁq(;ne/nclpuﬁ erdYatdat aj &3  3he Séépio<§5of tHd

step S3, _ ove w under fl ow controller 38 functions as a limter
and t hee i ifFoud ASFMOMEBsHMA- wavEEbPE 98 thecBasks gileat?tas the
paramet er NSKT designating a flaring shape of the skirt portion of a

noi se spect mogmalhpepaiciet dn FhkTwindbRspandtion wave@farmsvepastens (c)
coefficient, and the down-shifting corresponds
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 arithmetic unif

15 ALU4(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 RaAaM4 of. Fig. 7. Gate G1

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 wvalue of the
periodic function waveform supplied from. the arithmetic unit
ALU4(S5, S815) 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/lineaf converter 58(S7, S17) to be converted into

an antilogarithmic wvalue and then stored in a register



to coefficient nultiplication process.

- 90 - In the conbined functional block diagramof Fig. 12, the
operations of step S3 correspond to the route al ong which . white noise
signal WN fromwhite a noise generator 32(S3) is added, by an
arithnmetic unit ALU3(S3), to the | ow pass noise 5 signal LPF obtained in
t he preceding cycle and having the sigms 113 - inverted by an inverter

I NV2(S3). The operation result of an arithmetic unit ALU3(S5) is

subj ected to a predeterm ned limting process in alimter 38(S3).
RAMB( S5) f uRAMY By as a shift register (SR on the input side of
an inverter 10 | N\V1(S3) corresponds _to, the function _of supplying
t he ~ precedf hgQRSERELPRA, Bﬁs?p%fﬂ-i‘?el Fnal [ PRocesSSer o PERAVE & r%%?P
t he nenory %AMS (5) Operations of Digital signal processor DSP3
at Step 4 At step S4, operations are perfornmed, by neans of the

15 arithnetic it of . Fi , obt al a

~variation range #urgllg%#&l a?‘lgvgs%e seé(g’l gné(';Taé‘Pn %e#%ﬁs %%rn’lfro?ft he
noi se fgyrma Lt hen S N TN n L.
17, “dat & 3 RORRHEAS Neor | proparind s WRIORLE! SRGlr akaFolh 1Y

ALU3, and Zeatdild dddSaigro®d £Srment efohnd tivgvEebpnrut of the

arithnetic
The operations of step 10 are different from the

operations of step SO in that second—group'center frequency
phase dafa PGfZ of the current channel is read out from the
10 memory RAM1 of the first digital signal processor DSP1l of Fig.
5 and theﬁ sent via the rhythm sound generator 52 to the
selector 50 to be selected thereby.
~Like the first-group center frequency phase data PGfl,
the second-group center frequency phase data Pszzis processed. .
15 and delayed through the delay circuit 53, arithmetic unit
ALU4, delay circuit 55, overflow/underflow controller 56,
delay circuit 61, log/sine table 62, delay circuit 63,
selector 64 and shifter and log/linear converter 65 by a total
delay tome corresponding to four clock_pulses.' However, at
20 this step, the waveform shifter 60 performs 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 subseqﬁent
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)



uni t ALUS. More specifically, in the exanple of Fig. 6, the
operation result data of step S2 (the upper-limt value of the
al l owabl e variation range of correlative noise signal BWR) is 25 fed as

data #3 to the selector 30 to be selected thereby, and t he sel ected
data is then fed via the delay circuit 33 to the A input of the °
arithmetic unit ALU3. Meantine, -the operghigoD result data of step Sl
(the lower-limt value of the allowable

- 91 - vari ation range of correlative noise signal BAR with the
negative sign aekdopbeabionsi off figitalhesigaltprogessorb®SP4 at Mtept ed
thereby, and the selected data is then fed via the delay circuit 35
to the Blluﬁkzof the arithmetic unit ALUS. 5 Consequently, the
arithmetic unit ALU3 subtracts the lower-limt value of the allowable
vari ati on range f$ymlagly to SEﬁBeszhlﬁF?Pv§¥%aﬂﬂrﬁ9§¥ﬁwﬂﬂﬁ¥a ng for
provi de the allowabl e vari n range bet he u

| ower-1imit ng a window 'Pﬁi qﬂ;{yw%‘f ré'll ‘érf’ﬁe%%eo;%r%?cf%% to

obtain the 1 bIe a ge of correlative noise signal BWR
The operg;tl Iooué)sﬁ%l‘lf deﬁa@%% vﬁ%r%ﬁ% the delay circuits 33, 35, 37

by a total dela di C K | t od
bz the shifter %Q{I%y 8§§£%|%t§8§%db%rg tté’tv&gh aPSiaiererelt! $2om WHUES b

step S2 in that second-group window function waveform phase
data PGw2 of the current channel is read out from the memory
RAM1 of the first digital signal procéssor DSP1 of Fig. 5 and

10 then sent via the rhythm sound generator 52 to the selector
50 to be selected thereby.

Like the first-group window function waveform phase data

PGwl, the secondQQroup window function waveform phése data
_ PGw2 is processed and deiayed through the delay circuit 53,
15 arithmetic unit ALU4, delay circuit 55, overflow/underflow
controller 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
describedilater in detail (see item (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(S2, S12).

25 _(7) Operations of Digital signal processor DSP4 at Step
S13
Step S13 performs operations for preparing a periodic

function waveform corresponding to an unvoiced formant sound



into the register REG at subsequent step S6 which will be 15 - |ater
described in detail (see item (d) of Fig. 9). - In the conbined

functi onal

bl ock diagramof Fig. 12, the operations of step $4

correspond to an arithnetic unit ALU3($4) . (6) Operations

Di gital signal processor DSP3 .at Step S5 20 _ As shown in itens (a)

and (b) of Fig. 11, at step S5, dafpg "3 is set to be fed to the A

i nput of the arithnmetic

set to be fed to the B input of the arithnetic unit ALUS.

More speci f beakby, firaquencgxanple of Fig. 6, the 25 selector 30 is

supplied with the operation result data of step S3 (i.e., value

obt ai ned by subt mactshoayrt ho pregesli () cgnd e(b) of Figephds sitgithi-sLPESPr om

t he i nput white noise signal WN and subjecting the subtraction result

to the coef Bil8i, erentexn fineguency phase data PGu of an unvoiced formant
process based on the paranet

The thus seFOUNSdig.egt o be Fed Fﬁbibgwgsl%PﬁgﬂP%egggt%rﬁﬁk%eggkﬁyﬂiﬁhput

of the arithnetic .t ALU3 aptinme, |owpa ' .Slhgnal (LPE S

read ouf fr@ﬁ\uﬁ"st""gﬁz}fe ng e%a,%oﬁfpﬁgg O g% st#g%oaﬁlé e L}E’Fné*)gjtehéfcﬁréent

channel , of th% ﬁﬁﬁﬂ£y RAMB and sent as data #RAMB to the sel ector
t hereb

to be sel ect’®d

10

15

20

25

Y,
More specifically, center frequency phase data PGu of

the current channel is read out from the memory RAM1l of the
first digital signal processor DSPl at predetermined timing

and is sent, as data #RAM1 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
phasé data PGu.

Thﬁs, the center freqﬁency phase data PGu of the
unvoiced formant sound is sent via the delay.circuit 53 to
the arithmetic unit ALU4 to pasé therethrough unprocessed, and
thep fed to the B 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 to
the B input in response to the above-mentioned operation at
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

unit ALU3, "and | ow pass noi se signal LPF is

of

92

31



and the selected data is inparted the positive sign and then passed.

via the delay circuit 35 to the B input of the arithnmetic unit ALUS.
10, Consequently, the arithnmetic unit ALU3 adds the
coefficient-operated data to the | ow pass noise signal LPF obt ai ned
in the preceding cycle. The addition result of the arithnmetic unit
ALU3 is del ayed through the delay circudiliss 33, 35, 37,

overfl ow underflow controller 38 and shifter 39 by a 15 total delay tine
corresponding to two clock pul ses, further del ayed through the _delay -
citcuit 40 bplected dwctheusetectar 64, S%ﬂﬂ‘%ﬁe?h%tb?ﬁﬁr?ﬁ{‘glf’hé(% age

area, for signal LPF of the . current channel, of the nmenor at

s utr)rts)_equgnt 251?59 o a perigdde Wfypchlon jwavedoerny, i%feﬁl?ﬁ)qcﬂp'ﬁv\gé% t he
combi ne 0 operations of steps.S So. the. whit ' Si . S
isubj ect ed]c t F’e&tﬁg\/\;ﬁﬁggeflpyt Bﬁaﬁgeﬁﬁg?gﬁg’brb% 04 GuF %re%% the 1?%? Gt ant

| ow-pass filter outpyt, 1.e .. |ow pass noise signal LPF is stored
into the ne eR§E3$qJ?% |%Fbase, t he nenory RAMB functions to

feloti e L% PSRt ghilo RN 966 dmieptatihy hiFsercbror 64
the conbi nedf ynetdopaknbbagh dre0ram ptef 8ndlldod/Kinear céRfeRteon$50f
step S5 correspond to the function of the
- 93 - 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 step S17 which will
10 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

15 the lval_ue of the phase data PGu supplied from the first
digital signal processor DSPl.

If formant following control flag URVF contained in
parameters supplied from the microcomputer section COM of Fig.
1 is at "1", there is designated a ﬁlode where formant

20 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

25 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



arithmetic unit ALU3(S5) and shift register RAMB(SH). ' (7)
Qperations of Digital signal processor DSP3 at Steps S6 to S17

At steps S6 to S17, operations are perforned for scaling 5 the allowable
variation width data of correlative noise signal BWR obt ai ned at step
S4 by use of the | ow pass noi se signal LPF (assuned to be 12-bit data
inthe foll owi ng description) stareqyin the regi ster AREG at step S2,
by serially multiplying the allowable variation width data by the

| ow- pass 10 noise signal LPF. The | ow pass noi se signal LPF
processed atpenfgymgpoperations forprrpanbng iopedindicgefungtionmvefommt he
regi ster AREG at step S2 and converted into serial formby the

par al | el / serfHresRARGing g paveieed| ﬁ?rﬂéﬂﬁutsoé%‘ | mefter [requancey|

| oW pass noi se signal SLPE, .fromits Iomer '

 Chi
12- cl ock- puI’s‘b PTPRTRnith, the End n%"ﬁquéncy phasewéfiltlgp ,P%aftl fep
S6, h f Fi 11, data i t tob
fed ?3 tshgwg)(ﬁ%) P?‘”&'ﬁ%“ér??%‘to | g uni t ALUS,nOanS ESalrtsi ZF prgdugt
data #R SLPF, . [ h

bre speoitical\y ORCTRELSs, OF, nygthdll fiingl ' BRtCeSior BBl arefir.

More specifi cal e exanp
supplled\Mtglghe operation result data of step S4 (i.e., data
i ndicative of the allowable variation w dth of the correlative noise

signal DWR, whi cfsmiiabﬁyhedsesﬁaiat 85, d%ephsiseiRAiRAms) ciferatildmy\afhe

variation data"), and t sel eGtor 31 selects this data. The

‘sel ect ed datcorterglihary the tone volume level of frequency function
waveform data. corresponding to the second-group formant

10 frequency. |

As shown in items (a) and (b) of Fig. 13, at this step
S15, tone wvolume level data LVL2 is set to bé_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 ALUA4.

15 ~ More .spécifically, 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, this tone volume
level data LVLZ2 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 is input to the fourth digital signal
processor DSP4 of Fig. 7 to be fed as data #RAM2 to the
selector 50. At step.815, the selector 50 is caused to
select the data #RAM2, i.e., tone vbluﬁe 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 frequency phase data PGf2 is stored into

_thé register REG4 at step S14, four clock pulses after step



the positive sign and then transferred to the gate circuit 34. To the
control input of the gate circuit 34 is given a

- 94 - signal, indicative of the first bit of serial |ow pass noise
signal SLPF fromthe parallel/serial converter 37. The gate circuit
34 outputs "O's when the first bit of serial |owpass noi se si gnal
SLPF is "O' but outputs the value of #REg3gwhen 5 the first bit of serial
| ow pass noi se signal SLPF is "1", so that a multiplication is
performed for obtaining a partial product between the above-nentioned
al l.onabl e v&iGitansh optput as dagat #REFE £mem dher reglistier REGhat FEeRiss
noi se signal SLPF. The nultiplication result is sent via the del ay
circuit 35 t99-10 ThecSELeGERE Bt 1HccavsefntPi sedprt hpig data #REGL. Te

ari‘thmetic unit ALU3 functions o adds the part] roduct.s obtai ned
by the serial rrull{'Ll?‘b‘?‘i caﬁ%n.aﬂgl?’ﬁ%t*‘i’rs‘fnft Aﬁh\o %‘%‘ﬁ)g @J%ﬂie’:’%?,ak%
data is fed to.t I nput . 0 e ' i | t

partial pr od]' it a%%l’ﬁh#é;gv%%%é EJE'E 1:Ig‘el rﬁ)%ﬁ%(#{%rﬁ’%emg?ﬁ%l&m@%gglﬁ%ﬁ" E’L%E}P%
allowed g 0 RstSond - e c I Syl a t i al
pr oduct d |snddeq%°ye6c} ?ﬁ%@ég#g%e geﬁoagfé r%ﬁlfs%?gsan 3#6&? gﬁ?icq)?g
delay tinme CUvesRRIE THIN t ¥ooml BAK AHL$ESgarithmic vieWpSiftOreniatistep

S6, the partial product is output

equivalent to multiplying the periodic function waveform by
the tone volume level data LVL2 to théreby impart a tone
volume envelope to the waveform.

10 The operation result of the arithmetic unit ALU4 is,
aftér 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
déta #4 at the timing of subsequent step S17 which will be

15 described.later (see item (c) of Fig. 13).

In the combined functional block diagram of Fig. 14, the
operations of step S15 correspond to the route passing thfough
the arithmetic unit ALU4(S5, S15), similarly to step S5.

(9) Operations of Digital signal processor DSP4 at Step
20 S16 | |

Step S16 performs operations for cdntrolling the tone
volume level of correlative noise signal BWR.

As shown in items (a) and (b) of Fig. 13, at this step
sle, toné volume level data for noise LVLu is set to be fed

25 to thé'A input of the arithmetic unit ALU4, while correlative
noise signal BWR is set to be fed to the B input of the unit
ALUA.

More specifically, tone volume level data LVLu in



20 fromthe arithmetic unit ALU3 wi t hout bei ng unprocessed t her eby,
and then it is, after being delayed through the del ay circuits 35, 37
by a total delay tinme corresponding to two cl ock pul ses, passed

t hrough the overf | ow underf |ow controller 38, down-shifted by the
shifter 39 by two bits and output as 25 data #3 at subsequent step S8
which will be | ater described indgegail (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 i nput of the arithnmetic unit ALU3. The reason why the

- 95- Jngarithpiodierm cof pthe fowrrente channell Uss i zeathveut ffomr dths
the shifter 39 by two bits is to adjust _the data weighing to mat ch
because the RREQrY:RAMZ jpfedheo serond| ¢ightal ﬁagf‘iigl processproffR2 (3te. |
data at the B input of the unit ALU3) two bits 5 upper hgn t he _dat a, #3.
At next stePrsdetermined, timingn | e dvolyme hge"e agka SVAY cif t

234, b h b - ' d I ar i Lon, wi dth REG3
o4, belueen b 90N TAULOUGH BBl ey, or VLR LETH oL S
Th | td pli ' ' | b t] '

e o BLASLLAN S5 JDomal SpUBhEXSE HoR LIS PG SR 0 %de L0

| ?gfsgguent dfth #RAM2SLOMEKED WbhbokEr! HPT eREsEsEDPEd At dEbg! S165E€chd €M
selector 50 is caused to select the data #RaAM2, 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 selector 51 thereof. At step S16,
the seledtor 51 is caused to select the data #RAM3L, i.e.,
correlatiﬁe noise signal BWR of the current channel.

Thus, the correlafive.noise signal BWR in logarithmic

20 form is added to the tone volume level data LVLu by the
arithmetic unit ALU4. From the antilogarithmic wviewpoint,
this addition is equivalent to multiplying the correlative
noise signal BWR by the tone volume level data LVLu to
theréby impart a tone volume envelope to the signal BUWR.

25 - The operation result of 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 subseguent



Fig. 11). At next step S8, a nmultiplication is performed, in the
15 gate <circuit 34, between the above-nentioned allowable

vari ation width data #REG3 and the third | owernost bit data of the

| ow- pass noi se 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
sel’'ected by the selector 30 and fed to_theg 20 A input of the unit ALUS.
Thus, the partial product for the | owermost bit of the | ow pass noise
signal SLPF (data at the . A input) and the partial product for the

t hi.rd | ower ratsap 1§48 which gfikhde dleseriberdiater (rge diam (Gl HitFide B
input) are added together by the arithnmetic unit ALU3 so as to
provide 2513k sumof the partial products. The sum of the parti al
prdducts output fromthe arithnetic unit AL

through the del ay'RiTR&qainesfunptignal Elesk dggtgggﬂgglﬁgg’ég reld, hd e
SO SSPONC N B S PSR 2 B - shprEaIPSP e
o LT o S5 04! Bngs Sihe £ CBUCRRSUAT it S0
5 At fYSdesdGP 59p3 2aid! the! Leak! 981LRePeElR1Mdtal TVIRE from the
| second digital 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 operatiohs 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 H#REG4 is set to be fed to the B input
20 of the unit ALU4. |
Mofe specifically, the logarithmic value data of the
periecdic function waveform having the controlled tone volume
envelope corresponding to the formant center frequency which
has been processed at step 15 is output as data #4 af step
25 S17, two clock pulses after.step 815, 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 waveform phase data



gate circuit 34, between the above-nentioned all owabl e vari ation
w dth data #REG3 and the fourth | owernost bit data of the | ow pass

noise signal SLPF. At this step S9, the data #3 corresponding to the

partial product for the second 10 | owernost bit of the | ow pass noise

signal SLPF is selected - by the selector 30 and fed to the A input of.
the unit ALUS. Thus, the partial _ppgduct for the second |owernost bit

of the | ow pass noi se signal SLPF (data at the A input) and the
partial product for the fourth |owernost bit of the |owpass 15 noise

signal SLPF RGw# dsastaredatngiep 616, afaun cbgekheulsgs aftex tepiShiwetic

unit ALU3 so as to provide a sumof the Eartlal éroducts The sum of
the partial 8bdehe ss%lcﬁ‘bmrﬁ%n‘?elec‘:?hﬁhhﬁ kRt FREGA:t ALU3 is, after
bei'ng del ayed t hr h th IFCUI S 33 t al ay
time correspondin @‘ ﬁi‘% t%l %d EE%Z% %‘ s

] g, 0, e B SrBra v&fﬁ%fﬁ’% gy
sﬁf)gcraquent gﬁ?g{ “g%gn%?'gm ‘[ﬁgé %m é@ %gi‘él)o%ﬂ:’,'l %f%t ct&s r%loﬁﬂd&n@t

odd- number ectpid S 1&r agat;abeateﬂer ngst rd@nttiplymgar eheegperibaity AEENad,

and the sumof the p I al products obt ained are cal cul at ed.
total sum ofysfrgfomdr idddresponditigpduss S 1fl'£é tftsrnm'feb ngditesl bitequency

calculated at step 16 is
function by the pitch-corresponding window function waveform
to thereby perform an amplitude modulation operation .for
10 synthesizing a second-group formant waveform signal.
Consequently, the selector 64 selects the data fed to
the @ input in response to the above-mentioned operation at
step S17. Thus, the amplitude modulation result (logarithmic
value) of the arithmetic uni-l: 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 aﬁtilogarithmic 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 result 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 info the register
25 REG4 at the timing of step SO of the next channel (see item
(d) of Fig. 13).
An example of the second-group periodic function

waveform based on the second-group formant center frequency

A



- 97 - del ayed by a total tine corresponding to two clocks .and then
output as data #3 fromthe shifter 39 (item(c) of Fig. 11).

Li kewi se, at subsequent steps Sl1lI, S13, S15 and S17, partial products
for even-nunbered bits fromthe | owernost bit 5 are sequentially
obt ai ned, and sum of the partial products so far obtained are

cal cul at ed. A total sumof such partiah22 - products for the

even- nunbered bits calculated at step 17 is del ayed by a total tine
corresponding to two clocks and then out put as data #3 fromthe
shifter 39 (phase (dptef HGHEZ 1g) showh in itemy (e afoWigrweniBonamdsean al
mul tiplications between the all owabl e variation wi dth data and

| ow- pass noieHaEREHAL the sngndﬂgmgum waRdeve fypetienowavie§PEM28e@OR he

correl at’i ve noi se nal BmR [ caled with_ the randog%g var¥%£
| ow- pass the Rpcondy P |'pindoy, tion paveirm t st®p

nuber ed i 1SR Thel R of A1 4F of 19n2'i‘éél?#§§5§?%§t§ff | 991% an
even- nunper ogl L, SEPAHAL Sldoond-ESolls ELYe |Gl tmﬁo qfilas

together th sSuns 1n n-an scéﬁlng

result (ult 'W%l@i‘ﬂlg@df%hb@% %§§HEB}mSThefhe291tdﬁ:b8¥etHE 'Eé group

operations of steps”S S17 correspond function o

mul tiplier Atdddadbe t Soddd) waReffiolm 1% also a hdl® SPethbi edeml DOtdR!
si gnal processor DSP3 at- Steps S18 to S20 As shown in

itens (a) arshddr) o the. pitchafretiapnS¥Snumber daaka (A4 805 ;Sethd pdweiddd
to the Ainput of the arithnetic
of the second-group formant sound waveform is twice as great
10 as the normal period. -

In the combined functional block diagram 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
15 518 |

Step SiS performs operations for multiplying a periodic
function waveform corresponding to a center frequency 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 wvalue 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,



unit ALU3, and data stored in a tenporary storage area of the menory

RAMB is set to be fed to the B input of the arithnetic -~ unit ALUS.

- 98 - More specifically, in the exanple of Fig. 6, the.
operation result of step S16 (i.e., the total sum of the parti al
products for the odd-nunbered bits) is fed to the selector 30 to be
sel ected thereby, and the selected data 123 -5 then fed via the del ay
circuit 33 to the A input of the arithmetic unit ALU3. Meantine, data
stored in a tenporary storage area TnpM of the nenory RAMB (i.e., the
| ower - | i mi t the logasitdmiic twalue dadiantaf, dcheipariqdim fungtign wavygiorm
negative sign cal culated at. step S1 and stored into the sforage area
100 TnpM at cQxiespondingito,t the dﬁ?gsﬁmtaﬁﬂj-?éﬂgt Fenpeer Ireqigncy of

31'to b | ted t by. T dat | ted by. 1t he . 3

L0 et dhetnedia Ren e 1e2shErR) Troychd reotgred TEGh e Hier
havi th ti i d t i i - i .,
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oL L WA AP pogueifr WL 38, Lo, L gdbenarstiapt o
t he | QRigdd Red seleer Ofnideases rfretaye noise signal BAR with the
Thus, the arithmetic wunit ALU4 adds together the.
logarithmic wvalue of the periodic function waveform
corresponding to the noise synthésizing center frequency and
10 the logarithmic wvalue data of the correlative noise sighal
BWR. From the antilogarithmic viewpoint, this addition is
equivalent to multiplying the periodic function ﬁavefbrm by
the correlative noise signal BWR to thereby perform a process
for generating a signal obtained 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 fﬁnctioning 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 output 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



positive sign fed to the B input and a part of the values 20 obtained by
scaling the allowable variation width data of the correl ative noi se
signal BWR with the | ow pass noi se signal - LPF (total sum of the
partial products for the odd-nunbered bits) fed to the B input. The
addition result is del ayed by a total tine corresponding to two cl ock
pul ses and then output 25 fromthe shybper 39 at the timng of step S20
to be fed as data #3 to the sel ector 30. At next step S19,
the total sumof the partial products for the even-nunbered bits is
del.ayed by acomtemter b without being processed thereby, and sent.tggthe

corresponding to two clock pulses and then output fromthe shifter 39
at the timnm MPRITEt BAMI(bY o Way \Pft (the | dedayheircuiy cfV st er TREBR (
item (c) of Fi
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Meant h #
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RAM4 at the timing of step SZ2 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 the arithmetic unit
ALU4(S18) corresponds to the arithmetic unit ALU4 of Fig. 7,
a limiter 56(S18) corresponds to the overflow/underflow
controller 56 of Fig. 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.l 7. A
selector SEL1 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 formant following control flag URVF is at "0", the elector
SELl selects the periodic function waveform data corresponding
to the unvoiced formant frequency phase data PGu from th_e
route of the log/sine table 62(S13) and gives the selected
data to the arithmetic unit ALU4(S18). However, if the
25 formant following control flag URVF is at "1", the elector
SEL1 selects the periodic fundtion 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,



total sumof the partial products for the even-nunbered bits

calculated at step S17 is fed to the B input of the arithnetic unit
ALU3. 15 . Consequently, in the arithmetic unit ALU3, the renninder
of the "val ues obtained by scaling the allowable variation wi dt h dat a
of the correlative noise signal BWR with the | ow pass noi se signa
LPF' (total sumof the partial products figs - t he even-nunbered bits)
(data fed to the Binput) is added to 20 t he val ue obt ai ned by addi ng
the part of the "val ues obtained by scaling the allowable variation
“width data 3lQ@heand givesrdhstiselected dapml te\wthe t Aribmpgicyanrit
noi se si gnal . LPF" (total sumof the partial products for the

odd- nunber edALU4(S1§)¢s) to the lower-linit value of the noise signal BWR

the " val ues. ont b AkOBSTSERPRR GSEB1GH Kot sanad BRAChRSRTGAPE. 3T SERE o

the correl af)éﬁ noi se signal BWR with the | ow pass noi se signal LPF"
are added t he "lower-limt value of the
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noi se signal BWR corre | V& noi se sign out put rom

arithmetic wWyd AbtBotfs Bpkhtiohad M a?&@ef‘@ﬁﬂ'@hfinal teenfifit2Ysound
circuits 33, 35,737, 40 by a total delay Tine
waveform data by adding together first and second formant
sound waveforms. |
As shown in items (a) and (b) of Fig. 13, at this step
10 820, no data .is set to be fed to the A input df 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, waveform data TR1 of the current
channel (i.e., first-group formant sound waveform data) is
15 read out from the memory RAM4 at predétermined 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 waveform data
TR1 is, after being delayed through the delay circuits 54, 55
by a total delay time corresponding to two clock pulses,
passed through the overf;ow/underflow controller 56, and
output as data #4 at the timing of s;tep 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



5 corresponding to three clock pulses, witten into the storage ar ea,
for correlative noise signal BWR of the current channel, of the nmenory
RAMB at the timng of step S2 for the next channel . - The
correlative noise signal BWR prepared in the above- 10 nentioned nanner
and witten in the nmenory RAMB is read out at steps S1 and S2 of the
third digital signal processor DSP3 ° _ j2n-the next cycle for the current
channel and utilized for renewal . The correlative noise signal BWR
witten in the . menory RAMB is al so read out at predeterm ned tinng,
passed 15. Sihrdaksh #hddsedy toi beufedsto tbavarinpubyof Hehe i aebimeic
converter 42 into logarithmc for then sent via the del ay circuit
43 to.the da_%raiiblﬁfa!!%ugﬂaélqa@at#g}mﬁﬁ4 &fdSeitn&ol pe fed %dﬂhﬁb B hnpwtirt h
digital signal processor DSP4 for use in noi se formant sound
synthesis. @ the uniy AWYR. conbined functional block di agram of F|g 12,

h f S 20 | o
on he SO s R E s R SRFAERRRT g2 1 LAl
I -1 f | h
! A bl SR 1 5 g o,

of a multi pldQdcdddnld Shdthell As ?ﬁh'@réé hadtd i€ step SIA‘LL@ﬁ&‘]@loézo)

and stored |nto a nmenory RAM3( S20 nct 1 oni ng as a sh
regi ster(S/ Purdde agteel aiters BRDSE &diNdheB\WRlector I 664 ﬁ.ut cbﬂsbhe fext

sanpling tinme fromthe nmenory RAM3( S20)
select this data #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 current channel. The
selector 51 is caused to :select this data #REGA4.

Thus, the arithmetic unit ALU4'adds together the first-

15 énd 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 theretﬁrough without
being processed thereby. Cohsequently, the final synthesized
formant sound waveform data output from the arithmetic unit
ALU4 is sent, 'via the 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



- 101 - functioning as the shift register(S/R) is converted by the

| i near/1 og converter 42 into a logarithm c value to be out put to the
dat.a 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
sanme assi gnee such as - i n Japanese Patent Laid-open Publication No. HE
4- 346502 may be enpl oyed as the abaoveznenti oned noi se formant sound
synt hesi s nethod which controls the skirt portion and bandw dt h of

noi se formant independently of each other by use 10 of noise fornmant

cont rol | i ngtpmiageoér stRRESA, NUkaee Nplpck Riilses afan AR Slef&oshddfay
~be made to the publication, if necessary, for further details of the
met hod. (e)- ofx Fd@l-akyB )eper ations of Digital signal processor DSP4
ReFated to Formant Sound nt hesi s

o . I i a
‘6?;222:0 mbclrazpréﬁ'rlza%*_ ampl s°;f ?hel. pEYPgPﬁﬁaZEQ t%x?eg;qr%& H/%O‘gl&gir% tgiv%%% gna}

r . . . i ; ,
Sirarly inal1y plisespe P Shornd BETERTHOMR SRR BERAGE s 15
si gna [ : P1,. : |
steps, Pe. ,shgtwg,ggﬁggi%:%sg&)m&f%ﬁ e ofg t heall HRRAOIT 8RR CQYpitheR zel 20

and on€ step corresponds to one cycle
of the syst @@ maBK soudd' SwavELSref halen @ GHtHH addrrespof@ingsgonthd o
one channel timng of Fig. 8 and the program Is executed for 18

channel s ti pRydiall iaii@ml(izt/&&))s higed BoFithe pitch Erelgueficy. nifber datea)
i ndi cates data set to be fed to the

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 modulatioﬁ' 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 S20 and S1,
only 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—groﬁp formant
ZQ 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(Sl7, 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



25 Ainput of the arithmetic unit ALU4 of Fig. 7, item (b) i ndi cates

data set to be fed to the B input of the arithnetic unit ALU4, item
(c).indicates the contents of data #1 to be out put fromthe

overfl ow underflow controller 56 of Fig. 7,

- 102 - item (d) indicates the contents of data to be witten into
the register REG3 of Fig. 6, and itenrge} Rndi cates the contents of
data to witten into the register REAA o ig. 7. Fig. 14 is a

conmbi ned functional block diagramillustrating 5 a manner in which the
fourth digi talUu4srRaMd (STDOCS6Qr SDPP4 THe routehefdregtstér ANUASRAMA (ST i n
Fig. 7 perforns a waveform synt hesi s.process (however, a digital m xer
ALULERAML( SBRO, S1) strreSponds2ep tbecepesatpenstobrthe rexiichmetie uhift al
si gnal processor DSP1). Simlarly to Figs. 10 and 12, Fig. 14 does 10
not show t hALit4 and HewREF RAM4 cui t structure (1) Operations of

Digital signal_processor_DSP4 at Ste SO, perforns part
of operations & p4 Fagmgnt Soun é’f’r’ﬂd}'%opﬁ’r'@ttr"&ﬁa MbFﬂt%l &ht e

a first- grogp forrr%nt Sp sound waveform - 15 As shown in itens
(a) and (b) Cﬁgs rlsp aJt This step, first-group center frequency

ﬁﬂ?tse A‘E"&a m‘ lle'ée %:L:{{:?? bgabkd to Figh? 4'€afia! PUl AT éﬁﬁnﬁétﬁﬁetéﬁé
"mixing operations" of the first digital signal processor DSP1
will be described. |
(1) Operations of Digital signal processor DSPl1 at. Step
10. Si1
At step 8S11, 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 S11, 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 fhe B input of the unit ALU4.
More specifically, waveforrn data TR2 of the current
channel (final formant sound waveform data obtained by adding
20 the first- and second~group formant sound wavefornr 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



set to be fed to the B input of the unit ALWUA. Mor e
specifically, first-group center frequency phase 20 data PG 1 of the
cur.rent channel is read out fromthe nmenory RAML at predeterm ned
timng. The read-out phase data PG'1 is sent, as data #RAML, from
the first digital signal processor DSP1 of Fig. 5 to the data bus
DBYS, by way of which it is thensiggat-to the fourth digital signal
processor 25 DSP4 of Fig. 7 to be fed to the rhythn1sound generator 52.
In accordance with rhythm sound generation on/off paraneter t he
r hyt hm sounghg€tedabygr tha dogwauneBMecphagcteat&nﬂGsblfter 1&fP@ﬁer the
disturbing its phase when in the node to generate rhyt

- 103 - cont¢rodd qff . the gontwodilex s%immsp‘aeﬁlmeﬁond%h% nt€EEn 18V dde,
the rhythm sound generator 52 outputs theT%%?se dat (if

di st urbi ng FeatERdsdatmel biftise HARaIRPERL pift ?96%ﬁ° edtﬁ% &%VFﬁnlsound

t 52 fed h
Sel ect the aepsa' SreRse, B pRe Lot e TovRh, SratTab dafh) n il e 2Pt ©
data Is_sel g%lé)uq;e o tl’rg%e J?f{l%eéflf uth.t A U1 b hHﬁy bie thier He13k0Up

center Preq S p ase disturbed or

undlsturbedﬁégc%& Gorgance with the 10 rhyt hm sound generati on on/of f
par anet er 'S sent via the

Meantime, left tone mix data MIXL is read out from the
memory RAM1 of the first digital signal processor DSP1 and
then fed as data #RAM1 to the selector 11 of Fig. 5 to be

10 selected thereby. Thé selected data MIXL is passed through
the log/linear converter and shifter 16 without being
processed thereby and then fed to the B input of the
arithmetic unit ALUl1 by way of the delay circuit 17.

Thus, the arithmetic wunit ALUl adds together the

15 synthesized formant sound.waveform.data of the current channel
having been controlled in the left level by the left level
control data and the left tone mix data MIXL. The addition
resu1t of the arithmetic unit ALUl is, after being delayed
through the delay circuits 15, 17, 18, 19, 24 by a total

20 delay time corresponding to four clock pulses, passed via the
output controller 20 to the memory RAM1 to be étored into a
storage area for left tone mix data MIXL thereof at the
timing of step S15 of Fig. 9 (see item (e) of Fig. 9). Thus,
with the operations of step S11 of Fig. 9 performed for each

25 of the channels, sample values of the synthesized formant
sound waveform data of the channels, 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



delay circuit 53 to the arithimetic unit ALU4 to pass t her et hr ough

unprocessed, and then fed to the [err] input of the sel ector 64 by
way of the delay circuit 55, overflow underflow controller 56, delay
circuit 61, log/sine table 62 and delay 15 circuit 63.

Consequently, the selector 64 selects the data fed to the [err] input
in-response to the above-nentioned operajg@n at step SO. In this way,
the first-group center frequency phase data PG 1 processed at step SO
in the above-nenti oned manner 20 Is selectively output fromthe sel ector
64, MIXL!, N o%C &bied gy WAMIUNdanent al wavef or m desi gnati ng
paraneter W1, the waveformshifter 60 perforns a phase mani pul ati on

process to shif(2)t loperaisions| of Digitelcedognal processQiePePl pRisSTER a
PG1 or to set the phase value to "0" 25 for a specific portion. This
process wil Bl@onpletely change atinme- varying characteristic of phase

val ue of the phase data SO as to |ona t he .,
fundanent al wavefdr msgepP Slzrvvamarﬁ‘&i’(% séoﬁ'ﬂ\egas%ﬁ) WS t o
a conpl ex

which i 8 reﬁwsﬁzﬁﬂ tFRETRRF s FREEaf TP TH fiﬁ a b¥ Eag; 40§ \Qﬁh\éﬂaq'rm
Changed Phathetfiel s’ data ont® Y RMIPEE the sothic® ARG i Ik o

t he phase d arles
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 téble 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 RAM1l and selected by the selector 11.
Thus, the arithmetic unit ALUl1 adds together the
15 synthesized formant sound waveform data 6f 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 arithmetic unit ALUl is, after being delayed
through the delay circuits 15, 17, 18, 19, 24 by a total
20 delay time correéponding to four clock pulses, passed via the
output controller 20 to the memory RAM1l to be stored into a
storage area for right tone mix data MIXR thereof at the
timing of step.Slﬁ'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



| i near manner, a sinple sine wave will be read out; however, 5 I f the
phase data tine-varies intermttently or in any other conpl ex manner,
a conplex waveformw Il be read out. The | og/ sine table 62 receives
t he phase data processed by the wavef orm shifter 60 and reads out sine
wavef orm anplitude value data in-a logarithmc value corresponding to
the value 10 of the received phase datgs1 -Thus, there is output periodic
functional waveformdata in a logarithmc val ue whi ch corresponds to
t he phase data of formant center frequency. ~ The logarithmc
wayef or m daMaxayt pdit theomemoays &AMt-or 64 is passed through the

shifter and log/linear converter 65 15 w.thoyt bein r oc h A

and is then, aflBdr Qpanafions OﬁePQQEHa%hﬁé&ﬂ?%iﬂ¥9ﬁ§%%% sﬁift§£ % egé
61; 63 by a &8tal delay tinme corresponding to four clock pul ses,
witten int& - the register REX4A at the timng of step S4 which will be

doscribed I ater (see itemu(d) sLef!Geukl) coribol 1s phPrbifedoBH Hse

functional bl ock operattions of step S

correspgpnd t %r}ngﬁ r gg#ﬁgb‘g%(%gbﬂg Hed gf the ﬂﬂﬁ§91&ﬂ§§réﬁ‘é’m5@i§%n§%

where the norse i npar corresponds to the noise

generator S2nok Bohtrbl1da Wavefoiin' hawat bfe Ui ke ALAKHESGheS IR t @speatdieands
to the arlthnetlc 25 unit ALUW of Fig. 7, and a shifter and |og/li near

converter of thel&ednd) syslitn B8 @ 45 o NsiEn Tart hearwaeef o netépf$EL. 60 and
| og/ sine table 62 of Fig. 7. The center frequency phase data PG 1
recei ved from t hertd rogexrhigidres Gfgmbéppr@easerdE@ﬁ@reBt from those of
step S11 in that noise Waveform data (noise formant sound
10 waveform data) TRu of the current channel is read out from
the memory RAM4 of the fourth digital signal processor DSP4
transferred to the fifst digital signal processor DSPl via the
data bus DBUS to be selected by the selector 10 and in that
left level control data for noise is read out from the pan
15 table 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 RAM1 at step S15 is read out and fed as
data #RAM1 to the selector 11.
20 Thus, the arithmetic unit_ALUl adds together the nbise
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 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 step S3 of the next channel (see



- 105 - controlled, by the noise inparted 52(S0, S10), to have its
phase di sturbed or undi sturbed in accordance with rhythm sound

generation on/off parameter RHY, passed through the arithnetic uni t
ALU4A( SO, S10) without being processed thereby, and fed 5 to the shifter
and | og/linear converter 60&2(S0, S10). In the shifter and

| og/ i near converter 60&62(S0, S10), the32 - above-nentioned process
based on the parameter WFl is applied to the phase data PG 1, so that
sine waveformdata in |l ogarithmic formis ultimately read out in
response toitem (&0 ofomtigol I99d phase data PG . : (2) Operations,

of Digital signal processor DSP4 at Step S2 Step.S1. wll bhe
described aft el 43t pesations efePigital sigpgdc ATRCSHITPIRY E‘Bntglq:ﬁl?ed
frema precedi ng channel . Step S2 perforns operations for
preparing aSéPfndow 15 function waveformto create a first-group formant

T s step Y Bren 520, grialhE FRRD, bObEFIn1GobeRbrhlh Bh Selaell,
51 o8 saeeReiBLbElph b g ile e Ui SAaLUIELAS thuinébifhon Bhe
ISP Bl bl HOe R LS B shertne <igi apeckois
of the sound system SS in a similar manner to step S12.
The operations of sfep 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 selector 1l.
Thus, the arithmetic unit ALUl adds together the
waveform data TRu having been controlled in the right level
in accordance with the p.arameter uPAN and the right tone mix
data MIXR. The addition result of t_he 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 ieft and right tone mix
data MIXL and MIXR are updated each time one;-sample data
values of the fo::;mant sound waveform data and noise waveform
data for all the channels are summed.
25 ' Although the synthesized formant sound waveform data
obtéined 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



menory RAML at predeterm ned timng. The read-out phase data 25 PGM is
sent, as data #RAML, fromthe first digital signal processor DSPl of
Figi- 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. -106- . In
this case, the rhythm sound generation_onggff paraneter RHY I ndi cat es
"OFF", so that the wi ndow function waveform phase data PGM is passed
to the selector 50 wthout being changed by the rhythm sound generat or
52.: The sel euamoryRAMA cdthedats tney ddecsunird df ter AL three wayefonp
functi on wavef orm phase data PGAML. Thus, the first-group

wi ndow f unctTRAy WEBR2f 8nfh Jias have  begr aspearatelyedevigloaontradiled foxui t

53 to the arithnetic,  unit ALU4 to pass.therethrough unprocessed, and
Uhen fed t o PARPLNG£dN ther PasRHRSER AHY $De.EPEPNAaTEgURasOBTSRT oMty

circuit 55, overflow underflow controller 56, waveformshifter.6

del ay ci rcui"fa‘%eif,mf"b s fgﬁoé' l&ngﬂﬁefsg?rgg?ﬁ{?a o1 waveroim daQa
Consequent | sgl r 04 se - the [err] input
I n resp%seyﬁ%ét e %g%é)rraeﬁ Y%n%%ﬁ%%%{%?i%ﬁag#s%gignétep S2.  Thus, the
phase data PGwm W&%%ﬁ@iﬁ&&é&ﬁi’bml blddkea3RgramBR Fegedi ABNGGE 1S

sel ectively output from . _
operations of steps S11, S12, S19 and S20 of Fig. 9
correspond to the route of a digital mi#er 148ALUL&RAM1(S11,
S12, 8519, S20), where a selector SEL2 corresponds to the

10 function of selectively reading out the waveform data TR2 from
a register RAM4(S17, S20, Sl1), i.e., the memory RAM4 of the
fourth digifal signal processor DSP4 and sending the read-out
data to the first digital signal processor.  DSP1 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 signgl

20 processor DSPl. The thus-prepared tone waveform data (MIXL

and MIXR) is then read out from the memory RAMl 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 DSP1

| Related to FM Synthesis--

Now, a description will be made about exemplary

operations performed when tone waveform synthesis is conducted



sel ector 64 by way of the delay circuit 55, overflow underfl ow

controller 56, delay circuit 61, log/sine table 62 and del ay circuit
63..At step S2, the waveformshifter 60 down-shifts 20 t he phase val ue
of the wi ndow function waveform phase data PGML by one bit, in order
to cause the log/sine table 62 to out put, as a w ndow function
waveform a first half of a sine waga Lromthe log/sine table 62 in
response to one cycl e of t he phase data PGwnl. Thus, the |og/sine
tabl e 62 reads out 25 the logarithm c value of a sine waveform anplitude
val ue or eegedEnge t vithe then-Bhi ymthesise netbedof threughndehe
function wavef orm phase data PGw¥l. In this manner, the first- éb up
wi ndow functqmmﬁqn n?fstb‘?oﬂld?é&qln %gr&;@larpfﬂﬁeﬁsors BsP1 to DSPA.

-107- t d t t
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and_then fed to the s er /I1 ogyery,
preV| ousl y merﬁnrEL e%ro?ie"lss?(% arBlb%?m c%nvg? ue o % B% escr %edAsheré
functio Red) t I fed
to the s |fter anfl%flfr}ggr consv%[%je'&%%éﬁfgafé}ﬁs %?etqﬁlﬁtgésh ted by

2 X SKT bit Stnd) M5svedaaieidhéd ESPmant sofikl' byhRkAEasEe methiod .destgngid Ng
par amet er SKT up-shifted by

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 OPl1 and OP2.

For example, in one FM operation algorithm, the first FM
operator OPl generates a .modulating wave signal, while the
second FM operator OP2 performs a frequency modulation
operation of a carrier wave signal .with the modulating signal

15 and an operation to generate a modulated waveform signal 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 DSPl



10 one bit (i.e., 2 X SKT). Nanely, "(2 X SKT) | og sine (PGM )"
I s executed, which signifies that the logarithmc value is
converted into a waveform of sine(PGM) in antilogarithmc
representation. This neans that the w ndow functi on waveform
sine(PGM) is subjected to a waveform 15 conversion of 2" to becone a

wi ndow function wavef orm havi ng a fharing skirt portion. The

| ogarithm c data of the thus- obt ai ned wi ndow function hal f-wavef orm
of sine wave is, after bei ng del ayed through the delay circuits 53,
55,. 61, 63 hgxecutes opexaticks do igenemde phyeeddagat byf neans| the Hitses,
witten 20 into the register REGA at the timing of subsequent step S6
which will bendeseeonddFMnoperatpPreaPBl @nde ORZomang Wre Hourth digibal At
this step S2, the shifter and | og/linear converter 65 functions as a
shifter as nelgR@dhedrOGasST BS 4no?x§§u§es °P91T%1§f/9’?~°ne§t° cgrperetp. ars

In the conb t | bl ock._ di t
of step S CHULEERNE CORYR P ERE e Ty e 04 1 e 2yaY R RRR T W

AL S, shSl%;as{@ GF Sl pias;_é”a%tta gléQletrated by’ £h&( 7 o&é@gt&%rﬁﬁfo&‘?& to

the arit netlc uni
1%+ ponss 7 R M A AR, P csasnea
phase data.
An FM operation algorithm to be executed is designated
by the above-mentioned tone synthesizing algorithm parameter.

10 If, for example, the parametef ALG is of wvalue 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 operatibn algorithm is selected depending
on the cu:rent value ("1" or "2") of the parameter ALG. In

15 the following examples, all FM operation algorithms may bé
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 data to be used in
operations at predetermined steps.

20 Fig. 15 illustrates exemplary operations performed at
various microprogram steps in the first dJdigital signal
processor DSP1. 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



and a shifter 65(S2, S12) corresponds to the shifter and | og/ |'i near
converter 65 of Fig. 7. The center frequency phase = 5 data PG 1 received
fromthe first digital signal processor DSP1 is passed through the
arithmetic unit ALU4(S2, S12) wi t hout being processed thereby, fed to
the shifter and | inear/1 og converter and shifter 60&2(S2, S12) to be
down- shifted by one bit and convenggd-in a |logarithm c value of a

10 sin wave, and up-shifted by predeterm ned bit via the shifter’

65(S2, S12) in accordance with the paraneter SKT. (3) Operations
of .Di gital SligitalbrsigrabrpiRiessor NSKPL IN the basis off phesPpyegram et
operations for controlling the tone vol ume | evel of frequency
function waVESr Y aenernllss sermespond; to thosgeshpwst 18 Bi@- f 1P marfut,
frequency. | As. shown in itens (aL and (b) of Fig. 13, at this

st ep, ionesShItite PevepPREEGLRTRE | thadr sFeBe F’é’&‘b%tfst h&tedputn

of the arithmetic.,unit ALU4.. whil ngg}#REGn | S sq%&to be . #ed to t he
B input of HRFURHSHLLT TP end of e CRRRTRMANTNY CLIHEr Riqignts

| evel ta ' o | i Cfaem of, t el o) ead
out fro%at heCAr\élésPArrr{ehrm??/ m%@g‘g‘?b% e égcgéig]'difggi tgg"ldcgo;%{gt processaoif P2

at r ' L g . td eafkier, this tone vol une
Lo P CSBRIIRGIE 48 IS pASeIER !GP Prg et b1

| evel 1 has been i npar an envel ope waveform The 25 t one
volunme | evel datard\tdg] s15engtdPs td@, ded dant SO directed V&Y Edntdorh
it is input to the fourth digital signal processor DSP4 of Fig. 7 to
be fed as daicn et pitthh freqrRidctmumbér ANUME epcStastbe plepairey o1
is caused to sel ect

frequency number, i.e., modulating wave frequency number for

10 the first FM operator OP1. Step S9 is directed to
accumulating the frequency numbers obtained for the first FM
operator OPl at steps SO to 56, so as to prepare progressive
phase data (i.e., modulating wave phase data) PGfl for the
operatqr OP1.

15 Further, steps S2, S5 and S8 are directed to changing a
frequency number based on pitch ffequency.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 88, 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 OPl 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



- 109 - the data #RAM2, i.e., tone volune | evel data LVLI1.

Meantine, the logarithm c value data of the periodic function
wavef or m obt ai ned at step SO on the basis of the first-group center
frequency phase data PG| is stored into 5 the register RE4A at step
S4, four clock pulses after step SO, and output as data #RE&X4 from
the' regi ster RE4 at step S5. The gglrector 51 is caused to sel ect
this data #REXA. Thus, the arithnetic unit ALU4 adds together

t he | ogarithm ¢ value of the periodic function waveformof the 10

f ormant cent@oge e@fen€ygand9t heAltheugh| (Fheney @redasgveyel. steps Mo
the antilogarithmc viewoint, this is equivalent to mul tiplying the

periodic furRXSRATIRG cakan YANQIRSIIE KT (the FM sYNthesisiarthe pesybts

t her eby i t t | t \ th f 5 . Th
operat) on ¥ AR NOF BRE, R 1FBS | EW, aunthegis nd KeNSerng setpREleyed
th h th I | I ts. 53 b | By s
rougn e AR G Bo? pyBved], Y pren pGkBARRECYE ™ nining

over f | ow un%éfm%gn%&l)}%eﬁ_%ﬁ,%%;@&%fiy%hgss me ?Sdeﬁafé%i_t F&ﬁﬁ (gi),m'mpg

of subsequent” step C _ descri ater (see itel
Fig. 13). Theréfoide ng@ﬁ%%%ﬂ&ﬁmtaégéiiBEQSst'%ﬁh@ﬂ‘oﬁeﬁGhadéw

t he operations of step correspond to the route along which the
hereinbelow about operations at steps S0, S3 and S6;
operations at step S9 based on the results of steps S0, S3
and S6; operatibns at steps S2, S5 and S8, and operations at

10 step S16 based on the results of steps S2, S5 and S8.
'(1).0perations of Digital signal processor DSPl1l at Steps
S0, S3 and S6
In Fig. 15, steps SO, 83 and S6 execute control to
change pitch frequency number 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
completély different from those prepared by the corresponding
Steps of the formant sound synthesis becausé_they use entirely
different data. Namely, although steps S0, S3 and S6 of Fig.
20 15 follow completely the same procedures as steps S0, S3 and
S6 of Fig. 9 to change a frequency number based on the-pitch:
frequency number FNUM, they geﬁerate 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 attack 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 value of a periodic function waveformfromthe shifter
and linear/log converter 60&2(S0, SI0) and tone 25 volune |evel data

LVL1 in logarithmc formfromthe second di gital 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 operafagns for nultiplying the periodic
function waveform having the controlled tone volunme envel ope

corresponding to the formant center frequency by the w ndow function
wavef or m copeegpemédng Gepehdippt chonf tthe, ivalueler of 5 thep gehanmed the
first-group formant sound waveform As shown in itens (a) and
(b) of Fig. sychabniziasicneflag RBP dathatisiss EMIMAoBeFNEMNrd dfe ugsdyput
of -the arithnetic unit ALU4, while data #REG4 is set to be fed to the

B i nput as ¢het pdteh tfrﬁgyﬁncﬂ@umber IT\PBF@ specifically, the
| ogarithm c val ue data of  the I odi ¢ _functi an wavef orm a%/lj1
Eent

controll ed tone W u#® Fig. eqnvepﬁﬁg c® ?%sﬁ"g‘ndPﬁﬁ PEUPh R TR
(1oquengy Wi thors ol beon PaeRieal AAR bl DRS00
caused .15 aﬂ%fT%d%%it&Qﬁi:gg&ﬁe#ﬁy'means of the log/linear converter and
shifter 14 of Fig. 5. The converted result is output via the
output controller 20 of Fig. 5 at step S6 to be stored into
the register REG1 and then immediately fed as data #REG1l to
10  the selectors 10 and 11.

In this way, at step S6, the pitch frequency number FNUM
converted into an antilogarithmic value at step S3 is fed as
data #REG1l 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 arithmetic unit ALUl. Also, at this step
S6, frequency multiplication parameter MULT1 is applied to the
controller 23 via thé 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 predetermined number of places, and positive/negative
sign inversion. As previoﬁsly 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. |

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



Meantime, the logarithm c value data of the w ndow - function waveform
obtained at step S2 on the basis of the first-group wi ndow function
wavef orm phase data PGwm 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 #REGA. Thus, the arithnetic unit ALU4 adds
t oget her the | ogarithm c val ues af 1Bbe-periodi c function waveform and
wi ndow function waveform Fromthe antilogarithm c viewoint, 25 this is
equivalent to nultiplying the periodic function . Wavef orm correspondi ng
to 4 he fornadataednereasafueoy a valugcdanregpanddng t &€R- cbheesiRobred

wi ndow functi on waveform to therebi perform an_anplitude nodul ation
operation fdpultiplication factoxyishdeilayrd ibrrugh. dheuselehertraes or m
si ghal . Cﬁgfe u nhly, the selector 64 selects the datg .fed to
the a input ¥3r rtZpodde 8 A2 H30\R- ﬁQﬁPﬁ'oﬁ%‘ol%eFHP‘PoﬁoifeSpon%lé’tgept%7.
Thus, the anplitud dul ation r ht (logarithmc 5 value) o

ari thirot 1 ¢ GAASHCOPR RGREY ol Hhrupagteh L& phe pyfalfodicidfier
overf l O‘M un% fiI Ct@% o] igte%ﬁ'a g‘i':l %Kecg.ri.ﬁ!’ﬂhé of subégquéﬂttQ@ep Ss9

I og/|inear converter ere It 1s converted Int an
antl|Ogar'thB£bh\ﬁH1§1be desdPfbed eBtEANIn geBNELL ed

The operations of steps SO, S3 and S6 correspond to the
route leading from a vibrato data generator 12a(sS0) to the
arithmetic unit ALUl1(S6) in the combined functional block

10 diagram of Fig. 10.
(2) Operations of Digital signal processor DSP1 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 the 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 example 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 Fig. 15), and is then immediately output
from the register REGl1 as data #REGl. The selector 10
selects the data #REGl, which is then passed through the
log/linear converter and shifter 14 without being processed
thereby, and then sent via 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 wvalue) 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



antilogarithmc value is output fromthe selector 64 by way 10 of the

delay circuit 59. The antilogarithm c value data output fromthe
sel_ect or 64, i.e., the result of the above-nentioned anplitude

nodul ati on operation is passed through the shifter and | og/ | i near
converter 65 w thout being processed thereby, and 15 sent to the nenory
RANVA by way of the delay circuit 67 Consequent | vy, t he anpl i tude
nodul ati on resul t in antllogarlt%n1c form i.e., waveform data of

a synt hesi zed first-group formant sound is, after being del ayed

t hrough theselectoielidy. ciThelisdelédton4ll S5bs éauséé t67skleatt dhel ng@dxy
time 20 corresponding to five clock pulses, witten into the storage
area, for fioutt dgitaufRAMARaNThe cuedulabbngrwaveichage dsta REEL seleqhadent

channel, of the nmenory RAMA at the timng of subsequent st S12
which will by dekersedecitererll ni§et'l'eh¢n Passe@sé’é‘q‘{"&ﬂ (ER /ﬁ'

25 An exanple of the first- er I ¢ function _wav

based on th§°PWﬁ§FE§iGBE £BiFERT % %#héaﬁa HgypﬁﬂﬁgﬁsdE?%ngY a?q}ngs

shown T 1tem (3l of B e "B RS BRI G O ukle aru1 by Shaf” 840 idow

20512 - delay'gif@ufgufﬁon wavef orm phase data PGw/ is shown in item

Thus, the modulating-wave frequency number is added to
the current value of modulating wave phase data PGfl by the
arithmetic unit ALUl, so that the value of modulating wave

10 phase data PGfl is incremented by a value corresponding 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 éhannel, of the memory RAM1 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 SELl to a phase
generator ALU1l&RAM1(S13, S16). Thé selector SELLlL has the
selecting function to éelect and cause the output of the
arithmetic unit ALU1(S6) to be accumulated in the phase

25 generator ALUl&RAMl(SlS, Siﬁ).

(3) Operations of Digital signal processor DSPl at Steps
S2, S5 and S8 |

In Fig. 15, steps S2, S5 and S8 execute control to



of Fig. 18. Item (e) of Fig. 18 shows an exanple of the first-group
formant sound waveform generated by nultiplying t hese waveforns. The
pit.ch of the first-group formant sound 5 waveformis a half (1/2) of the
normal pitch (fO based on the pitch frequency nunber data; i.e., the
period of the first-group formant sound waveformis tw ce as great -as
t he normal period. In the w ndow.fyggcti on waveforns of itens (c)

and (d) of Fig. 18, level "0" portions correspond to the flat 10 naxi num
phase val ue portions of the phase data PGM and PGM2 of items (e) and
(f) of Fig.chdnge pitch fireguieacyoniiumberf uFdlMondn beeserdioageamwtiri g
14, the operations of step S7 correspond to the route begi nning at an
arithnetic womplaittelgS7thel7$amenh@rocedures ¢ At s@eemtsoas S3L 3%y, 6517)
corresponds to the arithnetic unit ALW of Fig I|mter 5':6

|Sl73 I cor r esgeseribed habove-f | owTheFe f SHRPS Pr°@6’r?ler oldiaéﬁa 58
o] I n t 58(S7, .S
%Zﬁzer;g? fsionvee%e%r Frop snosd grapared By stapm S5 gr'r?gf?ong’% 59 he
0 i 2 h
i s enabPe gm‘%}’ Uie en%lr?ﬂig aéfﬁ%’-‘g gg%% tsy?\%?{ﬁés&abrf#d/e Th r {ér?JrrEatel c
oni € RS ceSLD sy ORI ik Aol 68T+ AR fedl - Rledibes 2e
rom t

periodi ¢ funcCtion wave SupplTe e arithnetic unit U4( S5,

S15) and the ot gt aval 48 85 Eh&n¥k NEloREdgushdP mumibe Vﬁ/ﬁd)rdﬁ th
“suppl i ed from?ﬁfa1 Shl ?E]tse?l 65(82‘E SlZ)n\gl\iéa the gate Pihu r. The addi tel on

result is S ol Erea@ hambes( FUMS1¥hey genei@té e fmgfuentsamumber
converter (S7, S17) to be converted into an antilogarithmc val ue
and t hen st Cfroﬁ:d the aem:gldlsm operator OP2, i.e., carrier wave frequency

10 number as a changed 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 number FNUM converted
into an antilogarithmic value at step S5 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,
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 wvia the
selector 22. Thus, under 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 operatibn of an optional multiplication factor,

except for two, such as three, five, six or seven.



- 113 - RAMA( S7) . (5) Operations of Digital signal

- processor DSP4 at Step S10 Simlarly to step SO, step SIO
perfornms part of 5 operations for preparing a periodic function waveform
to create a second-group formant sound waveform The
operations of step 10 are different fromthe operations of step SO in
t hat second-group center frequency - 1Rbase data PG 2 of the current
channel is read out fromthe 10 nenory RAML of the first digital signal
processor DSP1l of Fig. 5 and then sent via the rhythm sound generator
52 to the shhethds Marmerdme Seéguéndyt hambey. data of a frdaquensy
first-group center frequency phase data PG 1, t he second-group center
frequency phistexkinedGby? incpeastngedhel5pisnh dEteguencyr afghtone e ay
circuit 53, arithnetic unit ALU4, delay circuit 55, overflow underflow
control | er FRrameterMULTR| risii geperateg Aseat ﬂﬁ%’“ﬁ?‘ Wavgy Brequency3,
sel ector 64 and shlfter and | o /I|near converter :g a total el ay

tome corresgOMRRSTy t CHD AT qlliﬁ%"?ﬁérnu Spta fipgreaged ot he

wavef or

on s eco?d ZP%L%eﬁ'Hﬁ aq.%ﬁ!feéﬁf;%nrglng tB atsl'?e des:.reg pu'ﬁ:lpole Egcecfesl baesg d
. through the delay circuits 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 REGl at the timing
of subsequent step S11 which will be described later (see item

10 (d) of Fig. 15).

The operétions of steps SZ, S5 and S8 correspond to the
route leading from the vibrato data generator 12a(S0) to the
arithmetic unit ALUl(SG)lin the combined functional block
diagram of Fig. 10.

15 (4) Operations of Digital Signal Processor DSPl at Step
S16 ' |

As shown in items (a) and (b) of Fig. 15, at 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 phaseldata PGf2 is set to be fed to
the B input of the arithmetic unit ALUl.

Mqre 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 #REGl. The data #REGl selected by the
selector 10 is passed through the log/linear converter and

shifter 14 without being processed theréby, and then sent via



wavef or m desi gnati ng paraneter WF2. Then, the processed data S

witten into the register REG at the timng of subsequent ‘step s14

whi.ch will be described later in detail (see item 25 (d)- of  Fig. 13).

In the conbined functional block diagramof Fig. 14, the oper ati ons of

step S10 correspond to the route beginning at t he above-nenti oned

noise inparted 52(S0, S10) - 143 - - 114 -
. (6) Operations of Digital signal processor DSP4 at Step S12
~Simlarly to step S2, step S12 perforns operations for preparing a

wi ndow f unctthenaelww afixreniv 15etbethes@cdmput &f gthepardthastisowsdt

wavef or m The operations of step 12 are different fromthose of

step S2 in REHL.seMeaswhdidep witndbwst gtep 3 bwalbeocwrErRde value (dz€x -par

of <the current channel is read out fromthe nmenor RA| f fi

di gi gal si gAaitesitoeesagulpded yalye) of GRFTrifey "yat"ﬁeﬁh?é’?t 'glﬂt% t‘ﬁﬁr ﬁlﬁﬁﬁﬁn
sound generator 52 to the sel ector 0.to b | ect ed

Li ke the fihe GUEEEDH fhamnelnds Bﬁa%aﬂa'é?ofﬁ?‘bh‘g‘%%e“&’gf%‘% m%’%,ﬂ’ﬁ%‘e
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caused to select the read-out data #RAMl. The carrier wave
phase data PGf2 selected by the selector 11 is then passed
through 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 addéd 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 value corresponding to the

15 carrier wave frequency number. The addition result of the
unit ALUl is, after being delayed through thé 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
. subsequent 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 froﬁ the

25 arithmetic unit ALU1(S6) through the selector SELl to the
phase generator ALUl1&RAM1(S13, S16).
(5) Operations of Digital signal proceésor DSPl1 at Steps

S4 and S7



15 arithnetic unit ALU4, delay circuit 55, overflow underfl ow

controller 56, delay circuit 61, |log/sine table 62, delay circuit 63,
sel.ector 64 and shifter and | og/linear converter 65 by a total del ay
time corresponding to four clock pulses. The processed and del ayed
data is witten into the register 20 REX at the timng of subsequent
step S16 which wll be described Latgg i n detail (see item(d) of Fig.
13). In the conbined functional bl ock diagran1of Fig. 14, the
operations of step S10 correspond to the route beginnin t he

above- nenti oned Stieps | Bdar and 597 SO SJEZ')Q Z@ are (¥ qfé‘&%l A% dihe
Digital signal processor DSP4 at Step . St erforns
oper ati ons torrespending stees efi Eig. 9, thﬁﬁﬁi%?mrlﬁ rﬁrceglpreg G dﬁ
to-an unv0|ced f or mant ;sound

- centtoF {PERREKiPY Phase data AfwmnCPRTPERRRILRT K (B) P 9115
Formant fXedeacs € PETRE  FORT b he M Ao i PRI fnneRke el
S Th % S il A Sy hans, s
i.e., noise waveform data TRu. The phase data PGu for noise
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 functional block diagram of Fig. 10, the
operations of steps S4 and S7 correspond to the route leading
from a modulation data generator 12g(S4) to a phase generator
ALULSRAM1(S7). | |

15 (6) Operations of Digital signal prOcessof DSP1 at Steps
S11, s12, s19 and.SZO

Steps S11, S12, S19 and S20 of Fig. 15 are essentially
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 RAM1 are multiplied by the left and right level
control data based on the panning parameters PAN, uPAN, and
the resultant 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 ALU1&RAM1(S1ll, S12, S19, S20) in the

combined functional block diagram of Fig. 14.



the current channel is read out fromthe nemory RAML of the first

digital

signal processor 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 ector 50 wi thout being processed by the rhythm sound generator 5
The sel ector 50 I's caused to selegt§4§h§ data #RAML, i.e., center

frequency 15 phase data PCGu.

hus, the center frequency pha

data PGu of the unvoi ced formant sound is sent via the delay circu

53.to

-t hq 7y idgumitfonsi 6 £ Aiyital pasgnaheperobessgh DEPLoads Sdthers

then fed to the [err] input of the selector 64 by way of the 20 del ay
circuit 55, swepsf| ow underfl ow controller 56, waveform “shifter 60,
delray circuit 61, log/sine table 62 and del ay circuit 63.

Consequent | y, t hdheeapsirations gexformad hyatthe arithmetic undd ALY §tpyt
I n response to the above-nenti oned operation at

25 t S13. h
phase data BtePspriddesst2i nSlBeangope0 of Figmwﬁ$oﬁﬁé %%ﬁﬁ@%i Bﬁ t

in the route extending t hrou

61, | ogPsi n&aMmen| S 6¥
64 and

sel ect or

- 10

15

20

25
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generally concern arithmetic operations of phésé1@ata PGpl,
PGp2, PGwl, PGwz; HoweVer, such operations are meaningless
in the FM synthesis since no such phase are not used in the
FM synthesis. For programming simplification, the program for
the FM synthesis partly overlap the program for the formant
sound synthesis in the present embodiment, and thus FM
synthesis program completely devoid of these step operations

may be used.

‘The operations of step S17 of Fig. 15 are different from

2.

se
it
nd

he
sed
ui t
he

those of step S17 of Fig. 9 in thaf the result of step S13 is.

stored into the storage area, fqr phase data PGpl, of the
memory RAM1 for the following reasons. Namely, because the
arithmetic operations, at step S13, of the arithmetic unit
ALUl are meaningless in the FM synthesis as mentioned above,
the correct modulating wave phase data PGfl written in the

storage area for phase data PGfl at step S13 will be

,undeéirably spoiled if the operation result of the unit ALUl

is written into the storage area for data PGfl as at step S17
of Fig. 9. Thus, at step S17 of Fig. 15, the result of step

SlS is stored into the storage area, for phase data PGpl, of

the memory RAM1 which 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



sel ected by the selector 64, so that the logarithmc value data of a
periodic function waveform corresponding to the center frequency phase
data PGQu is read out fromthe |og/sine - table 62 to output. 5
The logarithm c value data selected by the selector 64 . i s passed
through the shifter and |l og/linear converter 65 wi t hout bei ng
processed thereby, and then, after beioggelayed t hrough the del ay
circuits 53, 55, 61, 63, witten into the  register REG at the timng
of subsequent step S17 which will 10 be described |ater in detail (see
item (d) of sginthekiging process memaimscowniebetedndforondpedifiR GtaRSam
of Fig. 14, the operations of step S13 correspond to the route of a
- 1 og/ fsi ne  wherealilte ORESIOL, haver subsiantimd adverge ffecis orsithe FM
wavef orm is read out fromthe |og/sine table 62(S13) in response to
15 the val S¥n¢hesi@isng seregess PGFalispPPEHLPR oAt NENS| P??Ft Whlg‘gi JFa

si gnal processor ,DSP1. . f formgnt foll ow.ng G r ol

c](c)nt ai ned i ﬁometlmeﬁa'agﬁ&raeslysmyugalqer%e[ ﬁg'l l’ﬁyélrt(g%osr%p%l}l&lg? ps:‘]cecjcﬁ%%osg%\/l
of Fig. 1.5 at "1". the | S; i LdE, 20
frequendy F@rﬁ%‘%rﬂ‘i ﬁé‘ﬁsun%/%é:zldpﬁr%% Zné]uency(j %T%Cl%\/%ﬁéﬁgeio?'s used
as a center fur o] ' r t i t | n )
case, the cor%ﬁi%%app%gﬁﬁgb%ngaa ﬁ?b‘ggg%i osnl%ﬁér(ga S ocﬁefsscoeltlt e]jrsm4S

frequency pha3gtdd ad”FM syntidslis—- of formant sound, rather than the
center frequency phase data 25 of unvoiced formant sound, as center

frequency phase datq. tD6 illusheatesd exdmglary t Gperatboys RARL fofrmede &t r st
digital signal processor DSP1l for the operations of step S13. Thus,
if the 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 functions 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 SO, S4, S5, s9, Sl11l and S14 mainly
perform waveform generation operations including a self-
feedback FM operation in the first FM operator OPl, and steps

s10, s14, s15, sl19, S19, S20, S1 and S4 mainly perform FM-



formant following control flag URVF is at "1", step S13

- 117 - perfornms operations for preparing a periodic function

wav.ef or m correspondi ng to an unvoi ced formant sound center frequency
i n accordance with the center frequency phase data PG 1 or P& 2 of

f or mant sound. 5 (8) Operations of Digital signal processor DSP4 at
St ep S15 Simlarly to_sijgp S5, step S15 perforns
operations for controlling the tone volune | evel of frequency
function wavef orm data corresponding to the second-group formant 10
frequency. synthesizedAs welvefiorim igemesatipran@perptdons gincduddng hiFsl
step S15, tone volune level data LVL2 is set to be fed to the A

i nput of t hepemetdens inythe s&wde mqm‘c@r#ﬁea j Buxkhey o steps Sdé;'f ed
totheBlnput of the unit ALU4, ecificall tone v
ovel . dat aST6v $18 1end 52 ‘exierh raperabiths: tonBTERPFERotRE (AR oag

g?t fromt h%@é‘ﬂ’é‘r W@&mﬁm%%@ of the ond di ai tQ|%|f ?hl na![ gﬁreo\(?%s 4 10SP2
ot 8% L Tl T o SRR W ol L7
operation for feeding waveform data, generated in response to
specific input phase data, back to the phase input so as to
modulate the input phase dafa. This embodiment is designed
to execute such a self-feedback FM operation in the FM
10 operator OPl.
(1) Operations of Digital Signal Processor DSP4 at Steps
SO and sS4 |
At step SO0, operations are 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 phése 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 wéveform
data FR is set to be fed to the B input of the unit ALU4.
20 | 'Moré specifically, phase data PGfl of the first FM
operator OP1 for the currenf channel is read out from the
‘memory RAM1 of Fig. 5 at predetermined timing. The read-oqﬁ
phase data'PGfl is sent, as data #RAMl,.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 #RAM1 is sent via
the rhythm sound generator 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



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 sel ect the data #RAM2, i.e., tone vol unme
level data LVL2. 25 Meantime, the logarithm c value data of the
periodic functi on wavef orm obtai ned at step S10 on the basis of the
second-group center frequency phase daLag4¥¥2 is stored into t he
regi ster RE4 at step S14, four clock pulses after step

- 118 - S10 and output as data #RE&4A fromthe regi ster REG4 at step
S15. The sebad afedlabs ks cH#RAMAs dtecthehiselemtom Bl to be selectegs,
the arithmetic unit ALU4 adds together the | ogarithm c_value of, the
periodi ¢ f urherebywayeTbemmsimane RAMA shasnR gP§0Fagsr AFHR2 cERT eSO dR%ency

and the tone vol une | evel data LVL2. Fromthe antil ogari.thm.c
vi ewpoi nt, wevefioym data genexataed i e FHrstn tﬂgeﬁgggﬁdbkgf §FctiPSh

wavef or m by the tone vol | eyel _data LVL2 tao th | a ne
vo!?ﬂe enveﬁﬁﬁghﬁ9ﬁrﬂ?W%ikﬁ¥wH$%algﬁ for uﬁﬁelgpéﬁai%%ﬁfggﬁgpﬁékktﬁgp
arithmetic unit ALUA is, ft i.n e th e

circui t 8 53°P§Fa58T;y Norma]a]"?bt gf‘ %&ea%lfi%%ér%ggﬁglehg%?% tﬂv\}\’)ytg?nock

pul ses, pasgeiing gendHO88N55Ne ORI | QUAENIEET kW COfHd 0dats #RaMaANds

out put as
passed to the selector 50 without being processed by the

generator 52.
Thus, the arithmetic unit ALU4 adds the feedback
1Q waveform data FR to the phase data PGfl of the first FM
operatoi OP1l. In this manner, the phase data PGfl for
waveform generation of the FM operator OPl1 is modulated with
a waveform generated in the same FM operator OPl in a self-
feedback fashion. | o
15 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 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 WF1l. The parameter WF1l supplied at this step SO is
oﬁe prepared for the first FM operator OoP1. Further, the
25 log/sine table 62 reads out sine waveform data in a
logarithmic value, ih accordande with the phase data PGfl for
the FM operator OPl which has been modulated in the self-

feedback fashion and undergone necessary phase value



data #4 at the timng of'subsequent step S17 which will be 15 described

| ater (see item(c) of Fig. 13). In the conbined functiona

bl ock diagram of Fig. 14, the operations of step S15 correspond to
t he route passing through - the arithnmetic unit ALW(S5, S15),
-simlarly to step Sb. (9) Operations of Digital signal processor
DSP4 at Step 20 S16 . Step Si@gperforns operations for
controlling the tone vol une | evel of correlative noise signal BWR

As shown in itens (a) and (b) of Fig. 13, at this step S16, tone
volune | evelcepversipn ms ssentioned akevee be fed 25 to the A input of
the arithnmetic unit ALU4, while correl ative noi se signal BWR is set-

to be fed to the Bi i@ 8bovesmgptioned magner, step SO “ppgiferms the
ci ficall I I | data ,LVLu i ;
*Plio - Vaed{fardharly . BT ARST atHeR uAPEn: VEREFAER | 4FRa BTRREIFR  ne
RAM2 digital -si DSP2 at
g?rergre%/erm' ne@é?él%snaf&oﬁl‘ﬁ?sf%%g E%:%L?gégfsgggg LVLu ?s sent to

1 ot b ol LA bl L B s
sel ector 50 yd\pdf¥m dath) S6EPtRe6£ir8@ FM operator OP1 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,
10 63 by a total delay time corresponding to four clock pulses,
written into thé register REG4 at the timing of step S4 (see
item (d) of Fig. 16).
of dourse, 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
operatdr OPl without processing the data- PGfl, so that
20 waveform data not having undergone self-feedback FM operation
is read out from the ldg/sine table 62.
(2) Operations of Digitai 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, ét this step
S5, amplitude level data LVL1l is set to be fed to the A input

of the arithmetic unit ALU4, while data #REG4 is set to be



sel ector 50 is caused to select the data #RAMZ, i.e., tone vol une
| evel data for noise LVLu. " Meantime, correlative noise signa
BWR of the current 10 channel is read out fromthe nenory RAMB of the
third digital _ signal processor DSP3 at predeternined timng. The
r ead- out signal BWR is converted into logarithmc form delayed
t hrrough the delay circuit 43 of EiflsgG by a predeterm ned tine and
then sent as data #RAMBL 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 sel eded tol theeBedinpult of cgheSinit ALU4 ¢ he selector 51 is caused to
sel ect the data #RAMBL, i.e., - correl ative noise signal BWR of the
current channel . More specifipmally . Replditudentiamehdade SiVirasR, an
logarithmc 20 formis added to the tone volunme |eyel data LViu by fhe
ari'thmetic @mplisude lemednpfhEhgnfirggalt pReratee msS rea °¢#ﬂ om
addition is equivalent to nmultiplying the correlati.ve | | I
BVR by the (o6 MG RASVA R Ane sotenis 19R T 5 8he) prochlih, TP
vol ume envel ope to {he signal BCXI\Rf . e QpekakioBohesul f e
ari thmeti c Eﬁﬂ%t TRAGrqut Vel dg %rﬁi"& nﬁsd%?égédggh?%rﬁéh@tkﬁg%delttgg e’
circuit 55 by.a %\?s' PRUS, ‘ﬂyp%%'gub%e Hi%h Pes$ed Vit Mo O¢BEl fourth
~low underf [fow controlTler to the selector 50 as data #4 at the
timng of sSWJ[/AMANsignal processor DSP4 of Fig. 7 and then sentlib -the
selector 50. The selector 50 selects this data #RAM2, i.e.,
amplitude level data LVL1. Meantime, the logarithmic wvalue
10 6f the waveform data from the FM operator OPl stored in the
register REG4 at step 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 1level data LVLl. From the
antilogarithmic viewpoint, this is equivalent 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 envelope data, and where the waveform
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 selector 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 circuit 57 to the log/linear

converter 58 to be converted into an antilogarithmic value and



step S18 which will be described later (see item(c) of Fig. 13).

In the conbined functional block diagramof Fig. 14, the oper ati ons
of step S16 correspond to the route along which the 5 correl ative noise
signal BWR fromthe third digital signal processor DSP3 and the tone
vol une | evel data LVLU fromthe second digital signal processor DSP2
are® added t oget her by an arithnetj ggynit ALU(S16). (10)
Qperations of Digital signal processor DSP4 at Step 10 S17

Simlarly to step S7, step S17 perforns operations for mul ti plying

t he peri odi cthemaoiutpunatedorthdaseectde 64 by wantobHl the debay voloowit
envel ope corresponding to the formant center frequency by the pitch
correspondi P wi ndow function 15 waveform in order to generate a
second- group formant sound . waveform shown in itens (a)
and (b) of Fig. 1Bheaanthiqgariphmic wavgfermydata %@tth% @kF$EmPE%F§H%rA
I nput of the_ arithnetic uni t at a # set to pe fed
to the B infRl Baying YWEF{HPQG 1tudgw1eve |?¥$?? P

e R Rl 60, o8 S8l 14 BOTE B 14
EEN R i
sel ects thisgglatngd. Meak Buldde, | GREsddM ehGhdgte Jl&@ shifter and
log/linear converter 65 without being proéessed thereby and
then written into the register REG4 at the timing of step S9
10 (see item (d) of Fig. 16). The antilogarithmic waveform data
is then'furthef delayed through the delay circuit 67 by a
one-clock-pulse time and written into the storage area, for
waveform data TRl 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 operator OPl of the
current channel. |
(3) Operations of Digital Signal Processor DSP4 at Steps
20 S9, S11 and S14
At these steps S9, S11 and S14, operations are performed
for controlling the self—feedbaék level of the first FM
operator OPl and also for preventing hunting (or oscillation)
from being caused by the self feedback.
25 First, at step SS9, the waveform data TR1l stored in the
predetermined_storage area of the memory RAM4 (corresponding
to the waveform datalgenerated in the preceding sampling

cycle) is read out therefrom and fed as data #RAM4 to the



of the window function waveform obt ai ned at step S12 on the basi s of

t he second-group w ndow functi on waveform phase data

-121- PGM2 is stored at step S16, four clock pul ses after step Si12,

and the selector 51 selects this data #REX. Thus, the
arithmetic unit ALU4 adds together the | ogarithm c val ues of the
periodi c function waveform and 5 w ndowsbuncti on waveform Fromthe
antilogarithm c viewpoint, this is equivalent to multiplying the
peri.odi ¢ function wavef orm corresponding to the formant center
frequency seledtgortibntoybehsepectadctherepyadi N9 Watéous galeaked by
wavef orm to thereby performan anplitude nodul ati on operation for
synt hesi zi ngthe s &FRERIOUPO-or ne® v desiUhtsi githe waveform data TR1

Con'sequently, the selegtor 64 selects the da&a fed t . t he a i nput
Ing” evgle, 18 7senfu

response to 99REEARA- HBniEnRFF R9 ofiemP 1§ hene
litud ti | t ' ' . | t I L hnet |

it Al | oeldt | st ag 03 kR Corsepmekic CupPk | RMEUAL $00ipass
troll ' ' 57, th ' :

cont 1 g1 Sl i SUsiesgea. © midh | MbOBALgCaR CORLCT] Sz

resultant  GaHMKIdIE¢he deé?ﬁfr@if&gf{ g5 Bng H%Eglbﬁ/%&éf'h&ﬁ%ﬁﬂ?olier

sel ector 64 by way the delay circuit . e antilogarithmc

value data 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 wayeform data TR1 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.ofl generated in the current sampling cycle and

stored in the register REG4 through the operation of step 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 by the arithmetic unit ALU4. _The

reason why the waveform data'TRl of the first FM operator OPl

20 generated in the 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 seiector 64 of Fig. 7 selects the data fed to the 7

25 input, and a feedback level controlling coefficient 1is

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

10

n



20 output fromthe selector 64, i.e., the result of the above-

ment i oned anplitude nodul ati on operation is passed through the shifter
and |l og/linear converter 65 w thout being processed t hereby, and is,
after being delayed by a total delay tinme correspondi ng to four clock
pul ses, witten into the register 25 REGA at the timng of step SO of

t he next channel (see item (d) of f#®m.- 13). An exanpl e of
t he second-group periodic function wavef orm based on the second-group
formant center frequency - 122 -
phase data Bgf An samdwmbh correspopdingf to ¢thel sgengmpted feedbagkndieyeds

t he second-group w ndow functi on waveform based on t he secaond- group

wi ndow f uncicoorredildng wosffieienta apdythen down-sii§k® ithe &0 ARtHPYF g.
18: Item (f) of Fig. 18 shows an 5 exanple of the second-group. for :
sound wavef @neterepittedn orderyjo REe¢RES 3Ry ac‘f?é‘?&%@%‘ﬁﬁaﬁ%‘ 6% of
1 e B oo SRl B SR AR i, "
o Ses P A Ml ehe " BUTRILR Tl S p0isTimlisc e
14, the  ALPYRlELASCOly SHERpRLT £E8R RHROUbIL-die 6OUbP hEg BF Rthert
delay circuit 55 and overflow/underflow controller 56, and the
averaging calculation and feedback level controlling operation
are performed by the down-shifting operations in the shifter
10 and log/linear converter 65. |
Resultant output data from the shifter and log/lingar
converter 65 is sent via the delay circuit 67 to the memory
RAM4 to 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 pulées, stored into the
storage area, for feedback waveform data FR of the current
channel, of the memory RAM4 at the timing of step S14 (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 t6 generate the waveform data TRl and feedback waveform
data FR in the first FM operator OPl1 correspond to the route
along which the phase data PGfl is sent to a noisé 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 ( SO9FM, SilFM). In this

case, a selector SEL2 corresponds to the function of reading



an arithmetic unit ALUA(S7, S17). (11) Operations of Digital

signal processor DSP4 at Step 15 S18 Step S18 perforns
operations for nultiplying a periodic function waveform correspondi ng
to a center frequency by the correl ative noise signal BWR having a
controll ed tone vol une envel ope, in order to generate a noise formant
sound 20 waveform As showmsgag 4tens (a) and (b) of Fig. 13,

at this step, data #4 is set to be fed to the A input of the
arithnetic unit ALU4, while data #REG4 is set tqQ be fed to the B

i nput ouft tihe uficedpack. waygform danrERsﬁégW|?ﬂﬁl§ee@hécko&%VQHwnc
val ue data of the correl ati ve nai se_si gnal B\é\%}:@%@cessed at step S16

is output contredlesm mnd a@géssﬁrsﬁ?&%( %M )raf tef- st BFTSTY,
and t he selector 50.is caused to sel t.his,_da #4 a

- 123 - RAM4 ang cﬁﬁP?%?ﬁR% $§Fu§ EQFQ qﬂﬁ?rﬁﬁ %ﬁ? S%Et?%%maavéform
corresponQ|ggP o the noi se-synthesi zing center frequency obt ai ned at
step S13 is dred into the register REGA "at step S17, four clock
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S10
At step S10, operations are performed for generating
waveform déta-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 OPl1 is set to be fed to the A input of the
arithmetic'unit ALU4, while waveform data TRl (modulating wave
waveform déta) is set to be fed to the B input of the unit
ALU4,.
i5 More specifically, phése data PGf2 of the second
operator OP2 for the current channel is read out from the
memory RAM1 of Fig. 5 at predetermined timing. The read-out
phase data PGf2 is sent, as data #RAM1, to the data bus DBUS,
by way of which it is input to the fourth digital signal
20 processor DSP4 of Fig. 7. Then, the data #RAM1 is sent via
the rhythm sound generator 52 to the selector 50 to be
selected théreby. Meantime, waveform data TR1l 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 (modulatipg wave waveform data) of the first
FM opérator OP1 to the phase data PGf2 of the second FM

operator OP2 to thereby execute a frequency modulation



caused to select this data #REX. Thus, the arithnetic unit ALWA
adds together the | ogarithmc value of the periodic function
wavef orm corresponding to the noise synthesizing center frequency and
10 the logarithm c value data of the correlative noise signal BVWR.
Fromthe antilogarithmc viewoint, this additionis equi valent to
~mul-tiplying the periodic function wavetoigsby the correlative noi se
signal BWR to thereby performa process for generating a signal

obt ai ned by anplitude-nodulating the 15 periodic function waveformwth

t he gorrel atoipﬁa‘a'biiags si gnal BAWR. In this nmanner, a noise formant
sound is synthesize Consequent |y, the sel ector el ects the
d?ta fed to . 8Th€hﬁs%l¢<#iﬁ}f 64 S%-B?R)"Fgeﬂf% 3R ofRf et %W‘FoﬁA I%‘&rdﬂ on
at - step S1 Thus, the anplitude nodyl ation result_. (logar

val ue) of tFesSRONSeRQ ctlam. PbQYEZImFE‘tg'Qﬂ?H PPRTAtAo (Telqd‘y( £e5 éi |’CU|Itn 55,

overfl ow underfl ow con

6 f
circuit 57, Wds H8¥-of ﬂB&Fagéﬁvg?fgtﬁP%' &F %E% %lthlﬁe%i‘{‘:nsdrg%%\?gfr{{%gl i nto
an anti| ogarl t hm £ zaqnﬁethezé‘& or 6&'33% @Qg 89”‘(:?15[ %@1%?} 'd:.QQﬁIJ.'-E hyg C

val ue i out rom ector del ay
circuit overf-i%/underiﬁ.w ! O&ﬁ‘itfcﬁﬂé‘rvaﬁ@e dﬁ&@e@éEﬂUt shigberhe 61,

sel ector 64 result of the above-nentioned anplltude
modul ation j1og/siRRET #Eb28 | 62 PagREddehequobiibeithidd.er amsl Ipamtiowsly
described, the waveform shifter ) performs a phase value
changing process for a specific phase portion on the basis of
10 parameter WF2. The parameter WF2 su.pplied at this step S10
is one prepared for the second FM operator OP2. Further, the
log/sine tabie 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 logérithmic waveform data (i.e., FM-synthésized
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 éircuits 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, _ n6 FM operation is executed in some of the FM

operation algorithms. In such a case, control is performed



- 124 - converter 65 without being processed thereby, and sent to

t he menory RAMA by way of the delay circuit 67. Then, the
ampl i tude nodul ation result in antilogarithmc formis, after bei ng
del ayed by a total delay tine corresponding to five 5 cl ock pul ses,
witten into the storage area, for noise formnt sound wavef orm dat a
TRu of the current channel, of the nemoryse - RAMA at the timng of step
S2 of the next channel (see item (e) of Fig. 13). In the

conbi ned functional block diagramof Fig. 14, the 10 operations of step
S18 correspandsteptBe0rnotetpaseadgouhrwm@pﬁorm data TR tnam ithememory
ALU4(S18), where the arithmetic unit ALU4(S18) corresponds to the
arithmetic RAM4,Aot tof cRiuge no data te berisede Pa’)%rs@slﬁﬁﬁ%rtq}'the

over fl ow underfl ow controller 56 of Fig [linear .conv er
58(S18) 15Conseuesiiys the ﬁEiIthPFPﬁeHPlEo%E’Ft%‘ft@g 2fthe ph eg?dﬁaa

SELL cor r oo Bt S EPRCSTERTER (13h QRS LR A PP Be#ﬁ%chroééss?ﬁ%cﬁ%mn
ol Tow g ol o) HiaborVerhEfl fava SOpHEVLNT iergone ¥y ldler disBHl!
control fl ag U%d % A colg)r es%ﬁdféniféﬂ{e table Sl sel ect s the periodic

functi on mav ormd to the unvoiced fornmant

frequency phasq fpt Gpdfdie{ 645" bEC Digitall Bighal #icéssss! DEptakie S(S13)

and gives the selected data to the arithmetic unit ALUA(S18).
FPmever | flgitsne 25 formant follow ng control flag URVF is at "1", the
el ect or

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, amplitude level
15 data LVL2 setting an amplitude level of the second FM operator
OP2 is read out from the memory RAM2 of the second digital
signal processor DSP2 and selecfed by the selector 50 as data
#RAM2 to be fed to the A input of the arithmetic unit ALU4,
while the logarithmic wvalue 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 ALU4.
Thus, the arithmetic unit ALU4 adds together the
logarithmic value of the waveform data generated from the
25 second FM operator OP2 (FM-synthesized waveform 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



SEL1 selects the periodic function waveform data correspondi ng to the

formant frequency phase data PG1l or P2 passed from the route of the
shifter and linear/log converter 60&62( SO,

- 125 - S10) and gives the selected data to the arithnetic unit
ALU4( S18). (12) Operations of Digital signal processor DSP4 at

St ep S20 5 In conbinati omsyth step S1 of the next channel,
step S20 performs operations for generating final formant sound

wavef orm data by addi ng together first and second formnt ' sound

wavef orns. level data B¥L2ho/fhe ampldideajedrnd data Vi gomprisgs me
step 10 S20, no data is set to be fed to the A input of thi '
grl ]E hget i c wemyinguenvgdiane datd . AMLPTYRGEIORS, 38t TRRS yolume level ,
e:fed to the B .input of the unit ALU4, More specjifical

wavef or m daSetEnGdatR ta, S&k an outpyl,fepe jvolums £s)t %Bﬁoﬁ%dfécﬁor%“nt

[ ata T LT nt
Ciming ang G Sederaled Tror vhe HaceRl i pd e T, O DLTOT E1 T 0%
be sel ect edmid oLl gl i gaclPebiddie the askeckes €6 the o

Thus, tﬁe first-group wavetormdata TRl i s passe
input in response to the above-mentioned operation of step

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 antilogarifhmic waveform data of the second FM
operator OP2 having undergone amplitude 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 convefter 65 without being processed thereby
and then written into the register REG4 at the timing of step
S19 (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



through the delay circuit 54 and arithmetic unit ALU4 without 20 being
processed by the unit ALU4. Then, the waveform data TR1L is, after
bei,ng del ayed through the delay circuits 54, 55 by a total delay tine
“corresponding to. two clock pul ses, passed t hrough the

overfl ow underfl ow controller 56, and out put as data #4 at the timng
of step S1 of the next 25 channel (seeggem (c) of Fig. 13).

(13) Operations of Digital signal processor DSP4 at Step S1 of Next
Channel As shown in itens (a) and (b) of Fi 13, at this St%P

- 126 - SFimsdt,a a1 is$epetS2Q, benf ezmdﬂ!r@ Atgﬂ'ﬁuta ofPefific F

arithnetic unit ALU4, while data #REG4 is set to be fed

id nput . opeTekdopnplagrithm is Selecte%r‘éh%ﬂ'é%\r‘ﬁ@’a? F‘%P‘?? r?xé‘%vé{gftgﬁn
ata TRl I rst-group 5 formant. sqeund vef o ata), read out .at 820
of the figsdc M nGPERFYRE QRL odfpdieass Q4Fa’ E"%\%tl%?e}?rg ett%r th|ock

I ft t S20 d.th I
fat o #a. NOSHOTRBS (FHPLochih. GRoly W rah thgu i rent shapnefl §F ¥l ©

nt SOUI’] wave OI’?T'I at a

?2;?;{]?3 R St t]'%"ﬁp‘{sé our&C? Egtghw ses a%Z?éjs'?%ggrsllg?ogﬁg%e
output as d%ﬂ.é@%’éﬁ‘l {RORRBYE No data is fed to the A input of the
arithmetic unit ALUl. Thus, the waveform data TR1 of the
operator OPl is sent via the delay circuit 54 to the
arithmetic unit'ALU4 to pass fherethrough unprocessed. Then,
10 the data TRl is passed through the delay circuit 55 and
overflow/underflow controller 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 TR1 of the first FM operator OPl) is seiected
to be fed to the A input of the arithmetic unit ALU4, and the
data #REG4 (i.e., antilogarithmic generated waveform 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 first 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



regi ster REG4 at step S1 of the current channel. The selector 51 is
caused to select this data #REX. Thus, the arithnetic unit ALU4
adds together the first- 15 and second-group formant sound waveform data
to provide a final formant sound waveform In response to
t he above-nenti oned operation at step Si, the sel ector 64 selects the
dat'a fed to the [err] input. I n - pgiglition, the overflow underfl ow
controller 56 functions as 20 alimter, and the shifter and | og/linear
converter 65 is caused to allow the fed data to pass therethrough

wi thout andbebvgrplowgenddrfhoweyoniQurkkam ebl,y, peaged| rehreygh hddiezed
formant sound waveform dat.a output fromthe arithnetic unit ALW |s
sent, via tshifdleay and cog/Bneaw convRF teHchP| whthoyt bgipgpracessethg

Cher ot hr ougihemehgt aR4 rEPpRogedoar the. arhEhEBf oy ARAT AL oved T
e oo 29° gy oottt 87T mudX 2lE? SleddEidh Flufb e ol
10 8 oL R 5y SR B s B e
finally obtginedchy 2fdding §8fafd® -G VP RL14VEL PEARLESE3, 54, 55,
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 épecific FM operation
algorithm is selected, control is performed not to read out
the waveform data TRl of the first FM operator OP1l 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 secdnd FM operator
OP2 without changing the waveform data, which is then stored
ihto tﬁe storage 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 stored in the
predetermined storage area of the memory RAM4 will be utilized
as waveform data of an FM-synthesized tone signal.

In the combined functional block diagram of Fig. 14, the
above-described operations of.steps s10, Sl4, s15, s19, SZO,

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, S1l) as



5 shown in item(g) of Fig. 18. As shown, the synthesized f or mant
sound wavef orm having a pitch corresponding to the normal pitch -
(1/f0) based on the pitch frequency nunber data i s obtained by adding.
the first- and second-group formant sound waveforns (itens (e) and
(f) of Fig. 18) which have 10 been conbined via nodulation based on
wi ndow function wavefornms phase shiédved fromeach other by 180 and
each of whi ch has a frequency of 1/2f0. The resultant synthesized
formant sound waveformis stored into the storage area, for wavef gr m
data TR2 of waveform edatenaTRRA. of Ibhe thdfor gamgw. thes selectors JEL

modi fication of the operations of steps S20 and S1, onl he .
second- gr ouﬁ’OFfé‘ﬁW"gmﬁ% they Suschion figpagdng out the é?’(?v?/er#od:mt pata

stoerage area, for waveformdata TR2, . renor . WM. ho
bei ng added TRk hEZRE f'lt}g‘?t -GPILFTeE nﬁ%p{lﬂ@?), shunw \Aék\;%"f%g\% J%%i.] Ilékldsuch
a case, the fir t-.?ro far t . .20 V, h | t d
\iAEft?) the st Wé’é‘y “¥or* e%%-outm%aeﬁ%?én?g%% %é,fno@ﬁ%n% rr%?g) SPA%?

il e the secongs "Sptkati f n@g% ngd; f \ b
into thg stor agg])g %ﬁle%nﬁ oé)fwa %E?jr:jn %aﬁé‘%ﬂg?&gggar%bbﬁ (r?tftr?gﬂ
conbi ned furgldyanal bl ock diagramof Fig. 14, the 25 operations of steps

S20 and S1 correspond to the route of a regi ster ALUUKRAMA( S17, S20,
S1), where the figtdps 3138,581%)dS18 and §ROUP Figrews, sehirch veeneefsoimmblcet a
fromthe | og/linear converter 58(S7, S17) are added and retained in

t he regi sterthe 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 predetermined
storage area of the memory RAM4. However, although steps 2
and S12 of Fig. 16 concern operations éf 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 of these step operations may be used.

20 The waveform data TR2Z and TRu (and ‘also TRl when
necessary) of all the channels having been prepared in the
above-mentioned FM synthesié operations in the fourth digital
signél 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 DSPl via the data bus DBUS.
Thereafter, through the above-described operations of steps
s11l, S12, s19 and S20 of Fig. 15 performed in the digital

signal processor DSPl, the tone waveform data of all the



- 128 - ALUA&GRAMA( S17, S20, S1). The route of register

ALU4A&RAMA( S17, S20, S1) corresponds to the operations of the
arithnmetic unit ALUW and nenory RAMA. - - Exanpl e of For nant
Sound M xing Operations of Digital signal 5 processor DSP1--

Referring back to Figs. 5 and 9, an exanple of the "m xi ng
operations"” of the first digital signal_ gggcessor DSP1 w il be
descri bed. (1) Operations of Digital signal processor DSPl1 at Step
10 S11 At step S11, operations are perfornmed for mxing

synt hesi zed dlanmeils sarel \sumfest mugat afdert hbavadgvi beeh subjechednets
into the | eft speaker of the sound system SS. As shown in itens
(a) and (b) lﬂfﬂlglglm leyel kﬁ@,ntﬂf@p based oin | theranning Lrametess sBANt o
be fed to the A input of th arithmetic un|t ALWM of Fig. 5 while
data M XL i 2R tu?ngeand then Pybpheas l9fik d tﬁ%gﬁﬁlF°REU@1x data

e A
o A R RSP S S b cR B olppae sre>
et r e e ol 1, Sosd By o 130
left level controkor reference, the functions of the first and second FM
operators OPl and OP2 pérforméd through the above-described
cooperations of the digitél signal processors DSPl1 to DSP4 are
10 shown in Fig. 20, and Figs. 21A and 21B show in functional
block diagram exemplary FM operation algorithms.

In Fig. 20, the function of the phase generator 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 digital signal processor DSPl as
mentioned earlier. The functions of the portion including the
adder AD'for modulating the phase data PGfl or PGf2 with the
féedback waveform data FR or modulating wave waveform data TR1
and the multiplier MUL for multipiying the read-out waveform

20 data by the amplitude level data LVL1 or LVLZ 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 bSPZ.'

25 Fig. 21A shows an FM operation algorithm <that is
designated when the tone synthesizing algorithm parameter ALG
is of value "1". According to this FM operation algorithm,

the first FM operator OPl performs self-feedback FM operations -



25. data read out fromthe pan-table 21 in accordance with par amet er

PAN t hat desi gnates panning of a formant sound is sent via the
selector 22 to the controller 23. The above- ment i oned wavef orm data
TR2 sel ected by the selector 10 is

- 129 - shifted by the log/linear converter and shifter 14 under the
control of the controller 23 responsive igathe left |evel control data
(i.e., the data TR2 is controlled in level in accordance with the |eft

| evel control data), and then fed to 5 the Ainput of the arithnetic unit
ALUL by wayanfl phasgeldata PGfZiofuthe 18econd FM opexphari RB2 Her Phasee ni x
data M XL is read out fromthe menory RAML of the first digital_ signal
processor Dsedudeted usingsn asc@ofnlaiingsmave : yavedorm fatd. Yavefory. 5

to:be 10 selected thereby._  The |l ected data M XL . d th h
the 1og/|inéatacER e@%@?f@gﬁd sHrqm %%G%P%F Pﬁgagsbe??ng'clﬁa'gﬁ’%%é’%&%ﬁed

L o oy e 15 BubDRY! of oblErsen FHIARIER Gl g A she 1

{02EXeE e SamrbGLARY, Y s Oul, A LIS, Bl g
control dat g Rghtde L EhEebPRe ddea dPRa M XkedThEo a¢Rkl i®Ninput of the
arithmetic unit ALU4 so as to cause the first FM operator OPl

to carry out a self-feedback FM operation; at step s10, .

wavefdrm data TRl is fed to the B input of the arithmetic

10 unit ALU4 so as to cause the second FM operator OP2 to add

the waveform data TR1 to phase data PGf2; and at step 20,

waveform data TRl is not fed to the B input of the arithmetic

unit ALU4 so that addition of the waveform data TRl and TR2

is not actually executed ét subsequent step Sl1. |

15 In contrast, Fig. 21B shows an FM operation algorithm

that is designated when thé tone synthesizing algorithm

parameter ALG is of value "2". According to this FM

operation algorithm, the first FM operator OPl perfdrms self-

feedback FM operations, while the second FM operator OP2 adds

20 together the two generated wavefofm.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 operétor OP1 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 TR1 is fed to the B input of



result of the arithnetic unit ALUL is, after being del ayed t hr ough
the delay circuits 15, 17, 18, 19, 24 by a total 20 delay tine
corresponding to four clock pul ses, passed via the out put controller
20 to the nenory RAML to be stored into a storage area for left tone
m x data M XL thereof at the timng of step S15 of Fig. 9 (see item
(e)~of Fig. 9). Thus, wi th the opeléBiens of step S11 of Fig.. 9
performed for each 25 of the channels, sanple val ues of the synthesized
f or mant sound waveform data of the channels, havingathe left |eve

control |l ed figte @Fd Ghmeidse vod thaRHAg0 Hhat aadidrampdy thanfeueform data pe

SUOLeC MO Ay Sad " ARE FL Beril1rerebil8aaE Sibleapent shRR 801 it al
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ina simlar manner to st operations of step S12

are dif fer eRjadd 30 '@$€a OFRu in thECAigitalN silBRkll iptlicdsAitils THHET Qindlat a
Is read out from 10 the pan table 21 'n accordance wth paraneter PAN
desi gnating psp4. Further, the operation of adding the noise waveform
data TRu to FM-synthesized tone waveform data corresponding
to the "mixing operations" of the first digital signal
prooessor DSP1. Of course, whether or not to add the noise
10 waveform data TRu may beldetermined 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 digital signal processing device
performs tone waveform synthesizing operations through the
cooperations of a plurality of digital signal processors DSP1

20 to DSP4.

While, in +the above-described embodiment, various
operations and processes for synthesizing digital tone
waveform are allocated to four digital signal processors, they
may be allocated to and performed by any plurel number of

25 digital signal processors other than four. Further, although,
in the above-described embodiment, the various operations and
processes for synthesizing digital +tone waveform are

classified into five major groups: "phase operations";



panning of a formant sound is sent via the selector 22 to the

controller 23 and in that right tone mx data MXR is read out from
the,menory RAML and sel ected by the selector 11. Thus, the
arithmetic unit ALUl adds together the 15 synt hesi zed formant sound
wavef orm data of the current channel havi ng been controlled in the
right level by the right |evel canggal ~data and the right tone m x
data M XR. The addition result of the arithnetic unit ALUL is, after
bei ng del ayed through the delay circuits 15, 17, 18, 19, 24 by a
total 20 dsngeldope copaspbicnsly t o Tnedse| ockpenations bassctivavetorme
output controller 20 to the nenory RAML to be stored into a st orage
area for ri JIRNSTAELOR ORREALIPNE t AR otmixing operations) ngthey siayp b6
of Fig. 9 (see item(e), of Fig. 9). Thuys, wi th the, operatjons of, step
312 of Fig. BaRFrHIeEdnte ailisf swdtable groupannihat ismALthadhs BF

t he synt hesized f rmané . éoun % rmdata_of .the channq:I.% haa\{!ilgg
the right | P& 3POVe-@BReFLPPdy kP rpode SPTpEHRI MESTAYEORS
sequentigal | y, SUIIG s are dPad$iFLOS Sfhidlthd hé‘b&&é’-rn?&&ﬂf%d £R0e rd\%&
tone m x data - - R,

of the menmryr KAWL . and allocatdd EBEEBLIORIGAtal WilgMa1Si e UL SHN1
DSP1 at Step S19 _

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 toﬁal processing 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 groups.
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 'hecessary' number of digital signal
processors can be added. In such a case, additional control
processor (CPU) and memory of the microcomputer COM for
performing parameter supply control, additional input/output
25 interface, etc. may also be_pfovided, in order to meet the
addition of arithmetic operation functions and tone generation

channels.

Furthermore, while the above-described embodiment can



At step S19, left level control is performed on noise 5 - formant. sound
wavef orm data of the individual channels and the t hus-controll ed
yvavgeform data are mxed into the |left speaker of the sound system SS
ina simlar manner to step Sl 1. The operations of step S19 are
different fromthose of step SI'1 in that noi se waveform data (noise
formant sound 10 waveformdata) TRu ofjgke current channel is read out
from the nenory RAMA of the fourth digital signal processor DSP4
transferred to the first digital signal processor DSP1l via the dat a
 bus DBUS t oemplogl dudtehl bhet forseindctsourid amthﬁsmaunethod ard t they &M
control data for noise is read out fromthe pan table 21 in

accor dance mmm@damqﬂammeqmm$wrmmﬁ@ne and dp Qﬁs&mdcé'd’
formant sound is sent via the selector 22 to . coptroll 23.
Further, th&toae: thfe nasPesdivev RE°r°Pr°9ﬁFP‘Fte’rP| F‘f helHEhb? §

step 815 Is read out and
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circuits 15 ) 24 25 by a total delay tine corresponding to
four clock RWa$Ethe abovdlafsfioredthe output controller 20 to the nmenory

RAML to be stored into a storage area for left tone mx data M XL
t hereof at the tiMBrebvdr Stthe Sprekehite ineentdloannisd Bokelimited to the
application where various operations and brocesses for
10 synthesizing digital 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 1is 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.
Moréover, the principle of the present invention is also
applicable to'devices which synthesize or process human voice
or the like, as well as devices which synthesize or process
effect sound such as imitation sound for use in video game,
25 video/audio software or the like. In effect, the present
inﬁention may be applied to all types of sound signal
synthesis and/or processing.

Furthermore, the' microprograms may be stored in the



- 132 - item(e) of Fig. 9). (4) Operations of Digital
signal processor DSP1 at Step S20 At step S20, right |eve
control is performed on noise 5 formant sound waveform data of the

i ndi vi dual channel s and the t hus-control | ed waveform data are m xed
into the right speaker of the sound systemSS in a sim/lar manner to
step S12. The operations of _sigp S20 are different fromthose of
step'S19 in that the right tone mx data MXR is read out 10 fromthe
menory RAML and sel ected by the selector 11. Thus, the
ari.thneti c weispetttiiveaduicropregrant SUpply seaidionsn dalFigru hhvPhg Theen
controlled in the right |evel . in accordance with the parameter uPAN
and the righindimidualx digitaht #ignm DRECEFEPTFoPSHIsuFP HSHYe1n any

ari-t hneti it ALUL 15 [ f ' | dth
circuits 150egireffashion. Fob sametq bkl BEFEySTT R RGBS %

: _
ravt O o ELERATE nRR e ofn b o£OHY, S hftr o et 20 TR
thoreof cat {4y (i H BeOhe SRR p3bolondh nIBKEHARNSS (85501000 1vbipRd Of

Fig. 9). respective values o and right tone m x

data M XL ang,MXR @ Haiatiefl £¥dbignitdd oriyhidiisizing algotithmf

t he formant sound waveform data and noi se waveform
or the contents of microprograms to be stored may be rewritten

or modified optionally under the control of the microcoﬁputer
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 DSPi to DSP4,
the microprograms corresponding to the processors DSP1 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-described embodiment, when data prepared by



data for all the channels are summed. 25 Al t hough the synt hesi zed
formant sound waveform dat a obt ai ned by addi ng together the first-
and,second-group . formant sound wavef orm data has been descri bed above
as being stored into the storage area, for waveform.data TR2, of the
- 133 - menory RAMA, the data may be summed after the three waveform
TR1: TR2 and TRu have been separately |leygl-controlled for panni ng,

in the case where only the second-group formant sound wavef orm dat a
is stored in the storage area for waveform data TR2 as in the

abave- nent i conel digitakasignal processor Ke.oghe @§ﬁﬁu)n@@df waneshain Gtk k
di agram of Fig. 14, the perations of steps S11, S12, S19_and, S20 of
Fig. 9 meRAFE s BAN "EIEP‘F‘Fféf r éﬁt argklized gilpy anpther 1@%&@9&%%&@1

S1%, S19, S20 where a, sel ector 2 corresponds (o the nctlpn of
sel ectively Réﬁwm(%ﬁ 53 dare%Feriéaworﬁata r%P$ ite
RAMA(S17, S20, S t t h d|

si gnal proce%%%‘? aﬁ‘ae e%ﬁl“%e%@%‘%e ?eﬁ?c&ﬁ shce W:(Ljié a%h? tll'ﬁ% 645 ve

di gital BeP
A!sglhag b%é%%cﬁmﬁ? beg jﬁt{)eggs%glsegoékgg:assof Fe%?)e reﬁgensc lsl:’lg('imt ton
m x data M YrskdMrRlevehtRtiANY 8BopBrate with each other. However, the

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, nhen data prepared by one digital
signal processor (e.g., DSPl) and stored in the memory RAM
thereof is to be utilized in another digital signal processor,
a data request may be given frorﬁ the one processor to the
other prodessor 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 Descriptinn about Channel Synchronization]
An additional description will be made hereinbelow
about an example of synchroniied' tone generation control
20 responsive to values of the channel synchronization fiags RBP
of the individual channels.

Figs. 22 and 23 are conceptual functional block diagrams
illustrating the tone genération channels CH1 to CH18 in
parallel form Whiqh are time-divisionally realized or

25 activated through the above-described cooperation of the
digital signal processor DSP1 to DSP4. |

More specifically, Fig. 22 shows a condition where the

channel synchronization flags RBP for all the channels are at



accordance with the formant sound synthesis nethod through the

cooperation of the digital signal processors DSP1 to DSP4 and - t hen
stored into the nmenmory RAML of the first digital signal 20 processor
DSP1. The thus-prepared tone waveformdata (M XL and MXR) is then
read out fromthe nenory RAML of the first di gital signal processor
DSP1 at predetermned timng and sent - 168 40 the digital-to-anal og
converter DAC by way of the data bus DBUS and interface DIF. 25
--Exenplary Operations of Digital signal processor DSP1 Rel ated to
FM.Synt hesi & value of "O" Noiwee dekerepereh H#Pne genpRatigBoGh &y
operations performed when tone waveform synthesis is conducted

- 134 - not in aced e PRFERTENEYRRPEYRE Aed; tonk GRRPIAT Sy FREF oL

coeperation of the digital signal prog r,s ,DSR PSP4. r,

s[,)gg)g opg_rat Worie e ) ﬁ’g:h%cﬁiﬁ%é‘ﬁ&#hi rg(%gﬁgi & kol si gy eﬁes;?rnci):ceﬂ% cT\rég1
and DSP3 wi |l npt degcri bed [ s he Unn ¢ @

m cr opr ogr afeSF1ehi gomae}h%d% 8, ngeﬂgrgt%lqé gﬁ.'o%\?‘gﬁaﬁ'egdt i éﬁgd f%m%t m}(?und

Thok"cad? THRE) Hbrsons [ BULEH LEcgsEiLl) pateeac o e s e

wavef or m opgllerdt ieh EHirhe 14 Chinv thidecenbledioh) r ¢heakéy-on signals

KON1 to KON18 and pitch frequency numbers FNUM1 to FNUM18 sent

via the microcomputer section COM and interface CIF are

separately supplied to the corresponding channels CH1 to CH18.

10 Other parameters.corresponding to the channels CH1 to CH18

(parameters other than FNUM and KON shown in Fig. 19) are

also supplied via the microcomputer section COM and interface

CIF to the channels. Thus, each of the channels, on the

basis of the supplied parameters, generates a tone signal,

15 having a sound color characteristic according to a designated

tone synthesizing algorithm, at en individual pitch and tone
generation timing.

Fig. 23° shows a condition where the channel

synchronization flags RBP for all the channels are at e value

20 of "1", i.e., where each tone generation channel is in a

state to perform synchronized tone generation control with

other channels. In the illustrated example, the 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 indicate value "0", the flag RBP for channel CHk+3

indicates value "1", and the flag RBP for channel CH18

indicates value "0". Here, "k" represents an optional channel

number.



10 second FM operators OP1 and OP2. For exanple, in one FM

operation algorithm the first FM operator OP1l generates a nodul ating
wave signal, while the second FM operator OP2 perforns a frequency
nodul ati on operation of a carrier wave signal with the nodul ating

signal 15 and an operation to generate a nodul ated waveform si gnal based
on the nodul ation result. For conveni encggof —description, the
wavef orm generated by the first FM operator OP1L will be referred to
as .a nodul ati ng wave, and the waveform generat ed by the second FM
operator OP2 wi | | Ae megftdionedl teandier, 20.f cthei channed, syndhucemizdbion
meani ng of these words shoul d not be taken so strictly; nanely, in
anot her FM obkaait RBR is "I gbert Bmsnaslfbia pehanpeh ofbepMitheereperifig
soneti mes not nmodul ate the output fromthe ather ENLoEerator, oy the
out put - hamnel hsigratplife FusMeRM R FithnedimteingfchannebiRle
25 of the sane EM oper.ator. I.n so case,, the waveform e at ed
by the firstDRRSIISE MR R N R B SHamRlS|0f i pin
wavef or rg of élPaenr?eef 0&92 F%gg%ﬁ%&-gilggz to generate %S t%nremzﬁ'i é)l;l'?clflfcgr?:t.sm

di gi tal “signal - processor

o0 second AITESHAREEPCE SasuhReoShs pusaPhake A8t datpmersnt e gt
"iv. Because the channel synchronization flag RBP is also
"l" 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 wvalue "0" (i.e., channel CH1l).
Those channels CH2 to CHK, which are controlled to synchronize
with channel Chl, are all supplied with a same key-on signal
KON1 and pitch frequencf number FNUM1 of channel CH1 and
generate tones at a same pitch and timing as channel CHI.
15 Because other parameters (parameters other than FNUM and KON
shoﬁn in Fig. 19) are supplied to channels CH1 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 émployed in channels CH1 to CHk, a
plurality of tone signals having different formant center
frequencies can be generated in channels CH1 to CHk by using
different formant frequency'numbefs FORM, although their pitch
25 and generation timing are the same. This is equivalent to
synthesizing a single tone signal of multi-formant structuré.
It should be obvious that the tone synthesis method employed

in the channels to be synchronized may be other than the



signal processor DSP4 executes operations to generate a nodul ati ng
wave wavef orm and nodul ate carrier-wave phase the 5 basis of the phase
data generated by the FM operators OP1 and OP2 and to generate a
wavef orm on t he basis of nodul at ed phase data. An FM
operation algorithmto be executed is designated by the
above-nentioned tone synthesizing al goLiijgparaneter. 10 If, for
exanpl e, the paranmeter ALG is of value other than "0", it indicates
that tone synthesis operations are to be perfornmed in accordance with
t he FM synt fesinantetsound ssynithesis method edstushni aed the o8 gyndhesis
algorithmis sel ected dependi ng. on the current value ("1" _or "2") of
the paranet eetho@. | Alusrnatively) okhag tueafsthedsy nay-\pgperriprgrd in

algorithns may be Jinplenmented by use of comron mnicroprograng.for. FM
Synthesi s Combipatigenim RHRHeP BHERST HEDhHAS PHMSR] SoMmA SyfEhesis

al gorithns can be realized by only changi.ng data tq be_usged

oper ations &P?P@dezﬁr rﬁ'?%]oo%?‘ips":r}/ -58“'% of g‘iﬂ% c%"ﬁ&st?%ﬁestljéé;er%v{ ary
operati Qns perfor at vario 1 Cr.Qproar L fi

di gi t al gsi gﬁé’lnt%ergispFgggggo?%gafﬁﬁh@gcg'?gﬁa g)r@gc%g‘sa%gfllr%g&%e'perf o%#scrit he

"phase 0 I.ons. d mi %in ?gggr | " : 1 pLe a0fedred-

9, and such'ao[I%‘g‘:{;sgetF i%sﬁsw%f f %g![ )igeq) escr@tﬁeﬁnegéejt'jéiyl 5 eFEéggEé at g:dgi\%i d

unnecessary fJupliCatRAndeRUSEhBEnPE6Rt | 68S 8o or hbge lhatndnike

clearly understood by reference to the f oregoi ng description of the
formant sourGmpeMems.s net hod of Fig. 9. Further, the functions
performed by the first :

Further, because, in the example of Fig. 23, the flag

10 RBP is of value fO" for channels CHk+1l and CHk+2, these
channels CHk+l and CHk+2 are controlled to generate tones
independently of each other on the basis of their own key-on
signals KONk+l and KONk+2 and pitch frequency numbers FNUMk+l
and FNUMk+2, etc. Because the flag RBP is at value "1" for

15 channel CHk+3, channel CHk+3 is controlled to generate a tone
in synchronisﬁ with smaller-number adjoining 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 cbrresponding flag RBP.

20 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

- 25 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



- 136 - digital signal processor DSP1 on the basis of the program of
Fig. 15 generally correspond to those showmn in Fig. 10. But, - It
should be appreciated that step nunbers noted in par ent heses
at the end of the corresponding circuit elenents 5 correspond to the
programof Fig. 9, and do not necessarily -correspond to the program
of Fig. 15. In Fig. 15, steps;»P,. S3 and S6 are directed to

cont rol to change pitch frequency nunber FNUM so as to prepare a
frequency nunber, i.e., nodul ating wave frequency nunber for 10 t he
first FM aepmpoiraril9PlstorSidep inSO thes coimpatesd inderface a€ddul amidng
the frequency nunbers obtained for the first FM operator OP1 at steps
SO to S6, swespeckiwecpeakugs ogfeddie/eflags RBPageaylabg Gheckedpdn| dheng
wave phase data) PG1 for the operator OP1l. 15 Further, steps

S2, ﬁS and $eterfager £XFed 5%#@&’#@%319nalsf @ﬁhé’?&/l’ﬁﬁ%’elf FEERIh
pi tc frequency nunber FNUM so a f b
i.e., carri @f FNgl TG Ssupp iiﬁ?f’rb‘é? &)‘Er %P?lé'é' re%nc%?auo B

555 58 ) e s, MBI S SOt R

steps
prepare aggda ruav a a 2
for the FM operato[ri"%%DZV'(;:]"I!'@.‘h cstglnvetnc?!ee#(]:{g%of ‘%‘a'gr(:érsfaptdla‘%neth}a!h %q'a@g )Rlﬂg

Alternatively, respectlve values of_the flags RBP may be
checked within the signal processors DSPl and DSP2 so that
key-on signals KON and pitch frequency numbers FNUM may be
10 supplied to the individual channels in a manner to meet the
synchronous tone generation conditions in acqordance 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
sfnthesize tone signals having a variety of formant structures
or harmonic comppnent 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 channelé.
Although a plurality of the tone generation 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 fhe sound color setting or tone volume setting parameters,

in addition to tone generation timing and pitch, may be made



phase data PG1 and PG 2 for the first and second FM operators OP1
and OP2 are denoted by the sane reference 25 characters as the center
frequency phase data PG 1 and PG 2, al though they are different in
contents. Except for the above-nentioned steps, step procedures
I n t he "phase operations"” of ‘Fig. 15 are generally the sanme as

- 137 - those of Fig. 9 (A though4pere are several steps for
prepari ng data unnecessary for the FM synthesis, the results are not
used in the FM synthesis and hence no substanti al probl ens any be

i nyol ved) . thecpapeobedweedn ithe designated toneogensriadich amhanyeds, or
generally the sane as those of -Fig. 9. Therefore, particular
descri pti ontonei Idendmatimadestart timirg nhayokeaddffespatiateds sdiadrtdys
SO0 S3 and S6; operations at step S9 based on the results of steps
S0, S3 oranby S@N opPPEPPEAStE anmePRt shetyeen(the derigprtedi HaDeyt
10 step S16 based on the results of steps S2, S5 and S8. (D
Oper ati ons @ereprgtion shapnels-ocessor DSPL at Steps SO, S3 and S6

T el MRTST SRR i, EAR, SBoghlasege bl bRt

procedur es %§s%%%g%igochggngﬂddééiaﬂaggg'for synchronous tone generation

| .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,

Furthermore, although the embodiment has been described

above as using the stored values of the flag RBP as

synchronized tone 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 synchronization flags

RBP, channél data désignating a channel to synchronize may be

used so that not only adjoining channels ‘but also other

desired channels are synchronized with each other. Another

20 modification may be made such that, in the synchronized tone

generation mode, predetermined one of the channels is set as

a basic channel and a channel designated for synchronized toné
generation is synchronized with the basic channel.

In addition, although thé above-described-embodiment

25 - uses the digital signal processing section DSPS as shown in

Fig. 1, as a tone signal generating device having a plufality

of tone generation channels, to implement the above-mentioned

channel synchronization operation, any other type tone signal



9. It is a matter of course that these steps produce data conpl etely
different fromthose prepared by the correspondi ng steps of the
formant sound synthesis because they use entirely di fferent data.
Nanely, although steps SO S3 and S6 of Fig. 20 15 foll ow conpletely the
sanme procedures as steps SO S3 and S6 of Fig. 9 to change a
frequency nunber based on the pitch - 173 requency nunmber FNUM they
generate a frequency nunber for the first FMoperator OP1, i.e.,
- nodul ati ng wave frequency nunber based on pitch frequency nunber
FNUM 25 generafiingt , dewicesmay B8, ussshi r ol Foy sexpmpfler nethe f @bove
accordance with attack glide data AG changing pitch frequency n er
FNUM desi gnaentdonedi chansel; syachyopd zgtieomoperatdon may he perfogmeshi ng
case, "channel synchronization operation” is , . ,
-7138 - in pePlyrAdd tYdefetonky SigmRl geperating devipes dmplementad.,
synchroni zation flag,RBP, (that | FNUVh _or ENUWh-.1 s, us
pitch frequé¥c® ﬁaﬁaé? E?\é)Mb’?'r" signa ProEesH M &£ ,"_uhéjek?’:dasifheepr éﬁpﬁep%orns
operatigns to_.5 nyeri .t g 1§ TelRl=Tale f!gﬂﬁﬂ R ' n
antil ogarit r?npg'u\’éﬁ'ﬁé%b%frrég §Q%$ %ﬂ%ﬂ%’%&%‘l&é\ear co%a}/erter %nlglpwdfglgheiqfter
14 of Fig. 3¢ THRoGANVGI! @dgl.esplt | R10uFRELiVEAyt Nethe abRWeterfAitned | er

20 of Fig. at step Sb to Pe stored Into
' channel synchronization operation may be performed in a tone

signal generating 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 modification, the
above-mentioned channel synchronization operation may be
performed in a plurality 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 operation

20 groups to be allocated to a plurality of digital signal
processor sections and simultaneously performed therein in a
parallel fashion. With this feature, the present invention
can perform all the necessary operations at substantially
increased speed even where a great number of ﬁrocessing steps

25 are involvéd 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



the register REGL and then imedi ately fed as data #REGL to 10 t he

sel ectors 10 and 11. In this way, at step S6, -the pitch
frequency nunber FNUM converted into an antilogarithm c value at step
S3 is fed as data #REGL to the selectors 10 and 11 to be sel ected

t her eby, and the selected data are applied to the A input and B

i nput, 15 respectively, of the arithnetjgaunit ALU . Also, at this step
S6, frequency nultiplication paraneter MIULT1 is applied to the

controller 23 via the selector 22. Thus, under the control of the
control | er 23 loesdsdo wHdra tpareetthe l\mmenaticomﬁ,- to be pygrutedadnc @afkY t er
and shifters 14 and 16 performshifting 20 by gredeterm ned nunber,_ of
pl aces, andofosthe vBrﬂ@ga$OVesth1°n§| §an rh%r§}1§ﬁ anﬂéaﬂﬂ-@'wsﬂﬂ'ﬁlf- fied.
mantloned this is for th pur pose of perfo n arit

operati on offhds §|3iLPUﬁa‘Pa°h of % PFEPP§§PF0§3F5&?BF g‘éj{ee qsg:l‘antf‘lh?llguch
as three, five,

nunber datas&F“P&quJ@(?ué'ﬁb)FerUlt d%'f’é‘f?ﬂ:'ﬁ’éﬁ b?nﬁliné:&'gagr%g%e t She pﬁh%

frequency by a factor S et ey Ml e ed
as a mgul aﬁaﬁ"gfbe made, sia "'Tl(r%grquency nu iE dul At ng%\}%t?r%ﬁ\cy
number eI Hrocessor segtions can be des:.gnél@gand fabricdtdd with

i ncreased t& a v e corresponding to the desired

increased ease and at reduced cost, and in addition, the
general-purpose utility of | the processing device of the
present invention can be greatJ.y enhanced.

10 Moreover, the present invention is chara.cterized in that
a plurality of the digital signal 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 sighal processor sections
can be increased or decreased as desired with extreme ease.
Th;i.s also can enhance the general-purpose utility of the

20 processing device of the present invention and achieve an
efficient use of the processing device.

Furthermore, the pres'enf invention is characterized 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 <o the
different methods is performed by means of a same digital
signal processor seétion. With this feature, an efficient

system can be' provided. Further, according to the present



mul tiplication factor is delayed through the delay circuits 15, 17,
18 and 19 by a total delay tinme corresponding to three cl ock pul ses
and then witten via the output controller 5 20 into the regi ster REGL at
t he’ timng of subsequent step S9 which will be described later in
detail. The operations of steps SO S3 and S6 correspond to the
rowe |eading froma vibrato data generLajps 12a(S0) to the . arithnetic
unit ALUL(S6) in the conbined functional block 10 diagramof Fig. 10.

(2) Operations of Digital signal processor DSP1 at Step S9 As
shown in it dmveptionnd wHerefpaiity.ofiSthat operptions for syathesREdng Srset
to be fed to the Ainput of the arithnetic unit ALUl, and the current
val ue (i.e. progesstingcc@igitabd sormnd vaigaplofisolgl Re nGPREGEIhatE d&t a
PG-1 is set to be fed to the B input of the_arithrrftic uni t ALUL.
More speci f isefifigient (bhatxondive 3RYFQf the ddgiital,, signal PIOGERSPT

nunber data obtagined at ste 6 is stored into.t regi sier .BEGL . .at
a gl) s step S@,e;’ttﬁpé’e E‘PB’E?SB%SIEQQ afi"toer&gfluéppa’zr hg%G c(‘s?élge?‘?e%ﬁ( (f)ﬁléfﬁ]il—l?g.

, and is then_ i nmedi gel y r regi ' i3
#EEGl. ] ;I]'hgtéré’lcé:é’tr@r‘ lgﬁug fL‘)a"’lselileectas(?l Vtaﬁlé:f a@%t%%%%ﬁ%ﬁ passed
t hrough the . sl ag/ |y canve r shift td ho ei
processed deSlgtrﬁ'g%gbf;{h %g.%rg t%g'n ye’ﬁt é?gtf he dﬁ%ﬁqﬁ%’ui 'ltjtE I?Léé tﬂ(ﬁsﬁen tA
25 input Qholdhidn (duEtd £ it dntiPlcompbanwhithea dbmbhts oF @ddifyingS9,
the current value (i.e., latest accumul ated val ue) of nodul ati ng wave

phase data Riel @dntéetsubFerdhechaBothdi wavesfibrm synthésis oort perowems.y
RAML and then sent as data #RAML to the
Further, the present invention can efficiently provide a

10 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 eombination.

Moieover, the present invention is characterized in that

15 each of the processor sections is allowed to execute the
allocated operations at its own time-divisional processing
timing indepeﬁdently of the other processor section. With
this feature, the time-divisional processing timing of each
of the processof sections can be adjusted to differ from that

20 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

25 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



- 140 - selector 11. The selector 11 is caused to select the read-
out data #RAML. The nodul ati ng wave phase data PG 1 sel ected by the
sel ector 11 is then passed through the log/linear converter and
shitfter 16 w thout being process thereby and fed 5 to the B input of the
arithmetic unit ALUL by way of the delay circuit 17, Thus,
t he nodul ati ng wave frequency nunber is pggled to the current val ue of
nodul ati ng wave phase data PG 1 by the arithnmetic unit ALUl, so that
the value of nodulating wave 10 phase data PG 1 is increnented by a val ue
. cor.respondi mgnhert.he nodul ati ng wave frequency nunber. The addition

result of the unit ALUl is, after being del ayed thro

circuits 15 Furtherg, apgoxddnps teythet praseqt| tpventie or‘?%éb&#d% to
four clock pulses, stored via the output coptroller into

st orage ar eélgﬂé'ﬁlrmﬁﬁtg&ﬁ‘-ngpﬁﬂ?%sﬁﬁﬁses?)‘ﬁ‘é%%nﬁat’d“aéqes an (f)’ir"etrl"\a ion

current channel of
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and predetermined program and a dual-port memory having write
and read ports for storihg 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 controlled at respective
timing independently of each other. Consequently, when one
of the digital signal processor sections (first digital signal
processor section) receives and utilize data output from the
dual-port memory of another digitai signal processor sectioﬁ
15 (second digital signal processor secfion), the data readout
operation can be controlled at.independent timing of the first
digital signal processor éection which is separate from the
write timing of the second digital signél processor section.
Suéh an arrangemént 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 being 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



generator ALUL&RAML(S13, S16). The sel ector SEL1 has the sel ecting
function to sel ect and cause the output of the arithnetic unit
ALUL(S6) to be accunulated in the phase 25 generator ALUL&RAML( 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
- 141 - change pitch frequency numhgrr ENUM i n accordance with
conpletely the sanme procedures as steps SO, S3 and S6 descri bed
above. These steps produce data conpletely different fromthose
prepared by chanprelBD, ®3 dhdtse shepduralidw hef useleatede| ghannedpenare
data. Nanely, although steps S2, .S2 and S8 of Fig. 15 follow :
conpl etel y tﬁé“%‘h\“@&%ecﬁﬂ esgererating; ctanes s3 Whth sethis chiggtuze,

frequency nunber. based on the itch fregquency nunber FNUM they,
Genarat e o (PORRAISLRADEINS gensERtLRB COPSRO LIS FTGaYetn Yakious
carrier wave_fr.eguenc 10 nber _as changed .pitch fr enc u

FAUM conbigiidns of; PP chagRels sdcaesifed; " and Aiqite & dhiole
control &s d r, | or CQ W [

changi ng":1 pi Fﬁrﬁﬂ%gué\%? n%%gggiﬁﬁ]dgg g%\g?%%ggg%(?t c%%schtlﬁ gpdt o‘ﬁﬁago
be generatedimited elements of the tone generation channels, by combining

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-circuifry or software
sound source 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



15 At step S8, the pitch frequency nunber FNUM converted into
an antilogarithmc value at step S5 is fed as data #REGL to the
selectors 10 and 11 to be selected thereby, and the sel ected data are
applied to the A input and B input, respectively, of the arithnetic
unit ALULl, in a simlar manner 20 to step S6. Also, at this step S8,
frequency multiplication paranmeter 1gLI2 is applied to the controller
23 via the sel ector 22. Thus, under the control of the controller 23
based on the applied paraneter MILT2, the | og/linear converter and
shifters l4gmm$rhﬂrﬁﬂfmwquﬂmdt$y@¢hgstsbredeternined 25  nunber of

pl aces, and p03|t|ve/n ative sign inversion. previously
mentioned, this iBiger2 4qﬁes pubdesk éﬂ-aﬁé’ﬁf‘bi’-ﬁfﬁ-ﬁ@tratlngaﬁ ¥PiEfnaRd ctone

oper ati on of an optional pultiplication factor, t for two, .such
ag t hr ee, f|§¥? §;§*n% chg in accordance with an eﬁﬁéalment of the

142 - h nber . d .
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witten viageneration start) signal and pitch information to a control
section 103. A sound color setting operator section 102
outputs sound color 1nformat10n to the control section 103.

10 To the control section 103 are connected a plurality 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 pi‘eceding-stage toné generation channel while
each tone generation channel of number greater than that of
a given tone generation channel by one is referred to as a
succeeding-stage tone generation channel.

20 Each of the tone generation channels has two key—on
signal input terminals KONCH and KONIN for receiving a key-on
signal,'two formant pitch informatioh 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 control signal to select which of the signals

received through the two key-on signal input terminals KONCH



t he output controller 20 into the regi ster REGL at the timng of
subsequent step S11 which will be described |later (see item 10 (d) of
Fig. 15). : The operations of steps S2, S5 and S8 correspond to
the route leading fromthe vibrato data generator 12a(S0) to the
arithmetic unit ALUL(S6) in the conbined functional block di agr am of
Figs 10. 15 - (4) Operations of Digi 48 Signal Processor DSP1 at Step
S16 As shown in itens (a) and (b) of Fig. 15, at step SI16,

data #REGL is set to be fed to the A input of the arithnetic uni t
ALUL, and t rend KONIN andl wbich. ef theittaet formamil pitch Paformatienr iput
carrier wave phase data PGE2 is set to be fed to the B input of the
ari thmetic uv¢p¥mimaks PINCH and KRFRINghpuildabey made  aEfeghipre of THe g.
5, the carrier ve frequency nunber data stored into the register
REGL at | Pt SEPEhEARIZe o GPRErh FHens L RESuNeREED SEEPa BHED
25 to be fed to the selector 10 ich, at .ste 6, Is gcause 0

el ect “the drntirentetia Htate shdhon nffeRiShdpontafay atdy  hen
IS pass%d t hél'i)élgh II.QSB' O%&Jdcfﬂ'l.n nJ'.CzCHV'eJr{ .ercgﬂ'grol siﬁmaflt eri&4 Wt th':ﬁe
bei ng processSed thereby, dn en sent via

- 143- synchronizing state, the key-on signal input terminal KONIN

and formant pitch information input terminals EXTPIN are
activated, whereas when the pitch synchronization control
signal is in the non-synchronizing state, the key-on signal

10 input terminal KONCH and formant pitch information input
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 terminal EXTP 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. Similafly, the pitch
information output terminal EXTP oui:puts the pitch information

20 received at one of the input terminals PITCH anci EXTPIN
activated by lthe pitch syn'chronization 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 chaﬁnel 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.



the delay circuit 15 to the A input of the arithnetic unit ALUL.
Meanwhi l e, at this step S16, the current value (i.e., | at est

accurrul ated val ue) of carrier wave phase data PG 2 of t he current
chanhnel is read out fromthe nmenory RAML and then 5 sent as data #RAML
to the selector 11. The selector 11 is caused to select the read-out
data #RAML. - The carrier wave phase figha PG 2 sel ected by the sel ector
11 is then passed through the log/l1near converter and shifter 16

wi t hout bei ng process thereby and fed to the B input of the arithnetic
unit 10 ALUl byrovaheofinpht terminailscKONCH7. PITCH, FC andIR{YN tafceggly i er
wave frequency nunber is added to the current value of carrier wave
phase data RGh2 bgenération channgkt 1@4unare ABPPlies t fagnghe TEPMe e
carrier wave phase data PG 2 is increnented by a val ue correspondi ng
to the 15 comtriodr signalf Afrency nunber. The addition result of the

unit ALU is, after being del ayed through the del ay gj It 5..17,
18, 19 and 24 by The okg¥-8B| Si9nake iBPHEsJGFINMF ofib&EIH q%ou?agpoc ne

| ses, stored via.,h t put | | 20 int t h ' Al e

pul so5, 2L b Ml QULRMG, OUL O helo R 1, oo SHBO6RIZ AR
RAML _.at .t v ~ S i i s

dosor] bed | Qusbut tEimindt Wonie of o"HBRBOHIRG-StaRe ont gehatduice

Fig. 10, thepannel,! Wid 0! pPLOSKEnBbrhBtSoit ¢Rpat6 teehA ABNOEXTEIN Of
portion for generati ng ?he phase data PG 2 1n the route. | eading from
the 25  adddiBidite UgehebtioS6rnbhnenghodhe s ebemiest&EL tot ahiehgitch
phase generator ALUL&RAML(S13, S16). (5) Operations of Digital

si gnal procanForna¥ibrtodtpPps terminal EXPT of a preceding-stage tone

10 generation channel.

To the Kkey-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 terminai KONCH and pitch information output terminal
EXTP, respectively, of the other tone generation channels.
Further, the key-on signal output terminal KONEXTIand 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 psed for forming a
formant, as will be later described in gréater detaillwith
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 combines the formants from
the channels 104 to create a sound signal.

Next, a description will be made about a manner in which



S4 and S7 - 144 - St eps
S4. and S7 of Fig. 15 are the sane as the correspondi ng steps of Fig.
9, where operations are perforned for preparing phase data PCu .
corresponding to a center frequency for noise formant. In the FM
synthesis node as 5 well, it is possible to synthesize a noise formant
sound, i.e., noise waveform data TRygjThe phase data PGu for noise
is stored into the storage area, for phase data PGu, of the menory
RAML at step S11 and then used for noise formant sound - synthesis in
digi tal sigrthe prakees-memsSined n woieaneand 10tong| rfynkthesizirg device
above- nenti oned. In the conbined functional block diagram of
Fig. 10, theoperatesyperati ons of steps S4 and S7 correspond to the route

| eadi ng . froma nodul ati on data generator 12g(S4) to_a phase geperator
ALUL&RAML(S7). 1¥pon regeipfe @i ofs KRYTPR 131 %’?‘bna‘l‘n‘ﬂ)rog%‘é% r BsEah ot

Fig 15 are TAUIIGI9Y TrOR e neRfPTRERGR PTRLPENIRRE Ohed i B

Siorea Do exnenh TGN, Bakdk ofliRg BYoB, bRE-RARELHEY SR iR e,
sound color setting operator section 102, which sound color
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 Japanese syllabary.

10 In the control section 103, there are stored data of
'formants and formant frequencies corresponding sounds of
varibus sound coldrs. The control section 103 selectively
allbcates a series of empty (available) tone generation
channels for generating formants corresponding t6 the

15 designated sound dblor. As will be described later, each
empty tone generation channel is normally kept in the non-
pitch-synchronizing state, the pitch synchronization controi
signal to be seﬁt to the smallest-channel-number tone
generating channel (hereinafter referred to as "leading tone

20 generation 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 coﬁtrol 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-
syﬁchroniéing state and the other allocated tone generation

channels are set to the pitch-synchronizing state. Also,



control data based on the panning paraneters PAN, uPAN, and t he

resultant |evel -controll ed waveform data of all the channel s are
summed to provide left and right .mi x data M XL and M XR 25

As in the foregoing exanple, the-"m xing operations” at t hese steps
S11, S12, S19 and S20 correspond to the route of the digital m xer
ALUWLEGRAML( SI I, S12, S19, S20) in the - i1g2conbined functional block

di agram of -Fig. 14. - 145 -

(7) Operations of Digital signal processor DSP1 at O her

The oper at i centesr frequensey timEoxmatien iof khe farmangs to bestfé'ﬁ-'@eﬁ iis
S12, S19 and S20 of Fig. 15 are essentially the 5 sane as th ﬁ) %pe
correspondl sgndt &psthe regpegtmecﬂenter feerneney 1Rpie P IH R (It
operations of phase data P PGp2, PGM, PGM2. However, such
operations &be ﬁé&rﬂ%%é:m‘e gqq?q%%%ﬂqﬁa]ﬁ's si nce no such phase are

oaran o 1o et SEC eoh i SERRPTED el Bhubetn, 4
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used. 101 is sent to the pitch information input terminal PITCH of
the 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 terminél PITCH is output through the pitch
information output termihal 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 ﬁill then be transferred to the input
terminal EXTPIN of another succeeding-stage tone generation
20 | channel if any. In this way, once the bontrol 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 leadiﬁg tone
generation channel. Similarly to the formant pitch

information, the key-on signal is transferred to the key-on



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 PGol, of the menory RAML for the
followi ng reasons. Nanely, because the arithnmetic operations, at step
S13, of the arithnetic unit ALUL are neaningless in the FM synt hesis
as mentioned above, 20 the correct nudggating wave phase data PG |
witten in the storage area for phase data PGl at step S13 will be
undesirably spoiled if the operation result of the unit ALU S
written intcidgrakt dmgget arteanfigaldaKONIY | ofs allst theSigllocatedf ¥oge 9.
Thus, at step S17 of Fi 15, the result of step 25 S13 is stored into the
storage ar eaqerﬁ#aMec , ' the nenory RAML which is not
actual ly used in the FM s, in_order to avojd such

nthe3| an
i nconveni ence. Th%?e‘F%temlneda%/ ?J%ﬁta]tﬂo lsﬁéltpi’:SgFB?n k¥ -PReSiahnt
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oper ati on. Exenpl ary Oper ati ons of E1g|tal si gnal processor DSP4
succeeding the greatest-channel-number allocated ‘tone
generétion channel is iﬁ 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 émpty
tone generation channels be initially maintained in the non-
pitch-synchronizing state 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 tone generation channel is
éaused to generate a formant on the basis of the formant
center frequency information applied to its center frequency
20 input terminal FC. Because the same formant pitch information
has now been transferred to all the tone generation channels,
formants generated by the allocated tone generation 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



Rel ated to FM Synt hesi s- - Fig. 16 illustrates exenplary

operations perforned at various mcroprogramsteps in the fourth
digital signal 10 processor DSP4. This digital signal processor DSP4

per forns t he "waveform generation operations” as in the exanple of

Fig. 13, and such operations will not be described in detail here

to avoi d unnecessary duplication, becausggihe operations of Fig. 16
will be clearly understood by reference to the 15 f oregoi ng description
of the formant sound synthesis nethod of Fig. 13. Further, the '
functions paydmermdidy tdhkanbhelsall04 wiklgree plesesitesd DIelow, t Heithsi s
of the programof Fig. 16 generally correspond to those shown in Fig.

14. But, ixeference e Fithe 2pphdchadsdat hieckt dpagtamelislwetrating an
parentheses 20 _at the end of the corresponding circuit elements
correspond ©eXemplary hStFugiuze L Frge 1%;9%959 trtbye n&dopes gepgration

correspond to the programof Fig. 13. In Fig. 14, each functional
bl ock Rmehonding only to the FM synthesis step of Fig. 16 is

denot ed %y a st e%gyg%gr%{“%ﬁ%lgﬁf@&éﬁ%nﬂ@ l\{‘INz_gre supgl!'i.gdazg' " 6’11%1?‘93

SO, $4, 55, S9, PErTorm waverorm generati on

OS2 " S0 s rogpposiRibAtio Pl B, 1ot | st
mai nl'y perfofig™ and following description, the key-on signals are shown
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 terminéls.

To select terminal S of the selector 130 is input the

pitch synchronization controi signal 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 suppiied as kef—on

20 signal KON to various elements of that tone generation
channels and also outpﬁt through the output terminal KONEXT

to a succeeding-stage téne 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



- 147 - synt hesi zed wavef orm generati on operations including FM
operations in the second FM operator OP2. Further, steps S13, S16, S18
and S2 perform operations to prepare noise formant : sound wavef orm
data, as in the exanple of Fig. 13. As well- 5 known in the art, the

sel f-feedback FM operation is an operation for feeding waveform dat a,
generated in response to speci fic i pggt_phase data, back to the phase
i nput so as to nodul ate the input phase data. This enbodi nent is

desi gned to execute such a self-feedback FM operation in the FM 10
oper at or OPlinformation ( BndOpfosmants cénteyi tfalegtiepeyl PnformatiobSRindit
St eps SO and $4 At step SO, operations are perfornmed for
generating outpwks cthe nfoemant nthheughrgutphtoperainal GPQUT. 15 As
shown in itens (a) and (b) of Fig. 16, at this step SO, nodul ating
wave frequency ph @d@@@@%qmmgw freunBFH)lﬁfOF‘H@t%Pﬂs’fs FM
operator OPl is set_to be fed to the I nput of the arithnetic unit
ALU4, whil e TRRBHERE AL/ e1BPHE terrqjld}adl. FRFfs <2t NS formapt: ntPxmant it
of the it ALUA. ecificall se data PG L of th
first F gerb%feﬁfa%rl%%lg?s?r?ﬁﬁgcar PefBec KRRMBAT, on Ho RS @ He

TET Y PO i o S SRkl O fiehS0 Mkopmarsalinsgyd
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sel ector 50 diyrls FOUT and NOUT of the voiced formant generator 110 and
noise formanf formant generator 120 are added together by an
10 adder 131, which then outputs oufput 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 formant generator 110

15 and noise formant generator 120 will be later deécribed 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 thg voiced formant genefator 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 non

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-



sel ected thereby. Meantine, feedback waveform data FR of the current
channel is read out fromthe nenory RAMA of Fig. 7 '
- 148 -~ and fed as data #RAMA to the selector 51 to be selected
thereby. The menory RAMA has a storage area for storing wavef or m dat a
generated in the first FMoperator OPl as the f eedback waveform dat a
FR tor use in the self feedback FM 5 _opggation. Normally, in the FM

synt hesi s node, the rhythm sound generator 52 is not used, so that the
data #RAML is passed to the selector 50 without being processed by the
gener at or 52ynchronizinghstatehe arithnetic unit ALU4 adds the feedback

10 waveformdata FR to_the phase data PG 1 of the first FM oper at or
OP1. In this nefiRer selegdeshssesyht a ofirthe oselectoxa vk r dsgesitpRiiemh of
the- FM operator OP1 is nodul ated wit a waveform generated in the sane

FM oper at or @oughy 4ts| pitch iPE_@HgﬁE%?Pas‘PHYPHt fiprminal TEXTEe £t £ 64
selects e Saiadoihd it Lertd oWl cnannd PEPHC ok PoblEn roas
(et oty ATl kb s, nsrplHbR el AT 6L G
wavef orm shiff egyfh, adds the selected result of the selector 113 to
information fed to the other input terminal so aé to supply
the addition result to the input terminal Fp of the voiced
formant generator 110. If no information is fed to the other
10 inpﬁt 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 generator 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 forniant modulation parameter MODP is
fed to the modulation signal generator 111, 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 generator 111 is passed to the modulation signal
generator 11l1. Then,_ the formant pitch information fed to the
voiced formant generator 110 takes a value corresponding to
25 the sum of the external formant pitch information and output
signal of the modulation signal generator 111.
By thus adding the output signal of the modulation

signal generator 111 to the external formant pitch



20 - log/sine table 62 and delay circuit 63. As previously

descri bed, the waveform shifter 60 perforns a phase val ue changi ng
process for a speci fic phase portion on the basis of par anmet er WF1.
The ‘parameter WF1 supplied at this step SOis one prepared for the
first FMoperator OP1l. Further, the 25 . log/sine table 62 reads out
sine waveform data in a | ogar4 t1lg® ¢ val ue, in accordance with the
phase data PG 1 for the FM operator OP1 which has been nodul ated in
the sel f- f eedback fashi on and undergone necessary phase val ue

- 149- ipfeyeation, a8 ?kmﬁTY#E%ﬁQﬁnﬁh?raCterlStlc qap Pﬁelmparted to
above-nenti oned panner, step SC)gerfornB el f-feedback

oper ati on anﬁhﬁaﬁ%FB?ﬁ#da%E CBene %FlBﬁSUItantPFbE%sgaFﬁaPFef?FWQPtrRFtCh
t t
vave | BERISYRP AR SEHRCT UM I SN abEARPobeine By sfking) RS

[err] input e ctor 64 is passed through the shifter and
Ioglllnear cgévégt%§gé§ wi t hout bei ng processed t her eby, and

ey Sl e 8 0kl A s, S o B B,
regi ster REHeateihErddqliditPf J.ﬁ?:‘éﬂmgﬁif)ﬁeq?f to béeread)tof drdl. vébted
formant generator 110 is formed.
The external formént center frequency information FC is
passed to one input terminal of an adder 117, which in turn
10 adds the infqrmation 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 the
other input terminal of the adder 117, then the external
15 formant center frequency information alone will be fed to the
input terminal Ff of the voiced formant generator 110.
The output signalé of the modulatioh 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 fedl 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 to one input terminal of the AND gate 115 is at
a logical high level, the modulation signal selected by the
selector 114 is passed to the adder 117. Thus, a time-

variant characteristic can be imparted to the formant center



Of course, no self-feedback FM operation is executed in - sone of the
FM operation algorithns. In such a case, control 15 Is perfornmed at step
SO not to read out feedback waveform data FR fromthe nmenory RAM4, or
to cause no data to be sel ected by the selector 51. Consequently,
the arithnetic unit ALU4 outputs the phase data PG| of the first FM
operrator OP1 w thout processing the datajggfl, so that 20 waveform data
not havi ng under gone sel f-feedback FM operation is read out fromthe
| og/ sine table 62. (2) Operations of Digital Signal Processor DSP4
at Step S5 frequency, /Asimilbarhs, ttartltxd:néomanpepétcbnénﬁoempﬁimr- rred for
.controlling the anplitude | evel of the waveformdata fromthe

oper at or OP1. Next, a Aesgriptionivihs bg) made (3ot bpy. ?h? Q&1$%|s
of “the ari  FUTREREnPROReE: frpsiety rsemation SUFE, g e 1 o "l
- 150 - fed to E Q%\ oé thetunli_ ﬁl formed Mor e
speC|f|CMI)P°%§ﬁHY?Hﬁ% Eanyh geperatar ¢ g &n anplitude | evel of
R 115 07 B e odi O eret B RSB
sent, as datghd'RiYae ¥Brhlft center frequency information NFC is selected
by a selector 123 and fed to one input terminal of an adder
124. The output signal of the modulation signal generator 121
is fed wvia an AND Qate 122 to the other input terminal of thé
10 adder 124. When a noise formant frequency modulation enable
signal NFME appliéd to one input terminal of the AND gate 122
is at a logical high 1level, the outpuf signal of the
modulation signal generator 121 is passed to the adder 124.
Thus, a time-variant charagteristic can be imparted to the
15 noise formant center frequency, 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,
which takes two states,.formant synchronizing state and non-
20 formant-synchronizing state.
When the formanf synchronization contfol signal URVF is
in the non-formant-synchronizing state, the selector 114
selects the output signal of the modulation signal generator
111 fed to the "O" input and the selector 123 selects the
25 noise formant center 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



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 sel ector 50. The
sel ector 50 selects this data #RAMZ, i.e., anplitude | evel data LVLI1.
Meantime, the logarithmc value 10 of the waveformdata fromthe FM
operator OP1 stored in the regi ster REG4 at step S4 is read out

t heref rom as data #RAMA to be sel echgg by the sel ector 51.

Thus, the arithnetic unit ALU4 adds together the | ogarithmc
val ue of the waveformdata fromthe FM operator 15 OP1 and the
anpl i tude |indepeniignt of/gach othexeom the antilogarithmc

viewpoint, this is equivalent to multiply %{ the waveform data from
the first FM oper@®or 1’@°1°Epe¥hé‘and Wﬁﬁﬁl i fRie fPEPERt A¥nghanizatien

anere the wRREIS SAGPRIIBVE, 1, PhaT FormAnty YRGHEPRLEABOasE Chaviior m
data, the  ceted@ye! 1931 8Nl UBGL OBcAD: 2048HRhT (0P LA AN D01 on

coefficient % ng mav Si gha

index. g éﬁé‘é&hoizg“ £l Rid-tre SeieciﬁPh%eaﬂ tacﬁeedsségpe&t@ra

25  input |r|qespo ove- ment i oned operation o

In this way, 123‘%@1&5@& | @Re ! £8P MANe cbh%e%r 'f&%&%bh@:yuﬁ'ﬁfoﬂmlé‘hon FC | fled
applied via the delay circuit 57 to the log/linear converter 58 to be

converted i rg® the ant iggad.t hNefiel§l, UEh@Ngormant center frequencies fed

to the voiced formant generator 110 and noise formant
generafor 120 will be the same and also present synchronized
iO 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
compoﬁents having independent formants or synthesizing effect
sound such as whistle and wind, time-variation of the noise
formant center frequency can be controlled ihdependently of
20 that of the voiced formant center frequency.
Now, the general structure and operation of fhe voiced
formant generator will be described with reference to Figs.
26 and 27, of which Fig. 26 shows in block diagram the
structure of the generator and Fig. 27 is a graph showing
25 waveforms obtained at various points of the'generator 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



- 151 - then output fromthe selector 64 by way of the delay circuit
59. The antilogarithmc waveformdata of the first operator

OP1 havi ng undergone anplitude | evel control and output from 5 the

sel éctor 64 is, after being delayed through the del ay circuits 53,
55, 57, 59 by a total delay tine corresponding to four clock pulses,
passed t hrough the shifter and | aghlgipnear converter 65 w thout being
processed t hereby and then witten into the register REG4 at the
timng of step S9 10 (see item (d) of Fig. 16). The antilogarithmc
wavef or m datperiodicakly hearies timam d€"afed " 2Ar'ougfheheutipugywavefarm @f by
a one-cl ock-pulse tine and witten into the storage area, for

wavef or m dat therraasrien phase cgenerrtee| 15011is hehownpliy 1hem SO1 of Fighe
timng of stgﬁ SI0O (see item(e) of Fig. 16). The 15 waveformdata TRl
thus stored %t he pr edet er mi ned storage area of the nenory RAMA at

the operator op1 The: remmant BEEEE dnfermaiign o 16 fod oraCplPaR dete "
Di gi tal § ! gn%\gﬁﬁgzg f\g.%g%slpéhil&hg .GJB? r%%go&%% oﬁr)ré dﬁ'&d §$§—on si r%%h Al

t hese st'eps operationsar for con I ng

the Se'.f-feq&%&kaéfye' a0f .stﬁ%dc&trl-ft wdde  5530PGHLAT GRbiatdidy SoLdpd:

preventing hunting (or oscillation from bel ng caus by the se

feedback. ZJferiodicafly Starfés StLomSOortHs wawef ginglayireiRlpstan ed Tthet he
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 shbwn 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.n sawtooth wave S51.

A carrier waveform generator 151 generates a sine wave
S52 on the basis of a 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 2#.
After that, every time the preset signal S54 is received from
the 27 detector 153, the above action is repeated; name;y,

the signal S55 is reset to "0" and then again increases to



predeterm ned storage area of the nmenory 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 sel ected by
the sel ector 50. As a result, the waveform data TRl "~ generated
in the preceding sanpling.cycle is sent flhe delay circuit 54 to
the arithnmetic unit ALW to pass t%erethrough unprocessed. Then,
the data TRl is passed - through the delay circuit 55 and overf

| ow/ underf lap\d etakobiteR7 . Thétraarsfam ot e datgnald SBS5 tise shawmdrnof
stép S1l, two clock pul ses after step S9 (see item(c) of Fig. 16).
At step Sll;ﬂelneS&Svei:erﬁgiatZﬂ.TRl of the first FM 10 operat or OP1

generated in the preceding sanpling C}éd e and output as data #4 is
fed to the sel ectiimp doformediien c8KT is tfad efp. 2 AflRdow:

Sanpl i ng CyMEISSRIR GeNeTREPEd 109 HEvHE OB FEBADERTSUGTE  RESORETHRY on
Cho ey o psai 5 e el B ofbubiel 38 Subgl
L 98" Lk 2 il 5" oBR BTSSPl BB Lever GXChES Yuaiied
S55. As shown in item S56 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 S52 is at phase "o" at
the beginning of each chevron shape of -the signal 856, so
that the signal S57 repeatedly preeents 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, v01ced formant amplltude envelope information
" 20 VEGP and voiced formant level information VLVL are fed to an.
envelope generator 158, which, in response to the key-on
signal KON, generates an envelope waﬁeform on the basis of the
voiced formant amplitude enveiope information VEGP and voiced
formant level information VLVL. A multiplier 157 multiplies

25 the formant signa1.857 by the envelope waveform information
generated by the envelope generator 158, so as to form and
output formant signal FOUT.

Now, the general ‘structure and operation of a noise



reason why the waveformdata TRl of the first FM operator OP1 20
generated in the current and precedi ng sanpling cycles are added
together is to prevent hunting (or oscillation) from bei ng caused by
t he: sel f feedback. In response to the above-nentioned operation
of step SII, the selector 64 of Fig. 7 selects the data fed to the
[err] 25 input, and a feedback Leyg¢p -controlling coefficient is
generated fromthe controller 66 in accordance with feedback - | evel
desi gnating paraneter FBL. Thus, the shifter and | og/ | i near
converter 6Fodmantspgehesatoy ciecbit, wihd bedlesgribed with reference to

- 153 - _ by an anmount corresponding to the generated feedback | eyel
control | i ngFdgef f2&i erhicindshees dowhloeks (iagran ckhe ashrygture of, r
bit. in order to execute an averaging calculation (1/2 cal cul ati on)
because of medseuformany grnREHPLdAion. In 5  this manner, the

calculation result of the arithnmetic unit ALU4 | | :
thetse:Fctor664l%f%$?p{ﬁetﬁ8rman¥ &ﬁd%?ﬁﬂ#%ﬁﬂ%eQﬁygﬁﬁgééﬁgti%ﬂfﬁﬁggﬁ {gw
control |ler . and t ver aai | ahi O I I -
control P ng%%leraté’t iaoﬁ’?“’lse & grpag’rqﬁlno%rr@ E’{/ﬂﬁﬁﬂé 3’5@/;1&%5{5 1£t| n;%o;}g‘\r%tkiegns in
the shifter 1@ %g.g lg%{efodg@/ | £ YA dSth-Srave-shaped phd3RS Wilgafl outaput

data fromthe shi near
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 charactéristic
infqrmation NRES, so that the adder 174 adds the noise formant
resonance peak characteristic NRES to the white noise ievel
and supplies the addition result to a noise spectrum control
15 section 175.

Further, noise formant band characteristic information
NBW is fed to the noise spectrum control section 175, which,
"on the basis of the noise formant 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 genérator 172 and the noise waveform

output from the noise spectrum control section 175.
Further, 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 aﬁ enVelope waveform on the basis of the

noise formant amplitude envelope information NEGP and noise



converter 65 is sent via the delay circuit 67 to the menory - RAMA toO

be stored therein and is then, after being del ayed t hrough t he del ay
circuits 53, 54, 55, 67 by a total delay 15 time corresponding to three
cl ock pul ses, stored into the storage area, for feedback waveform
data FR of the current channel, of the nmenory RAMA at the tim ng of
step Sl4 (see item (e) of Fig. 6)l.1793 - In the conbi ned
functional block diagramof Fig. 14, the 20 above-descri bed operations
of steps SO S4, S5, S9, S11 and S14 to generate the waveform data
TRL and f eedbambnwaletelminformadion RRVLA t Remultdplrpiropdi/amyd tdplies
correspond to the route al ong which the phase data PGl is sent to a

noi se i npar tthe noise Sorw@t Stignaheutmut fremeghemelbipdietiro PMDSy)
as. 25 waveformdata TRL, and the route along whjch the Wﬁyeforn1 at a
TRL i s cont esvedepen WeugEerR | tnEprmptien,geperated qguy) the engiﬂpe

controll er and regqgi ster., 656RAMA(S9FM_. S1I EFM.. In this . . ctor

SEL2 cor r es FEREE O ﬁg 6 u ia%n%(?f "Eroé"é{‘d'ia’\ﬁ/’(fjl SEpht hotse foafre it
154 - ut ;he f eedback waveform data FR from the feedback | eve

control Per AW Tregi ster 658RAMA(SOFM S11FM), i.e., nenmory RAMA and

supplying the reqfi oW, idlf rbembie §eABrafbF44 noise fRkant generator

shown in Figs. 26 and 28 start generating tone in response to
the same key-on signél KON in the above example, but may
start generating tone in response to separate key-on signals

10 KON. 1In addition, there may be a time lag from the receipt
of the kéy-on signal to start of tone generation, and the
waveform generation of the voiced and noise formant may be
effected with an apprépriate time difference therebetween.
By thus setting a time difference, it is allowed to control

15 a change from consonant sound tq vowel sound.

'While the above-described embodiment employed a voiced
formant gene;ator that generateé 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 input of the modulator 180. To the FM modulator
180 is also fed a modulating signal FMPL. Whenla.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, tolwhich 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



5 . (4) Operations of Digital Signal Processor DSP4 at Step S10

At step S10, operations are performed for generating waveformdata in
t he second FM operator OP2. As shown in itens (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 datpggRl (nodul ating wave
waveformdata) is set to be fed to the B input of the unit ALW. 15
More specifically, phase data PG2 of the second operat or OP2
for the curnhetrebyafornsi andeattputtsi comodudated outpwdr pigmml FMOUTHDYS at
pr édet ermi ned timng. The read- out phase data P@2 is sent, as data:
#RAML, to t heagst @fhan BRJST 182. Hjhepy oR ﬁhﬁcﬁth?rl§aPﬁquthSWH§°h

fourth digital signal 20 processor DSP4 of Fi data RANH
i s sent viaSW is comppectedh s GorFagen SFQPOFh§2%RQURﬁ§e eP@ﬁP STEE

e o S B ATk 1o 851 5 4 BT e b, o, B
532 G A 1 B e g s g T
wavef orm da [ Sobedd tHus arran?@d)p@o%rnﬁrn 10Rl tch i dhadd ditiniayPBe 2
of the secon oper at or to thereby execute a frequency
modul ation yged as the modulating signal FMPL 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 firstfstége 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 various
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 tohe'generatibn
channels in executing a duet or concert rather than in
synthesizing a sound.

As has been described so far, the present invention can
generate voices or tones via a plurality of tone géneration

25 channels by sending a key-on signal and pitch information to

only one of the channels, and hence facilitates control of

sound generation.



- 155 - operation. ‘The selector 64 selects the data fed to
the [err] input in response to the above-nentioned operation of step
S10. In this way, the operation result of the arithnetic unit ALU is
5 output fromthe selector 64 by way of the delay circuit 55,

overflow underflow controller 56, waveform shifter 61, | og/ si ne
table 62 and delay circuit 63. As previgsisly descri bed, the waveform
shifter 60 perfornms a phase val ue changi ng process for a specific
phase portion on the basis of 10 paranmeter WF2. The paraneter W2
supplied at this step S10 is on€ B dpdr @S or the second FM operator
OP2. Further, the | og/ sine table 62 reads out sine waveformdata in a
| ogarithmc value, in accordance with the phase data PG 2 for t he

operator OP2 which has been_fre uenc nndula ed, and__ 15 ' updergone
necessary pHlase PalMREGR MR s VR COMPTIsSIng: = ) o

;2? ZleggEEﬁ ation 7 BRse t%?ﬁ@&f@fm“ Srdsgiien ROy AN U
ogar
second FM 85@"3‘%&‘%?% S Ehoxt pRghel ety rfﬁ“ﬁpﬁ?%’rgfﬁ”egfﬁé’eﬁ&t 22

'bs passgd tg{ %!%h Sghﬁt 1604 :,nfor:daﬂﬂ/dd Ngar &£9NMY t ebrad AV ideRiHg
ei ng processe ere an s, after being delayed through the

delay cir CU'vJa‘ireri%rmSQn Qiae basis 53 e 9piBtR| inEdAyatide 10 reaspmansk M t o

four clock pul ses,
the sound generation start signal;

a control section for supplying the sound generation
start signal and pitch information to specific one of the

10 plurality of said waveform generation sections, and
| a transfer section for tranéferring the sound generation
start signal and pitch inférmation from said specific waveform
generatioﬁ section to predétermined other one of said waveform
generation sections, wherein said specific waveform g_eneration
15 section and the predetermined other one of said waveform
generation sections. generate tones of harmonized pitches at

synchronized generating timings.

2. A voice and tone synthesis device as defined in claim 1
wherein said controi section includes an input terminal for
20 receiving a sound generation instruction from outside so that
said control section selects a predetermined number of said
waveform generation sections in response to the sound
generation instruction and supplies the sound generation start
signal and pitch infqrmation to specific one of said selected
25 waveform generation sections, and wherein said transfer

section transfers the sound generation start signal and pitch

O Y 1




25 witten into-the register RE4 at the timng of step S14 (see

item (d) of Fig. 16). O course, no FMoperation is executed in
sone of the FM operation algorithnms. In such a case, control is

per f or med - 156 - at step
S10 not to read out waveformdata TR1L fromthe nenory RAMA, or to
cause no data to be selected by the seLegggr- 51. Consequently, the
arithnmetic unit ALU4 outputs the phase data P& 2 of the second FM

operator OP2 w t hout processing the data 5 P& 2, so that waveform data
not havi ng dadergation\Vifopar adidnspecific swaeatbxutgeneratien |septiane toabl e

62. (5) Qperations of Digital Signal Processor DSP4 at Step

S15 anothers isad dS@vedionh ganerafpiamisesizione performed for 10
controlling the anplitude |evel of the waveform data generated in the
second FM operator OP2, in a simlar manner to step S5.

The procedures taken at step sl15 are geneyal fhe same . . . as those of
step, except-that® W%E’é%o%ﬁxq *%\fg’/"lﬁ% CORPYXSIRE2 setting an

ey ekt 1 A BB Yeierarton TRk B LRI

by the gelegﬁg%tSQnassQé5ﬂH sound generation start signal input terminals
for receiving a sound generation start signal, a center
frequency information input terminal for receiving formant
center frequency information, first and second pitch
information input terminals for receiving formant pitch

10 information, and a control input terminal for receiving a
pitch synchronization control signal that takes either a
pitch-synchronizing state or a non—pitch-syndhronizing state,
wherein each of said sound generation channels generates a
formant sound on the basis of the sound generation start

i5 signal received via said first soﬁnd generation start signal
input terminal, the . formant center frequency information
received via said center frequency information input'terminal

and formant pitch information received via said first_pitch
information input terminal when the pitch synchronization

20 control signal is in the pitch-synchronizing state, and each
of said sound generation channels generate a formant sound on

the basis of the sound generation start signal réceived via

said second sound generation start signal input terminal, the
formant cénter frequency information received via said center

25 frequency information ihput terminal and formant pitch
information received via said second pitch information input

terminal when the pitch synchronization control signal is in

* [4 L M S *




#RAM2 to be fed to the A.input of the arithnmetic unit ALU4, whil e the
| ogarithm c val ue of the waveform data generated 20 fromthe second FM
operator OP2 stored in the register REGA at step S14 is selected by
the selector 51 as data #REXA to be fed to the B input of the
arithnmetic unit ALUA. Thus, the arithnetic unit ALU4 adds

t oget her the | ogarithm c value of {4 Wwaveform data generated from
the 25 second FM operator OP2 (FM synthesi zed waveform data) and the
anplitude Ilevel data LVL2. From the antilogarithmc

Vi ewpoi nt, tthies noh-pdtichalsymichironizinigolstiate ,t he gener at ed wavef or m
dafa of the second FM operator OP2 by the anplitude : '

- 157 - | ewsichd @fase¥izsoTnd geperatilen |channelks furiher dneluddng | ne
varyi ng envel ope data, and functions as a tone vol une, | evel settin
data to set aaﬁobﬁfl[ﬂﬁn%’@féi%Iﬁﬁﬁé’%ﬁlﬁﬁélv\BVEPHFn?ermln%tfé’rgQHMté’&"ﬂgom

t he second FEM oper The, sel ector 6

data fed to®ffe %P‘%Eé)rggﬁéiﬁf‘t?ﬂnrmes%%n? e,rﬁﬁﬁg@ﬁ;rﬁﬁ?%hgéiégﬁgsﬁ:ohhe
o 55D, | soubl ot Tt RIS Lol g LR T,
'GZF 0 an ant il AGALH FaGia WontidiClighaings AW Rite plRch-Syd@nidem 1S8inRet or
state but outputting the sound generation start signal
received via said second sound generation start signal input
terminal when the pitch synchronization control signal is in
10 the non-pitch-synchronizing state, and a pitch information
| output terminal for outputting the formant pitch information
received via said first pitch information input terminal when
the pitch synchronization control signal is in the pitch-
synchronizing state but outputting the formant pitch
15 information received via said second pitch information input
terminal when the pitch synchronization control signal is in
the non-pitch-synchronizing state;
a plurality of connecting lines for interconnecting said
first sound generation start signal input terminal and first
20 pitch information -ihput terminal of "n"th said sound
generation channel and said sound generation start signal
output terminal and pitch information output terminal of
"n-1"th said sound generation channel, whére "n" represents_
an optional channel number in a case where the plurality of
25 said sound generation channels are identified by serial
channel numbers, and
a control section, responsive to a performance input

'signal, for selecting a pfedetermined'number of said sound

* [+ L M S * )




The antilogarithm c waveform data of the second FM operator OP2

havi ng undergone anplitude | evel control and out put fromthe selector
64 is, after being delayed through the delay circuits 53, 55, 57, 59
by a total delay tinme 15 corresponding to four clock pul ses, passed
through the shifter and | og/linear converter 65 w thout being
processed t hereby and then wittenjggto the register REG4 at the
timng of step S19 (see item (d) of Fig. 16). The antilogarithmc
gener at ed wavef orm data of the second FM operator (FM synthesized 20
wayef or m daigeneratiion sheomels lofl consleiquidye ehainneanumbers to sy
stored in the register RE4 is subjected to arithnetic .operations_ at
step Sl for predetemmisieshnEormanty penger| firaquency iRE¥MaELoON: kPeSaib K
pul.ses after step S15, and is stored | into the storage area, for

wavef or m datC@ntRxr Sregnencyr Apput Eﬁm’-ﬂﬁ%nﬁgﬁ:? of ?Eﬁ%hn%ﬁo?%} egted p

S4, another three cl ock . pul ses after st SO (see Liens B e)
of Fig. 16)Sound genergtign, aF*‘BHEegF ' Di gﬁe[tgi%.rg gnay PFE(}%essn((?(ra Lr)g%kgt
St eps 920, Sl .and S4 . i : ; i8S -
First, gt sts’é’|c1)1 C@fgfnl%ﬁ%gonﬁF?F%n ft Tat t%es éctl | csWhromggg%g?i c?r? "

zci}lagoir ist ?gqaij%g.aqa?.ftg%d?ﬁégﬁpﬁ‘ﬂéé N drTRBAiAf sélécted sdiddigddrnarcH or

_ predet erm ned

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

10 channels, and supplying a sound generatibn start signal and

predetermined férmant pitch information to the second sound

generation start signal input terminal _(KONCH) and pitch

| information input tefminal (PITCH), respecfively, of one of

said selected sound generation channels of smallest channel

15 number.
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storage area, for data TRl 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
wavef orm data TR1 of the operator OP1 is sent via the delay circuit 54
to the arithmetic unit ALU4 to pass therethrough unprocessed. Then,

10 -the data TRl is passed through the-de9®ay circuit 55 and

overfl ow underflow controller 56 and output as data #4 at the timng
of step S1 of the next channel, two clock pul ses after step S20 (see
item(c) of Fig. 16). At st epABBtERCGthe next channel, the data #4
(i -en», %15 waveformdata TRl of the first_ FM ogeratBr 1) is selected

to be'fed to the A input of VoiRee o204 nfieRe SYRFRegLBuPe¥hGet he dat a
#REGA (i.e., antilogarithm c generated wavef orm data of t he second FM
operator OP2 having a controlled anplitude |evel . and stored in the

regi ster REGA at&rrﬁ#i%a ulﬂ ngs%%)vﬁi{%fwz%se%%%dsé& ded1b2)t heeB

input of the ari wn 1h items (a) and (b) of

Fig. 16. ov%%ﬁe%k?“élsy ot N dEMEL 08 MR E(f%.&faéf&u f sgai-tFMigpenat or
g]IOI' m

OPl1 and wav ata of the second FM operator 2 are added by the

ari thnmeti ¢ YRONCH. UkONERT) instrddtiRPPeNsSeate dHesobifdegeneiratien and
operation of step Si, the selector 64 of Fig. 7 selects the data fed

to the [errpitch ih#@dinatibus, (PIECHPEERTON aadul fonh tdwured i Waveformuni t
ALW I's output fromthe selector 64 by way of the delay circuit 55
signals corresponding to formants of same formant pitch on the
basis of the pitch information in response to the sound
generation start signal. A control section (103) supplies the
10 sound génération "start signal and pifch information .to
specific one of the waveform generation sections (104). The
sound generation start signal and pitch information supplied
to the specific waveférm generation section are transferred

therefrom to another waveform generation section.

15 (Figure 24)



: 1/21
- 159 - and overfl ow underflow controller 56, passed through the

shifter and log/linear converter 65 w thout being processed t her eby,
and then fed to the arithnmetic unit ALU4 via the - delay circuit 67.
Thus, the operation result of the 5 arithnmetic unit ALU4 obtai ned
fromthe operations of step S1 I's, after being delayed through the
. delay circuits 53, 54, 55, 67 by a total delay tinme corresponding to
t hrree clock pul ses, sta 1a. o—st Or age pea—qr wavef orm data
TR2 of the cur re@Mehary emcmcouputER Q\IPERATOR Hre QP of step
S4: 10 (see item(e) of Fig 6).SECTION m (THY ¢t her hand, no
specific FM opeb§*_,% alrgorr o/ Sel ect ed control is’ perfo%ﬁot
to read out vvaveformdat R1L of the first FM operator OP

t he nMeno RAMA O ause nobldata to be selected in the

sel ector 51. Tlh'GﬂALaslaﬂﬁLep Sl the & ithrretic unit ALU4 <€opFut Lok
gener at ed wav eff RROCESS $NGaSECT | ONhe—seee efjer at or OP2 wi t hoput| GENERATOR
changi ng. t he wavef orm dat a, i chlﬂTﬁRﬁkﬁén ordel | F into the sf
area, for waveformdata TR2 o =1 . channelp St he penory

RAMA at the tijm ng of step $4. 20 As the result, the waveform data
TR2 thus stored in the predefw ned arage _area 0 he mepory RAMA

will be utilize as wav ef opmmm-;n BUS an FM synt he5| zed Bone| si gnal .
In the conbi ned ——t-ire
DSP4 ! !MIF WM

S

DIGITAL DIGITAL DIGITAL DIGITAL | INTERFACE <::‘J> WAVEFORM
SIGNAL SIGNAL S1GNAL S1GNAL HENORY

PROCESSOR | | PROCESSOR | | PROCESSOR | | PROCESSOR j

@@@@

DATA BUS

\/ ' DBUS
INTERFACE |~—DIF '

A4
D/ A CONVERTER  [~—DAC

|

SOUND SYSTEN ~—-SS

DAC |

DSP1

CIF AG
| DSP2
LVL (EG, IP)
DSP4
BWR B ‘
A DSP3 :
' F 1 G. 2
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| ' | - 7
above-descri bed operations of steps S10, :S14, S15, S19, S20, 25 S1 an/

S4 to generate FM synthesized waveformdata in the . second FM operat or
OP2 correspond to the route along which the phase data P& 2 is sent
to the noise inparted 52(S0, S10) and then stored into a register
ALUA&RAMA( S17, S20, S1) as - 160 -
waveform data TR2. In this case, the selector SEL2

corresponds to the function of reading out the waveformdata p{f$ from
- the regi ster RAMRBUS | -e., nenory RAMADS®Pn suppl ying the read,\j

data to the a r AL - npl
processor DSP. St eps o Steps S13, S16, S18 and of
Fig. 16, whic re si A nu er steps of Fig. 13, pefflofm
operations for ﬁhp?:a\f ound waveformdata to sfqrp
noi se 10 wavleform data P curdent channel into a predeternjjeg
storage area t he kpgenory wever, although steps 2 andf $1p of
Fig. 16 concerh|opelbgi o 1Se dat a PGNI and PGV pq pt
t he correspondj fhg 0|-1%|GM ee—6 oper ani hgl pss
in the FM synthgsj s sinc GF\‘ER Ué'ﬁ SE§§°N hase data ar gﬁoﬁhe FM
synt hesi s. ¢ajuse the ‘t programitor the FMSs F ovgr| ap
t he program f g :
PARAMETER ~ F . 8 RAMN
DATA DATA _)|—£‘— DUAL-PORT [~
INTERFAGE ARITHNETIC RAM >
UNIT
LX
F 1 G. 3

Has Been Replaced
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! 3/21
thé formant sound synthesis in the present enbodi nent just for :
programming sinplification, and FM synthesis program conpletely
devoid of these step operations nmay be used. 20 The wavef orm dat a
TR2 and TRu (and also TRl when necessary) of all the channels
havi ng been prepared in the above- nenti oned FM synthesis operations
in the fourth digital signal processor DSP4 and stored in the nenory
RAMA t her eof are read out fromthe nmenory RAMA and transferred to the
25 first digital signal processor DSPl via the data bus DBUS.

Thereafter, through the above-descri bed operati ons of steps ~ SI'1, S12,

S19 and S20 of Fig. 15 rmed in the digital signal pro r
DSP1, the tone vvavefor#&i\la of all the RAM2 SEGR

- 161 - ' hannels are sumed up after having heen ubjegted to
| eft/right |evel} control based on th pan1|ng pacanetersaRAN apd
uPAN, and then dut pue Gas 1l,ePtGan2l ri dht t pre—rr—teate XL gnd]l M XR.
The left and ridht tone mix datd8mM2xy and 5 ARWR ar d8Hen pro¢d&sed by
t he digital -to-gmalrog-TonNverter DAC Z]c urtinately sdgppli ¢d {o the
sound system G For §f§rence, t nctions of thelfirsy apd
second FM . operatots CBi aquQPz per d thgeugh the gbovejdegcribed
cooperati ons of . oces DSP1 to DSP4 arfe

PGw2 18x3 54
18%x2
"PGu 18
| P
MIXL, MIXR 2
18x3
F 1 G. 4 A
LvL1, LVL2
18%x2
LVLu 18%x1

.

F1 G 4B

RAM3 RAMA4
BWR 18 TR1 18
LPF 18 "TR2 18
TmpM FR - 18
TRu 18

F 1 G. 4 C .
Funvoiced 1

F 1 G. 4 D
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10 shown in Fig. 20, and Figs.

21A and 21B show i n functi onal

di agram exenpl ary FM operation al gorithmns.

function of the phase generator PG for

or PG 2 of a nodul ating or

modul ating the

gener

The fun

bl ock
In Fig. 20, the
ating the phase data PG 1

carrier wave in response -to the pitagh
Is inplemented by the first digital

si gnal
ctions of the portion
se data PGl or PE 2

frequency nunber FNUM 15

processor DSPl as mentioned earlier.
i ncl udi ng the adder AD for

with the f eedback wavefonm datg FR
TRL and the nul timpl i pr—tddy

data by the anplitude | =0ata

fourth digital signal OCERS

the function of the envélo
anplitude |l evel data LVL1%
digital signal processor
operation algorithm that

or

LVL2 are
ent i oned

I mpl ene
Fig. 21

nmodul af
for¥Emugiplying t

f of

i ng wave waveform dat a
he read-out waveform 20
npl enment ed by the
ear| er. Further,

generating the

nted by th@y second

A\ shows n FM

bn t he tone synt hesi zi ng

al gorithm paraneter ALG "1". Accprding to phis FM
operation algorithm rator QP1 perfor sel f - f eedback
FM oper ati ons - 162 - and
phase data PG 2 of the second FM opgra P2 is phase nodul at ed
usi ng, as nodul ati ng wave wavef or mdat] vef orm S
o))
-0 - E
)
® -
- o <
+
-C /\ o]
X Z:}"’ Zf:l*“
N (] ™ (=] ]
2 2
SEE SEE
& = N rt gl )
A3 3=5 - S=5 -
—3 E S8 S8
=4 ] I
S s
o] & s
7 d E
[ —~
= gg~r 2
S o< i
N o I =
N 7 ~
= =
P =
= |5
—=d =
- 2 |§ pF
N E ETM'
= (=3 -3
= 5||=5 B.
== . i 7
= 0 = -2 (o)
= (s LE
. . a= This Sheet Has Been Re
: Ellze HIIlIlHIIllHIlI Ilfill
e- Frid =5




data TRl generated fromthe operations, _
waveform data is output as generated waveformdata TR2 of the
at step SO of Fig.
waveformdata FRis fed to the B input of the

operator OP2.

To this end,

as to cause the first FM operator OP1

oper ati on;
the arithnetic
add

at step S10,

S1.

15

so that FM synt hesi zed

5 FM
16, - f eedback
arithnetic unit

to carry out a self-feeé@gck
waveformdata TR1 is fed to the B input of
10 unit ALU4 so as to cause the second FM operator 0OP2 to
the waveform data TRl to phase data P& 2; and at step 20,
waveformdata TR1 is not fed to the B input of the g;rlthrretlc
ALU4 so that addition of the waveformdata TRl and ERZ
actual | y executed at subsequent step

uni t
i s not
% n cont rast, Fig. 21B

FM

shows an FM operation g gorithm that is fated when the tone
synt hesi zi ng al gori ohg paraneter ALG i3 "2". Accordi ng
to this FM o] & ilon al gorithm thefir% v erator OP1 perforns
sel f - f eedigghclg @peragl ons, while thels M operator OP2 adds
20 together thé&t IS geter atggd’ wavef or m dat a | TRL TR2 to out put
the sum of th&dgla WtEheut perf o ng FM operat i To this end, at
step SO of Fi g ¢ avefor m dat a FRYi to the B input
of the arithmg p_as|to causethe¢ fiyrst FM opeggat or OP1
to carry out aj 35 operation; g@SIO wavef\dr m dat a
TR1 is not fed ifnpgt of the ari nit ALU4 so that the
second FM . [ ] OP. es |not perfor m|nodu at| gn of phase dat a
PG 2; and 20 efgrmdata TRL|i to the B i t of
1
= 3& &
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- 163 - the arithnmetic unit ALU4 so that addition of the waveform
dat a TR1 and TR2 is actually executed at subsequent step Sl.

In. Figs. 2A and 2B, a noise formant sound generating .section NFG
corresponds to the function of generating noise 5 waveform data TR n
the digital signal processors DSP3 and DSP4. Further, the operation
of adding the noise waveform data TRu to FM synt hesi zed tone waveform
dat'a correspondi ng to the "m xing operations” of the first digital

si gnal processor DSP1. O course, whether or not to add the noise 10
wavef.orm data TRu nmay be determ ned opti-onally. < |t should be
obvi ous t hat any ot her FM oper § arjgorit hm ot hé than the
above-nentioned may be igpl ¢ i n jany desired Jranner w t hout
departing fromthe spiri@™® present invention 15

(Modi fications) been descrj bed thus far ing,connection

with the I 1] 4 » t he gltal sig 8ce55| ng devi ce
perfornms tone way 3 SSIZTihg operati ons thtg)ugh

cooperations of a4 sign P120 to
DSP4. N IDOVE- UEY Cri g} aeious N
operations and pr ' g di P
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waveform are allocated to four digital signal processors, they may be
allocated to and perforned by any plural nunber of 25 digital signal

processors other than four. Further, although, in the above-described
enbodi ment, the various operations and processes for synthesizing
digital tone waveform are classified into five major groups: "phase
operations"; - 164 -
"envel ope operations”; "noi se operations”; "wavef orm
generation operations”; and "m xi ng operations”, they may bg
classified into other suitable groups. That is, although, ip t he
above-described enbodi mept, the various opgrations and 5 p¥ocesses are
classified into the abov -nentlon bd five or roupsj 'gnd al | ocat ed
to four digital §gnal p ocessors DSE}- tev DSK4, <the nner  of
classifying the | operatijon™ and pr¢cedses and fhe nr er of digital
signal processorsjto b enpifoyeq, na e dete eq,opfionally
dependi ng on the fype of—t ongl procesgi ng ‘to b¢ ashievied, th® nunber
of tone genger at i annel st he ¢ lity he dipital signal
processors, etc. For ¢xagie, [if_The pumé® o t e ﬁperatlon
channels is increased, a pIuraJlll of addi §i onal digifal signal
processors perforjring t sane op(rat@@ns y_ri5 e previfed in =
correspondence tq differé¢nt Schanng¢l §roups| = = : IL
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Further, the signal processing device may be arranged in such a

manner that t he nunber of digital signal processors to - be
i ncorporated in one systemof the present invention can be - i ndf¥ased
or decreased as desired by the user. For instance, 20 t he paraneter bus
PBUS and data bus DBUS of Fig. 1 may be extended-so-that any
necessary nunber of digital signal processors c be added In such a
case, additional control processor (CPU) and ne laced
m croconput er COM f or perform ng paramneter suppl tiona
| nput / out put 25 interface, etc. may al so be prOV|de meet
t he addition of arithnetic operation functions and tone genera I on
channel s. Furthernore, while the above-descri bed enbodi nent can
- 165 - enpl oy both the formant sound synthesis nethod and the FM
synthesis nethod for synthesizing a tone and is designed to store the
respective mcro Lgital signal —proc the digital
si gnal processinpgd 'nodi f]ed in vabgjp_g nner§; for
exanpl e, there cron ngta_ef“ﬂﬂ=ngf dgr nofe tone
synt hesi s net hodpeof heg = he abpve- nmeft iopd = Mor eover,
the present invepd-bnts_ndt :mnr.d_t.a_i.h.e Lo o
| 21 = & =28 cEes
<D [- 9 (21 D Oz [~
=] = 8 |28 2ges
& o Poc Y-
3 o . o
= e &S g
<D +k Q. o D= ==
= [~ ] - |
- |5l 5 |2 ol -
% < = = ocuod 1N
a @ m = hers
[ — R
z |2| 8- | & e
- o
= P> >
w <D — -
-— |
- -— [ ] > (] NO I3
2] & = = S s & 5
L P o -
I e e & —
‘_ [l % Q. %
2 |=] = = o =
> » & & & S
' ] [T . -
[+ [VT] - (7]
17 e (=) Lo L
Q e — D0
z ~ — =3 Us
- « ** & Y-
0 uts-' (L~ .
2] = g:"" ml.mu
e % I O
z (8] = g |8
< o . [
= 3 il 3 il
m = aE - 0 ;
L » > 2 3 He =
oy = <
(-] E -
-
==l
— -
» i
[2=3
2|ScsT| 2 !
L~ v 7
el Su3 %mé ; Soll | Eo=
»w|l<x<—O=<< | m—cO = | —arEa2

(a)
(b)
(¢)
(d)
(e)



application where various _Qpﬁr_a,t_l_gns—&nd—mﬂtesses for 10 synthesizing

digital tone waveform are aIIocatedto performed by a plurality of
digital signal processors. Thlss i mparting various tonal
effects such as rever be and pitch change may be g/27

all ocated to the di gi taI sors so that inpartnment of
various tonal 15 effects and acoust ic effectg,as effected through
t he. cooperations of the processors. In such % tase, digital tone

signal or sound signal tQ be processed is intpodued into the di gi tal
si gnal processing sectiog, and it i's of cour®e = possible to p¥rform
the digital tone wavefort synthesizing 20 p ocess in conbi®Pationmnith the

effect inparting process" A Moreover, the t h& present

i nvention is also a@pl g«cpbl e to devi ces m?ni ¢h Synt hesiwe or p@ocess
human voi ce or the v k& | as well as deviges|whiich snt‘-h@m ze
process ef fect sour@ such as imtation s@J ‘ y Vi deo=gane,

25 video/ audi® softvvare or"‘t he |i ke. I n eff@c

i nvention may b¢ appli edsto | types of sound sig theg-i S

and/ or proeessi hg. Furt her nor e, thg - y be stored
in the ™~ 5 b espective
mcroprogr&n suppl y sect =ong § (Fig. 5) of the <
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i ndi vidual digital signal processors DSP1 to DSP4 in any desired

fashion. For exanple, all necessary m croprograns nay be fixe l)/y”
prestored in the formof gate arrays so that 5 desired one of the
prestored mcroprograns is selectively read out in response to a
desi gnated tone synthesizing algorithm- or the contents of
m croprograns to be stored nay be rewitten or nodi fied optionatty
under the control of the m croconputer section COM Immsrsgee@ﬁgs%
the contents of mcroprograns 10 to be stored are rewrltte
the m croprograns do not have to be rewitten for all m’
onl'y necessary program portions may be rewitten in suc
t hat program portions common to the fornmant sound synthesis met hod and
FM sound synt hesis nmethod or ignorable program 15 portions as nentioned
above are | eft unchanged. Thi s can .effectively reduce a tine
necessary for the_programrewiting and also can also effectively
'save storage sp3 ewppriogramydata tpo be prepafjed, for the
rewiting, int e ot ion Aneked not _he data of al |
the steps. 20 _ n,| al thouetla t he m crpprogram sgpply section
5 IS provijded 2 4JC>1M aTdaVa¥=1S Ya DSkl go DSP4,
the m croprogranse grgg pF ocessprs DYP1 to DSP4 - may be
stored in como = o—-thptth st-oded..
m croprograns arle~qeqggnt i iy +Saldwesit j n response fo 25 t je operation
steps by use of [dempa—pdSanPcoBerl-Lox H-F-rg—s—ghd| Tenerator -
anal ogous to theg grjogegam cg lwhe-rﬁ R to the corfrespondi ng
si gnal processor{s® =2 he ' @en dat a
repared b wl| @ e . 0 | 23
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- 167 - one digital signal processor (e.g., DSP1l) and stored in the
menory RAM thereof is utilized in another digital signal processor
(e.g., DSP4), necessary data read and wite operations are effected

i n accordance with the respective 5 mcroprograns of the signal 11/27
processors so that the signal processors eventual ly cooperate with
each other. However, the present invention is not limted to such an
enbodi ment where necessary data read and wite operations are
effected in accordance with the respective mcroprograns of the
signal 10 processors; for exanple, when data prepared by one digital
signal processor (e.qg. SPl)- and stored in the nenory RAM thereof is
to be utilized in anot®ey digital signal processor, -a data request
may be given fromtge 1 ocessor to the ot her processor so that
the the latter operdte} %8 BadOout 15 necessary data fromits nenory RAM
I n response to the gt signal and send the read-out data to the
former. (Addj %c Y’ tion about Channel Synchronization)

An addi tional descfi rsade her ei nbel ow about an exanpl e
of synchronized to at(’)onv-corrtrol 20 responsive to values of the

channel synchroniza_tio EI@D? of the individual chan&els,
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Figs. 22 and 23 are concept ual funcL+eﬂa+—b+ﬁtk“drag?ans Il lustrating

the tone generation channels CHL to CHl n lmgarallel form which are
time-divisionally realized or 25 Thi ugh t he above-descri bed
cooperation of the di gi tal sig DSPl to DSP4. 27
More specifically, Fig. 22 shows a c the chann%{
synchroni zation flags RBP for all the channels are at
- -168- a value of "0", i.e., where each tone generation channel is
not in a state to - ¢ genefation coftr W th
any..ot her channel s ¢ ' ignals to the
tone generation ch g¢pr¢sent pitch
frequency nunbers Ig this
condition, the key _ f fequency
nunbers FNUML to F &V & i s¢ctijon COM and
interface CIF are ‘ ndiing chgannel s
CHlL to CH18. 10 2 YEL el g FESP ] € chanpel s 1 to
- CH18 (par ane 3 N RGN shown in Fijg. |19) are
al so supplied via $h ' 4 —S——¢ ' ‘acT .CFto
- the channels.  Thy§ |ead =chg pasils of @he
. supplied parameterg, g %§ ¢ Si #
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15 " having a sound col or characteristic according to a designated
tone synthesizing algorithm at an individual pitch and tone

generation tim ng. Fig. 23 shows a condition where the
channel synchroni zation flags RBP for all the channels are ajjzj;val ue
20 of "1", i.e., where each tone generation channel is in a state
to perform synchroni zed tone generation control with . ot her channel s.
In the illustrated exanple, the flag RBP for channel CHL indi cftes

CH2 to CHK irﬁli cate value "1",
and CHk+2 indicatel val ue "0", fMhe

value "0", the flag RBP fe& ghannel
the. flag RBP for channel s E3NIGI £5

flag RBP for channel CHk+Xm=N  Zndicates value "1", a}]d the flag RBP for
channel CH18 i ndi ca @_U{/al ug ['0". Here, " K" reprgsbnt se@n opt i(BnaI
channel nunber . e® = - - 169 -

—~ o
As mentioned earlier, if ther synchronis@@tion < fllag RBPTs "1"
for a specific channel, tlﬂa@"f $p&ciltic —>~chann [ s cOntrol I ¢d to
synchroni'ze with adj oi ni of smaller cjhanngl nunber.
Thus, in the exanple of Fig. hannel ' - erate
a tone in synchronism W

ecause th@flag RBP fo

channel CH2 is at t he chapnel synch&bni zation fljg RBP
is also o
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"1™ for channels CH3 to CHK, these channels CH3 to CHK ar e al |

controlled to synchronize vmth a smal |l er chmﬂsﬂeet for which the
flag RBP is of value "0" (i.e., channel CH1). hannel s CH2 to
CHK, which are controlled to synchronize lﬂmn ang/al |
supplied with a sanme key-on signal quency nunber

FNUML of channel CH1 and generate tones at a sane pitch and timng as

channel CHl. 15 Because ot her par amet ers (paraneters ot her than FNUM and
KON shown in | sgpplfi ed tq channels; Cgi tjo
i ndependent |y of edch he ;Jn si gn Is ge esﬁp‘éﬁln t he
channels wll be di ‘ '
characteristics altlhg 2 t he
signals are the saﬁr_ a1a synt hesi s -
nmet hod is enployed |i® ~ps urml ity off tone
si gnal s havi ng di f flefdnt o pes fcan e |gener at ed
in channels CHL to [GH4 by usi hg = dltf rent foﬁr,r(roant.afreque cy numbers
FORM al t hough theijrsditéh 2 and gg@_er ion tj gegsarg thefsafe. This
IS equivalent to e mair 2wy —sTot T mulft i -f or mant
structure. | t} sHouksi-be]obvigpuy t hat |t he t gne Byed S t@od
enpl oyed int hahnel § t 0%e lsynchrloni zed BEY— her {t han t he
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formant sound synt hesis netho
the two met hod
a manner that the fornmant soun
of the channels and the FM 5 s

Al ternatively,

In such
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16/21
m Croconputer section COMto the individual channels may be /
-171- tenporarily stored in the conputer interface CIF, and
respective values of the flags RBP may be checked in the interface CIF
so that key-on signals KON and pitch frequency nunbers FNUM ar e
supplied to the individual channels in a 5 manner to neet the synchronous
tone generation conditions,in accordance with the checked val ues of
the flags RBP. Alternptively, respective values of the flags RBP nay
be checked wi thin thef signal hat
key-on signal sCRON &frf pith
t he individual channels in
generation conditions in cordance with the thecked respective val ues
of the flags RBP. _ As appareni fromthe fpregoing, because the
val ue of the channel pynchronization flag RBP for each channel can be
15 changed as desired in fhe present invention, the invention can
synt hesi ze t onkbdi gRB%s h variety tures or
har noni ¢ conponent conbin respective
val ues of the channel synchroniz ereby cause a
vari abl e conbi nation of the tone; generatlon channels to generate tones
in synchronismw th each of her, _; ¢ ¢ :

i 20
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easily by use of the limted structure of the channels. q%;fpugh

a plurality of the tone generation channels desi gnated for
synchroni zed tone generation have been descri bed above as generating
tones at sane timng and pitch, 25 the pitch may be differentiated '
bet ween the channels,. for exanpl e, by an anpbunt of an integer

mul tiple. Further, sone - of the sound color setting or tone vol une
setting paraneters, in addition to tone generation timng and pitch
may be nmade - 172- t he sane
bet.ween the desi gnated tone generation channels or tone generation
start timng nmay be differentiated slightly or by an appropriate
anount between the designated tone generati-on channels. 5

Mor eover, although, in the above-described enbodi nent, a specific
channel designated for| synchronous tone generation is controlled to

synchroni ze with smallfe
control | gg) t PIRSY+GROUPON
(s). The speBiRidCchanin
one adj oi nin hﬁﬂnel
been describ
synchroni zed tone gen
SECOND-GROUP
PERIODIC"

FUNCTON
WAVEFORN

FIRST-GROUP

©) yinoow
FUNCT I ON
WAVEFORN

(d) SECOND-GROUP
WINDOW
FUNCTION
WAVEFORM

FIRST-GROUP

(e) FORMANT
SOUND
WAVEFORM

() SEcow-group ,nn'm TN AT
so AUATS g VIS Ui

WAVEFORM

FORNANT
(9) sound
WAVEFORN
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val-ues are easy to control, any other appropriate data may be 15 &8d as
such synchroni zed tone generation designating dat a. For exanple, in
addition to the channel synchronization flags RBP, channel data
designating a channel to synchronize may be used so that not only
adj oi ni ng channel s but al so ot her desired channel s are synchroni zed
wi th each ! T 20"Troutf gesuciT tiat, Tt
Syn"chroni ZF\FA“‘ML@HAﬂ E@c"" E“ ‘ n¥£ﬁ ﬁﬂiﬁgr‘l ghe of the channelk

s set as

generation on!
N BWbasi c | SBESENBANDBIBIH a channel desi gnated for synchroni zed

=)

tone gengraki©n 1§ rEMINGSHAPEZG NYSE SPESGRUWAS! C channel .

addi ti on, Eﬁ'*%‘"'_ % :

signal pr ess“ﬂ1pEs«bcti RHABENES S OF M) PEGTRUM Fiag 1. as a tope sianal
gener ati ngj devU@eFivvi ng DBPTH &I/RATH OF CENTER FRES NODULAT KON rGFY BNVO COED CHORMNE | SIJ,UNII
sy ol ol T ORI | ONPOFF OF GENTER FRE RODUCATICN OF ONVGTCED FORUART SOUD - "
gener at i ngh ddyF&eRiMiy bq CENTER. FREQUENEY Ok AINYIEE FORMANT $BUNDe- ment i oned
channel sy chrgrv gat | on [@pefHag 'RRTE OBWIBHATEEr T Or med Ina plurality o
tone sign ' e '

processi ng
processors
t he above-

ci r&J'i [ at @P‘/QFE?M I RA@ a plurality of digital sianal

arr ErpedA i n & B0Hl FREQUENCY N@s shown in Fig. 1. Al ternatively
TDFEMY DEPTH & RATE OF CENTER FREQUENCY MODULATION OF FORMANT SOUND
FOM ON/OFF OF CENTER FREQUENCY MODURATION OF FORMANT SOUND
FORM FORMANT FREQUENCY NO.
MULT1 FREQUENCY MULTIPLIGATION FACTOR(OP1)
MULT?2 FREQUENCY MULTIPLICATION FACTOR(0P2)
BW. FORMANT BANDNIDTH _(WINDOW FUNGTION TIME WIDTH)
RHY - ON/OFF OF RHYTHM SOUND GENERAT|ON MODE
WF 1 | FUNDMENTAL WAVEFORM_(OP1 OR FORMANT PERIODIC FUNCTION HAVEFORM)
WF 2 FUNDAMENTAL WAVEFORN (0P2)
SKT. SKIRT CHAR. OF FORMANT SOUND
FBL FEEDBACK FM LEVEL
PAN PANNING OF FORMANT & FN SOUNDS
uPAN PANNING OF UNVOICED FORMANT SOUND
URVF FORMANT FOLLOWING CONTROL FLAG

U A Gparameters | ATTACK GLIDE EG PARAMETERS OF UNVOICED FORMANT SOUND

A G 1parameters | ATTACK GLIDE EG PARAMETERS

U E Gparameters | EG PARAMETERS FOR UNVOICED FORMANT SOUND

E Gparameters | EG PARAMETERS

TL1 TOTAL LEVEL (OP1 OR FORMANT PERIODIC FUNCTION WAVEFORN)
TL2 TOTAL LEVEL (0P2)
UTL TOTAL LEVEL OF UNVOICED FORMANT SOUND

AM ON/OFF OF TREMOLO '
UAM ON/OFF OF TREMOLO OF UNVOICED FORMANT SOUND
DAM DEPTH & RATE OF TRENOLO
UAM DEPTH & RATE OF TREMOLO OF UNVOICED FORMANT SOUND
KON KEY-ON .
ALG TONE SYNTHE. ALGORITHM
RBP CHANNEL SYNC. FLAG
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19/27

channel synchroni zation operation may be perforned in a tone si gnal
generating device which is designed to execute an optional tone

synt hesi zing algorithmvia software processing 10 using a m croconputer,
or may be perforned in an all-hardware tone signal generating circuit
whi ch operates on a channel - by- . channel tine-divisional basis. In
anot her nodification, the above- neqm|?p¢g|channel synchroni zati on
operation may be performed in a plurality of tone signal generating

circuits 15 arranged inP@ allel correspqnding toSWMurality of tone
generati on channel s. As has beenldescri bed SO f Lt he present
i-nvention is
processi ng
operation 20 groups ocated to % si gha
processor sections an eously perfeg par al | el
fashion. Wth this fe&iuS4# 1Dhe present |th|OBSP4) canLyidr ObL¥h2al | t he

necessary operations at substantially i ncreased speed even where a
great nunber of processing steps 25 are |nvq£¥Fd a b# annel
sound signals are to be processed. ur%gg?' &@ ause it is
sufficient for each of thge 1 op ofigital signal procebsaor _sec ns to
execute only the (DSP2)
F I G. 2 O
FBL
NF G
NOISE FORMANT
SOUND GENERATOR
TR1 :
OP1
TRu
- TR2 _
OP2 + >
F I G. 2 1A
FBL
‘ TRt
OP1
- TR2
oP2 -+ >
TRu
NOISE FORMANT

SOUND GENERATOR

NFG
Flra =218B
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- 174- al

| ocat ed operations,

of the processor sections can be substantially sinplified.

each of the pr
circuit struct
circuit struct

ocessor sections to be substantially
ure, and the processor sections 5
ure. As a result, each

the operations to be executed in each0/27

This all ows

sinplified in
can be made siml ar
of the processor sections can be

in

designed and fabricated with i ncreased ease and at reduced cost, and
in-addition, fhe gener al - pur pose pei=—t—i-t=y—af—t-re—pr-ocess i ng devi ce of

t he presgnt invention can be gredtly enhanced 10CHI Mor eover ,

the present inventi ol ONthz eTT78Y in that a plurality of the
digital signal procEﬁiﬁ fect _ i nterconnected v and
second common |buses J@ t he nunber of the digifjal signa
processor sect}igg PA%AﬂIFTEﬁ’e WJJeased, it i.s sufficienf that wires or
connecting Iir$§R(PH1 - - ATIR BoRE=aret er s and outht data be

si nply connectle to the buses w - cat ed,
separate mﬁrirg, and hence the nunber of t he dlgltal S|gnal processor

sections

This al so can
devi.ce of the
processi ng dev
characteri zed
enpl oys

group 25 prd
di fferent neth

can be increased or decreased as desired with
enhance the general -purpose utility of the 20
present invention and achi eve an

extrene ease.
processi ng

eff|C|ent use of the.

i ce. ~ Further ion is
in that, in the cdse where a tone sfiBebis system
di ffer dhO NEnas synt hesi s net hods, any]operation
cessa an__operailional ~algorithm conmpn__to sthe
ods i?'ge’r'\ﬁgrne by neafls of a sane digital '
OTHER PARAMETER
FOR CH2 RBP=0
CH18
KONI18
FNUM18 —>
OTHER PARAMETER
FOR CH18 RBP=0
Fl G 22
i



signal processor section. Wth this feature, an efficient syst enm2igan
be provided. Further, according to the present : ‘
-175- i nvention, where part of the operations for synthesizing or

prrocessing digital

that only any
that part be ¢
permts an eff
the present
modi fyi ng
Further, the gr
mul ti functiongl
or process whi
switched from
nmet hods to be
i nvention is d
al l onwed to exg
time-divisiongl
processor sect
timng of each
fromthat

it is sufficient
section corresponding to
nt ageousl y

sound signal is to be changed,
of the digital signal processor
hanged in circuit 5 structu

icient KoNJesd at low cost. CHThegrefore,

i nvention can effici conply with a denmangl of
the cdniehvd vef orm synt hesi s or

? ﬂ“@ﬂ@non can leffligieptly provide a 10 .

% prodess ¥§é¢n1§pr sound synt hesi s
ch aI oms t he sound gynt nethao t.ohe n\tionally
one to another and aljso cH oeHid synt hesi s
used in conbination. Mor eover,

therHés»nt

haracterized in that | 194 eagh of the processor sgctions_is
cute the aIIocéTEE
DYieR PARAMEER ——L LD .
| OFgR thig lfed processi ng
t he procesqor jsect fo differ
i CHk
—
OTHER PARAMETER [
FOR CHk RBP=1
K O Nk+1 - C Hk+1
F N UMk+1 " | —
OTHER PARAMETER [ :
FOR CHk + 1 RBP=0
K O Nk+2 ? C Hk+2
F N U Mk+2 * —
OTHER PARAMETER
FOR CHk + 2 RBP=0
C Hk+3
_ >
OTHER PARAMETER I
FOR CHk +3 : RBP=1
KON 18 —— CH18
FNUMIS —>
OTHER PARAMETER |
FOR CH18 | RBP=0
eetﬂailfﬁeflﬁeﬁifed I




20+« of the other processor section, for exanple, in the |ight of 22/27the
respective roles of the operations allocated to the I ndi vi dual
processor sections. As a result, by appropriately - controlling the
ti me-divisional processing timng of the i ndi vi dual processor
sections to be or not to be different 25 fromeach other, the operation
result of one digital signal processor section can be transferred to
andt her digital signal processor section properly at optinmumtim ng,
which allows the - entire operatlons to be carried out rapidly in a
snmpot h - -176- manner .
Further, according to the present |nvent|on, each of the digital
signal processor sections includes an operation section for receiving
paraneters necessarylfor a predeter ned .5 operation and performng
predet erm ned operatjon on f'tal |q'1put data in accordance with the
recei ved paraneters i N program and a dual -port mefbry
having wite ng an operatlon resul t out put

fromthe ope o e ghert-e -adout ﬂp and
10 fromthe dgal -port nmenory can be controlled at m ng
I ndependent |y of each.other.gé)

nsequent|y, . when one of t[re nglLaI

si gnal processo al S|anal
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processor section) receives and utilize data output fromthe
dual -port nenory of another digital signal processor section 15 E@@éond
digital signal processor section), the data readout operation can be

control l ed at independent timng of thﬁﬁgmgghsB&mRelﬂkgrtal si gha
processor section which is separate fr |te timng of the
second digital signal processor sectro

n arrangenent "al | ows
each of the processor sections to endently fromthe

ot her processor section, and hence t he processor sections can execute
respective operation al gorithns w t hout being excessively constrained
by each other, while being functionally related to each other, which"
provi des very efficient operations. 25 The present invention is
further characterized in that synchroni zed tone generation

desi gnating data indicatingg whet her or not to generate a tone in
synchroni sm w th ot her 2 channel is given to each channel independently
of the other < . o -177- channel s

so that a plurality of se
generating tones. Wth
generation control is echi
channel s as desired, a
‘'synt hesi zed, easily an wi t

ted channels are synchroni zed in
his feature, - synchroni zed tone N
d in various conbi nations of the

aSTTgte 5 Cconpr ex|t one si gnal canc?e
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limted el enents of the tone generation channels, by conbining )?ne
signals of different formant structure or different har noni ¢ 24/2
conmponents in synchroni zed channel s. (Anot her Exanpl e of Synchroni zed
Tone Ceneration Instructing 10 Function) Next, a description
wi || be made about anot her enbodi mrent of the sound synthesis device
havi ng a synchroni zed tone generation instructing function as
nmenti oned above, with reference to Figs. 24 to 29. In particular,
Figs. 24 to 29 15 showin greater detail the above-nentioned
synchroni zed tone generation instructing function and sound
synt hesi zi ng functions such as a voiced formant sound synt hesi zi ng
function and unvoi ced (noise) formant synthesizing function. Wile
t he above-descri bed enbodi nent enpl oys digital signal processors 20
to inmpl enent these functions, the enbodi nent of Figs. 24 to 29 is
desi gned to enpl oy any other neans than digital signal processors,
such as dedicated hardware circuitry or software soundd source using
a CPU. The term ."voice and tone synthesis" is usgd in the
following description, kgt the term 25 "sound synthesis" YWs used,
throughout this specification, as a general termreferring to not

only voice and tone synt esi s but al so any ot her forn1@f sound
synt hesi s. .Therefore, ﬁji‘ Vo cesind tone synthesrrs” is
repl aceable with the nDr - = -
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- 1.78- gener al
diagramillustrating a

accordance with an enbodi nent of the
operator section 101 is for
whi ch
generation start) signa
section 103.

plurality of keys,
a key-on (tone
control

out puts sound col or inf
t he control
channel s 104.
channel s are uniquely i

necessary to distinguish between the
of .nunber snall er

generati on channel

term "sound synthesis".

section 103 are connected a plurality of
In the foll ow ng description,

voi ce and tone
present invention.

5

A sound col or setting operator
ormation to the control section 103.

channel
channel s,

dentified by serial

15

Fig. 24 is
synt hesi zing device in
A perfornance

exanpl e a keyboard provided with a
is responsive to a key depression to outputs
and pitch information to a
section 102
10
tone generation
t he tone generation
nunbers where
and each tone
than that of a given tone

ﬁ/?‘} ock "

To

generation channel by one is referred to as a precedi ng-stage tone
generation channel while each ‘tone generation channel of nunber
greater than that of a given tone generation chanpnel by ope is
referred to as KON eedl ng- stage tone generation channel. 20

. Bach of the tone generation channels has two key-on signal i nput
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synchronj zation control term nal PSYN for receiving a pitch

synchroni zation control signal to select which of the signals N(”
recei ved through the two key-on signal input term nals KONCH :
-179- and KONI N and which of the two formant pitch information input
term nals PINCH and EXTPI N shoul d be nade effective. The pitch

synchroni zati on control signal assunes two states, pitch
synchroni zi ng state and non-pitch-synchroni zi ng state. Wen 5 the pitch

synchroni zation control signal is in the synchroni zing state, the
key-on signal input term nal KON N ' and formant pitch information
input termnals EXTPIN are activated, whereas when the pitch
'synchroni zati on control signal is in the non-synchronizing state, the
key-on signal 10 input term nal KONCH and formant pitch information input
termnals PITCH are activated. Further, eacf) of the tone
generation channels a key-on signal output term:hal KQNEXT for

outputting the key-on signal, a formant pitch i Nf or matj on out put

termnal EXTP for 15 @gtputtingothé nt pitch i nformat®Non.  The
key-on signal out pgt term M KON out puts the key-on signal
eI I na

recei ved at one of|the inpu¢ t and KCNINaactivated by
t he pitch synchron| zati on cont}ol®sipnal . Sinlarl y, the pitch
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i af ormation output term nal EXTP outputs the pitch information 20

received at one of the input termnals PITCH and EXTPI N activated by
the pitch synchronization control signal. Upon recei pt of a
key-on signal via via one of the key- " on signal input termhals KONCH
and KONI N activated by the ‘pitch synchronization control, the tone
generation channel 104 25 outputs, vi.a an output term nal CHCUT, t he
formant pitch received at the activated pitch information input

t erm nal PITCH or EXTPIN and a formant haV|ng the formant center
frequency received =

- 180 - - . To the input termnals KONCH, PITCH FC ano PSYN of each
tone generation dhannel 1044are applied signal fromthe pnt r ol si gnal
104. THe '44 i nput terninal KONI'N of each fone 5
generati on chann 182 put put

term nal KONEXT d rﬁ) gpnpr atian c el, and the
pitch informatio $ each t ga[1€e ation

channel 104 is cg
of a precedi ng-st
signal i nput ter

o the key-on

FMP1 —

FMP2

FlaG. 29
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channel 104 are applied signals fromt he control LLOD Son - )aﬂgg\l\hlt_@)hpi .....
correspond to the signals given to the key-on si M,}}Sifn |anImtgern§on§Ard
KGNCH and pitch information output terninal . [

A I
the other tone generation channels. Fur t hed, ‘thgﬁﬁg ‘Qg ba
term nal KONEXT and pitch inforgﬁi on out pdt Lt 8FHATAI i
| ast - st age tone generation chan are not jconnected with anyﬂﬁ”’

external 20 elenent. In addition, tHe R&RErSF JeCEitdn

N nformat ion | nput term nal EXTPIN of the first t$7 Pﬁg}auﬁﬁma SHEERTS SG
e

suppl i es each of the channels with ot her i nTorfEfion to be used for

formng a for?ﬂl (PertriTord~ai@pgetail with
reference to Fig. 2 A eSECPIOMRIt 25  out put '

term nal CHOUT of each tone 184-=5 fed to a m xer
105, which i nDiSPr8 conbi nes the mants from - t he channel s GbK&o
create a sound §,| gnal . xt, a description will be nade aq;).out a
manner in wh - 181 t the
above- menti op g%c;&'libg"%?%ﬂt zing device Oper%t ¥ GENglﬁg%R I
Upon recei pt a key-on signal ”gggngpunqlapj,tchp' I nf or mati pr
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5 .control section 103 reads sound col or information set via the

sound col or setting operator section 102, which sound col or

i nformation includes information of not only normal sounds but al so
rat her unusual sounds such as husky voice and whistle, as well as
information of the Japanese syllabary. 10 In the control section
103, there are stored data of fosmants and formant frequencies
correspondi ng sounds of vari ous—seund col ors. The control section
103 sel ectively al l ocates a series of enpty (avail able) tone
generation channel s for generating formants corresponding to the 15
desi gnat ed sound col or. As will be described |ater, each enpty tone
generation channel is normally kept in the non- pi t chpgyakr oni zi ng
state, the plﬁgtugynchronl zation contuslpn signal to be sent t he
snallest gﬂ £ eferred
to as "le 20 generatlon channel " of those allocated|flor the

f or mant S |n aln?g |n t he non-pitch-synchy ¢nf zi ng
state. gg‘gi{ Mom]'z}f n control signal is sent |tp the
respecti velpi a comtrol termnals PSYN of the P

al l ocated | ) n chapnels, in such a manner that the | eadi ng
tone generpfi onAchan i e non-pitch- nchronigifng state

and the oth¢rratt e CONTROE SI8MAr a 6 chea;nn%%és{%lglcfet tb|the
pitch-synch ﬂ) STORAGE SECTION
|
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-182- center frequency information of the formants to be fornmed is
sent to the respective center frequency input termnals FC of t he

al | ocated tone generation channel s. Then, formant pitch

i mf ormati on corresponding to sound 5 pitch information input via the

per f or mance operator section 101 is sent to the pitch information

I nput term nal PITCH of t he Ieadigf_tone generation channel. Now t hat
t he | eadi ng tone generation chann is in the non-pitch-synchroni zi ng
state, the formant pitch information received at the pitch 10

information input termnal PITCH is output through the pitch

information output teRAmRl EXTP to be transf gAMR2tO the SEGMENTh

i nformation input term nal EXTPIN of a first succeeding- stage tone
gener ati on chapaed Becapyse tpre—otirer—attoTatet one [geENerati on
channel s 15 hanp%ge {eadlng tone generatloﬁ‘ihannell%fé how ijn tlhe

pi t ch- synch Pzin r ne f qr mant ch 1n i on ftxdnsferred
to the input tgrnnal EXTPINoBe’Hle ey flé)* 3{Grne'

o the input tler i nal
ation 20 chapnel |if |any.
sefd@ fornmant | pitdh

term nal P|]TCH}of |t he

L?Lnatioh‘é§3t ansfqﬂred to

generation chapnel will then be tra
EXTPI N of anot per Pugcepdim@-tRage |
In this way, opce the control Bl i
information to ;

| eadi ng tone g
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25 The control section 103 al so sends a key-on signal to t he

key-on signal input termnal

channel . Simlarly to

key-on signal is transferred to the key-on
- 183 - signal input term na

generation channels.

key-on si gnal out put term nal
t erm nal 5 EXTP of -the grea

channel . Cbnsequently,
succeeding the grea
generation channellfs<

generation process on thgs

not allocated for the fo

i nconveni ence, it is preferrte
channels be initially nalntal

state as nentioned earlier,
all ocated to the channel s.

t he | eadi ng tone generatloncph

channel is

~—-23

KONCH of the | eading tone generation

infornmati on, the

KONIN of all the allocated tone
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and pitch information output
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caused to generate a formant on the basis of the formnt center
frequency information applied to its center frequency 20 i nput term nal
FC. Because the sane formant pitch information has now been
transferred to all the tone generation channels, formants generated
by the allocated tone generation channels wi |l have a sanme pitch, so
that a resultant synthesized tone w Il have a constant sound pitch
and color. Formant signals 25 outpu;-fron1the respecti.ve formant output
term nal s CHOUT of the all ocated tone generatlon channel s are m xed
by the m xer 105 to provide a desired sougp si gnal . The
structure and operation of each of the tone o=

- 184 - gen- -1 M chs will e described below, wth
reference to Fi which is a bl ock dlacranllllustratlng an

exenpl ary struc ane deneration channel .

Key on g ed to "0" input and
"1" input, 130. bn t he figure and
fol |l owi ng Hé key-on signalsjare and referred to

a5500|ated i fPut termnals,
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characters of the associated input termnals. - To sel ect term nal

S of the selector 130 is input the pi tch synchroni zati on control
signal PSYN. The sel ector 130 sel ects the key-on signal KONCH
supplied to the "0" input when 15 t he .pitch synchroni zati on control
signal PSYNis in the non- pi tch-synchroni zing state, but Selects the
key-on signal KON N supplied to the "I" input when the pitch
synchroni zati on control signal P is in the pitch3synchroni zing
state. The selected resulilof the selectljor 130 is s§§p|ied as key-on
20 signal KON to variouspel prrmais| of that tdne generati g channel s
and al so output through tie © &ﬁg erm nal KQ@NEXT tlo a
succeedi ng- st age tone_gener at] grdghhnnel . : The t pitch
information is fedfto ong i term nall Fp of, a vgi -?%Eornant

generator 110, and|the f@ nman center frjequen in ti%n is fed to

anot her input termjnal f the voiced|forna 10. Upon
recei pt of the 1 key-on %ggnal KON, the vdiced f gtor MO
gener at es a [fornpnt @B the basis} of | ¢he f o mant
pitch - =Z&infor mati gh and
formant cent er@&ckguppcl & nf o md®i on_and: E . dr mant t hrough
out put term naf. FPdT ™ hen, gnce ndi Lentper freqgtency
information is g © © L
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recei ved at

( i nput term nal
generates a noise formant on the basis of the

NFf |

center frequency information and

term nal NOUT.  CQut put
generator 110 and -
toget her by an 10 adder

O her signals than the above-nentioned

131, whic

h t
e al

a noi se formant for nant

5 gener at or

120

recei ved noi se fornmant
out puts the formant through out put
signals FOUT and NOUT of . the voiced formant
noi se formant formant generator 120 are added

so fed to

en out puts out put signal

CHOUT.

t he voi ced

formant generator 110 and noise formant fornmant | generatgqr 120 for the
pur pose of generating the formants. The structure and opgration of
the voiced formant generatdr 110 1 and nﬂi se formgnt genef& or 120 will
be later descri bed._}ilI .......... —}-detai |l it h ref ce to-H-gs. 26|fo 28.
Now, a descriptionPill bejmageRaboyt how forjmant™pitgh (< 4hfornation
Fp to be fed to the|voiced |fornmant denerator |110 _lis forfred. 20
The formant pitch ipformafTjon RLTCH[and &EXTPIIN are fed & {o "0 imnput
and "1" input, respkctively, & a sdledtor 113, = wi tth the pitch
synchroni zati on conjrol s+gral PSthbeiqg fegqm—= _ tgselgct|termnal S of
the selector 113. The sel edt or %13 z~sel dct & the flormant pitch (§
information PITCH fpd to tH{e "0" 25 i nputJuhen thedpitch synchroni zation
control signal PSYNis ii2t he Inon-Qi t chf- syrzhrorfi zigm@ sfate, but
sel ects the formant gi tch infdrmation BXTPI N sugplied tp the "L
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- 186 - synchroni zi ng state. The selected result of the

sel-ector 113 is supplied though its pitch information output term nal
EXTP to a succeedi ng- st age tone generation channel. The sel ected
result 5 is also passed to one input termnal of an adder 116, which
in turn adds the selected result of the selector 113 to i nformation
fed to the other input termnal so as éo supply the addition result
to the input termnal Fp of the voiced™ formant generator 110. If no
information is fed to the other 10 input termi nal of the adder 116, then
the formant pitch informati on PI TCH or EXTPIN al one w.Il be fed to
t he i nput termnal Fp of the voiced fornant generator 110.
An output signal of a nodul ation signal generator 111 is fed via an
AND gate 112 to the other input termnal of the 15 adder 116, and a
voi ced formant nodul atlon par aneter MODP is fed to the nodul ation
si gnal generator --fesponse o—the—Ey-ormr—sKkgnal KON,
out puts a signal n Ele bhpsis o tiﬁ%$§ cqd fof nant
nodul ati on parang — “Wrenfa—vort pi t Eh nodul ati on
enabl e signal 20 ieZ to pne input tefnmiBPPE tlhe AND gate 112
s at a | og St e putput—s Ty i = 1T nodpl ati on
si gnal gener ator _ § o thg@odll atiop $EERE hpener at or
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110 takes a val ue corresponding to

voi ced fornmant generator 25 the sum
of the external formant pitch information and out put signal of the
nodul ati on signal generator 111. By thus addi ng the output signa
of the nodul ation signal generator 111 to the external formant
pitch _ - 187 - i nf ormati on,
a tinme-variant characteristic can be igﬁ&ited to «Tthe formant pitch.
The resultant time-variant formant pit achi esd$ an eff%gt simlar
to vibrato obtained by shakifdg the vocal c@rds,;- 5 - NexQ a
~description will be nade abodt how the formant - . génter fremuencg
information Ff to be fed to @Whe woiced f or Wan qtor 110 i
f or med. The exterfalflormant center fgeq quy info tion FCis
passed to one input teeruﬂ,xﬁEem adder 117, whi=chjimgturrn @ add¥ the
information FC to iﬁfornatidn fed to the other i ey nal sp as
to supply the addi@ijon resulY t¥ |the formant o xduency
information input tdrminal FE JF |the voi ced . rajor Wio.
Thus, if no infarmatjion is f€d tq the ot held i gput terjrEnal [of the
adder 117, therfithe external% 1p ] formant cent ef? = mati on
alone will be f@dtc_the - |8opt ternminal Ff of Ztlhe voilc® f ¢r mant
generator 110. E : 3*v - _
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The output signals of the nodul ation signal generators 111 or 121 is

selected by a selector 114 and fed via an AND gate 115 to the other
i nput term nal of the adder 117. A 20 -noise formant nodul ati on paraneter
NMODP is fed to the nodul ati on signal generator 121, which, in
response to the. key-on signal KON, outputs a signal nodul ated on the
basi s of the voiced fornmant nodul gtg on paraneter NMODP.
When a voiced formant frequency nodul at enabl e signal 25 VFME -applied
to one input termnal of the AND gate 115 is at - a logical high |evel,
t he nodul ation signal selected by the selector 114 is passed to the
adder 117. Thus, a tine- vari ant characteristic can be inparted to
the formant center . - 188 -
frequency, simlarly to the formant pitch information. _ Next, a
description wll be nade about "how the noi se formant center frequency
I nformati on NFC t oferfet—toTiire roTse-voreced - fgrmarmt—gemey at or 110
is forned. 5 S| ER her [gr for|igif o|ent er [frequgncy infornhtion FC or
t he noi se formant T T equency 1| or L'LUI.I NFC S [Serected by a
sel ector 123 and fEg ko one {nput tgrmnal B8 ar] adder 124} The
out put signal of tpe-yroguratryan stgrjar gerferator] 121 s tefd via an
AND gate 122 to thezok het in)gﬁ termzy qdf the
2] w . L
= X3 gm -3 ed
D 3= [ %] o ™
(-] L. .
21 2 g2m -5 1328 .
L) 3 [ %] o O
w ™ 3(’0 . ol e (5
- ™ 8‘.,, . & | ves
| = £ 3|z 1N
2| 2 |Eeo-flc-g |
3 3= [ 23 (X
2 Jal 2 [Bo.Eleg
o =l = g Iz
Q — b d Eam .g: 05
=] = £ 2|13
l.l. (-] Lia .
O 28] &8 £ 5| o
D b <D D o
2 ||l = s plos
o ] & 1 BOow
L I e A=
x i« g =
el S . & ”
o |2 £ = 32
n o T 7]
@ * 5 R
< - . =
3| 2 (B~ |af =82
2| & |58 5
3 B |& 28 | sg°g |
[
a| B = 3
T i
2| & |x i
b [ —_ — [ é
[~ % - = (v - [y ] = < = = [+ N~
2| Eud (B3| & |E=B[BeE| EReZ
C 2 ° e © <



10 adder 124. \Wen a noi se formant frequency nodul ation enabl e

signal NFME applied to one input termnal of the AND gate 122 Is at a
| ogi cal high |evel, the output signal of the . modul ati on signal '
~generator 121 is passed to the adder 124. Thus, a tine-variant
characteristic can be inparted to the 15 noise formant center frequency,
simlarly to the voiced f or mant 4for equency i nformation. To
both the select termnals S of the s +or 114 and 123 is fed a
formant synchroni zati on control signal URVF, whi ch takes two states,

formant synchroni zi ng st
Wien the formant synchr@
non- f or mant - synchr oni zi pg

signal of the nodul Niehj
and the selector 123%¥se
I nformati on NFC f.ed to

& e and non- 20 f or mant - synchroni zi ng state.

I zation control signal URVF is in the

ate, the selector 114 sel ects the out put
nal ner at or 111 fed to the "0" input
SheN 25 noise formant center frequency

0N v I nput. Nanely, the formant center

frequencies fed to goi ced~f ormant generator 110 and noi se formant
generat or 120 wi | oo g ®rdih each other and al so present tine
vari ations = v » - 189 -
I ndependent of each ot hg¢ra < Y ! On the other hand, when Nhe f or mant
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control signal URVF is in the formant-synchronizing state, the

sel ector 114 selects the output signal of the nodul ation 5 signal
generator 121 fed to the "1" input and the sel ector 123 sel ects the
formant center frequency information FC fed to.the "1" input. Nanely,
the formant center frequencies fed to the voiced fornmant- generator

110 and noi se formant gener at or iio wll be the sane and al so present
synchronized 10 tine riatiqns The noise fornm havi ng t he
sanme center frequencysas$ | the moifed formant mil 1l pr oE{uce an effect
of , for exanple, “ whi sperijng Voi cg. By keepi t he voijceq formant and
noi.se formant ifdenptical 1jn centef Trequency,jit 1s pdssijble to 15
gener ate nornmal voic¢@@nd whi sgering vpice ile tional |y swi t chi ng
the two voi ces. \Wen > rresTT (aye) bwLJIIDJIlaI‘ﬁf o ~Torjporient s havi ng
I ndependent formants|@ |syqt hegi zi rgeefﬁ@t sound sugh ds whistle and
wind, time-variationfafithe nailse s a4 uerfcy caff be
controlled independeptty of 2(4  tBal| &ft Hemyoi t denter
frequency. w, "t he Jgené®al | S uc i or} of t e
voi ced formant [geperator |w [ lezbef descrj bed wth referlende to [ gs.
26 and 27, of which F&y shgws i b| ock dy ZF& amp t he qtructwre of
the generator and Fi g 87 LS 2 {or agr S oljt ai ned at
various points of thezpnesator] 26. < center frequency
information Ff is fe¢—tp—a = ' 0, fwhich® in
response to the key- )E sijgnal , g ee«h jJawt oot h avg S51 whose
anpl i tude | evel b
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- 190-
of the carrier phase generator
27.

generator 152, which,

pefiodically varies from"0" to "2[err]".

150 is shown in item S51 of Fig.

'sawt oot h wave S53 whose anplitude | eve

to "2[err]" at a given pitch. The

in response to the key-on signal,

553

The formant pitch information Fp is fed to a pitch phase

generates a

The out put wavef orm

5

periodically varies from"O0"

t put waveform of the pitch ph

e

generator 152 is shown in item f Fig. 27. 10 A A 2[err
detector 153 detects when the &g ‘“tudg pevel of t he sgwt oot h wave-
S53, to thereby output a presetgsiggnal zH4 as shown injitem S54 of
Fig. 27. In response to the prigésd ;| signal S54, the ea r|er phaseg
generator 150 conpul sorily mak - Sthe anplitude | evel Yo sawm o0t h
wave S51 "0" in order to 15 :uguglat generati on & a ne® >awtdoth wave
S51. A carrier mavehdﬁﬁnga d dr 151 g5§Erates&h si n@® wave
S52 on the basis of a phase as'ﬂ e S51. "The
wavef orm of the sine wave S52 g2/ 2Q
To a wi ndow function phase gerjerat or function tijme
width information BW In respdgnse to tﬁ- key-on si gnalg the w ndow
functi on phase generator 154 g signal 395 &
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whose anplitude level linearly increases from"0" to "2[err]" over a

ti'me designated by the wi ndow function tine wwdth 25 I nformati on BW and
then mai ntains a constant value of 2[err]. After that, every tinme the
preset signal S54 is received from the 2[err] detector 153, the above
action is repeated; nanely, the signal S55 is reset to "0" and then
again increases to 14 -191- and
stays at 2[err]. The waveform of the sigfal S55 is shown in . item S55
of Flg 27. =t—trrforrratTon Srr-s—fqd L.Umfunction
wavef orm generator 1 § whgch, jon efbasi sf of tHh w§|§§t 5 i nf ormati on
SKT, generates a sig | S5 —expiaesac-as—si rel-er+1 x/ 2), where x
represents an anpli't || ggel of t&e $i gnal o35 EAs| shojn in item S56
of Fig. 27, the signal_%6 pres¢nts™= a kmot H 2BE A anl shabed wavef orm
havi ng a wi dth det er ffisngd by h¢ dhe W ndoyfuncEion tipe width BW
10 A nultiplief“1b6Fultipli& {rEsipnal s |$ESRd F6 (0 t oget her
to produce a signal $ev|havingla wavefQqmap showyn,.,; = ip itkm S57 of Fig.
27. The signal S52 i|$* &t phas¢ "0F af 52 | the H&ERENg of pah chevron
shape of the signal $D| 39 . TRAt |t he S| gnal |Sb/. repejt edf y ,presents
t he sane waveform at | Ap §"‘pi {ch Ef {he w hdow fLE]EB;n. In tIQOS manner,
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frequency of the signal S52 as the formant center frequency, t he

voi ced formant S57 is fornmed which has a formant pitch correspondi ng
to the pitch of the signal S56. _ Further, voiced formant
anpl i tude envel ope information 20 VEGP and voiced formant | evel
i nformation VLVL are fed to an. envel ope generator 158, which, in
response to the key-on signal K generates an envel ope wavef orm on
the basis of the voi ced forma mpl i tude envel ope information VEGP
and voi ced f LR GR— A—Ye—A—frH=piaer 157
multiplies 25 Sienall S57 By thejenvel opg wgvef orm
I nformati on BvSfhe lenvel gne geperator 158 | so as to form
and out put fles ant signal FOJT. - Now;" tjhe |general structure
and operation of {4 “hgise | & - 192 -
f ormant generat or G fcur T wil Tabe escrifjed w{h refergncqg to "Fig. 28,
whi ch shows in bl qék diﬁgrarhtﬁerst rgt ule of the noijse fOr mant
generator 120. -y He—Torsg—Tormgnt_ cefiter rrequerjcy i nformation
NFf is 5 fed tqa}phase deneratdr 170, 3ddi ch, in resporjse tro the key-
on signal, gener attesta—saw-doi-h—neve—sheafret—p ' | . JA . carrier
wavef or m gener at ol 212 Jenerjatgs a [si ne Waygf of m on tihe Ifsis of the
phase given from tthelphdse den®ratgr 17012
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A white noise generator 173 generates white noise to be sent 10 to one
|nput of an adder 174. To the other input of the adder 174 is fed
noi se formant resonance peak characteristic i nformati on NRES, so that
the adder 174 adds the noise fornmant resonance peak characteristic
NRES to the white noise |evel and supplies the addition result to a
noi se spectrumcontrol 15 section 17E§ Further, noise fornmant
band characteristic information _ is fed to the noeise spectrum
control section 175, which, on the basis of the noise formant

band characteristic informati on NBW outputs a signal obtained by
cutting-off high 20 frequency conponents of the noise signal sent from

t he adder 174. A multipMer 176 nultiplies the sine waveform out put
fromthe carrier waveform gengrator 172 apd the noi se_waveform out put
from the noi se specgnunmpggantrdl ' : “npi se
formant anplitude envel ope i nflor i | evel
information NLVL are fed to a : , In

response to the key-on i gnal KON, generates an envelope wavef orm on

t he basis of the noi se flor mant anplltude envel ope infornmation NEGP
and noi se , - 193 - f or mant
| evel information (bYL. pép2nul t)i pli 177 mJI ti es
P ¥
N N S B
| | TINE WIDTH -
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the noise formant signal output fromthe nultiplier 176 by the :
envel ope waveform i nformation generated by the envel ope generator 176,

so as to formand out put noise formant signal 5 NOUT. The

voi ced fornmant generator and noi se formant generator shown in Figs. 26
and 28 start generating tone in response to t he sane key-on signal KON
I n the above exanple, but may star enerating tone in response to
separate key-on signals 10 KON In tion, there may be a tinme | ag
fromthe receipt of the key-on signal to start of tone generation, and
t he wavef orm generation of the voiced and noi se formant may be
effected with an appropriate tinme difference therebetween. By thus
setting a tine difference, it is allowed to control 15 a change from
consonant sound to vowel sound. : Whi | e the above-descri bed

enbodi nent enpl oyed a voi ced f or mant generator that generates a
formant by nultiplying a .v f Ataon, an FM
sound source a)ayFlRST~GROUPe -mﬂ A .u‘ ﬂ ‘ .s n‘ N n Fig.

a predeterntned nd then fed iback to the iinput of the nodul ator
180. To the FM 180 is aljso fed a nnddlatlng si gnal FMPL.
When a switch SW AN ‘ed‘tv‘ \ ‘t i ‘ﬁ ) "duli P out put

signal i 2%) t%’tg%t‘é%”th.cdull TR VAT ATHY

29, a nndulatedPgﬁgggt silgndiy ;J"a’ F‘ ' ' \ ' '.u'»,.' LSVl npar t ed

Thus, the FM nmodfliN 181 nodul af es thé out pugt S|gnal fronﬁ . the FM
nodul at or 180 wi nmodul at i g,5|gnaP FMR pnd ,
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méans of an adder
connected to contact (2),
modul ators 180 and 181 are added together by the

t hereby f
182.

provi ded as the signa
~formant pitch informati
and formant center

si gnal

| ast - st ag
term nal s
Furt her,

be provideg
f or mant so:undsN RES
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nodi fi cat

el PARANETERDATAD
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i nventi on.

si nmul t ane
executing

FMVP2. 10

orns and out puts a nodul ated out put signal

When, on the other hand, the switch

t he nodul at ed out put signals of the FM

5 adder 182 to be

In the FM sound source thus arranged,

on may be sed as the nodul ating signal FMP1

frequency in tion may be used as the nodul atjng
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synthesi zing a sound. As has been described so far, the present

i nvention 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 generati on. : - 195 -

CLAI MS 1. A voice and tonigsynthesis devi ce conpri sing:

a plurality of waveform generation sec S receiving a sound
generation start signal instructing a start of sound 5 generation and
pitch information so as to forma sound FR OR TRAvef orm on the basis of the
pitch information in respgg to t he sjound genfgmon start signal;

a control section for supplyling the sound neration art signal and
pitch information to Ll ne of the Lty 0y said waveform
generation secti cANGN PGF1 08 RGF2 f or \{TR&rORf ER2r i ng t he
sound generatio { i f
speci fic waveform
said waveform 9e5
_ generation

nd PHASE
GENERATORS i

gener atfi on section
ey sections,

ot her one of
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15  section and the predeterm ned other one of said waveform
generation sections generate tones of harnoni zed pitches at

synchroni zed generating tim ngs. 2. A voice and tone synthesis
device as defined in claim1l wherein said control section includes an
input termnal for 20 receiving a sound generation instruction from
out si de so that said control sectix,gp sel ects a predeterm ned nunber
of said wavef orm generati on sect+&as- in response to the sound -
generation instruction and supplies the sound generation start si gnal
and pitch information to specific one of said selected 25 waveform
generation sections, and wherein said transfer section transfers.

t he sound generation start signal and pitch

- 196 - imformation fromsaid spegrfi n section to

: 3. A voi Edthnd tone
a plurality of sound generation
econd sound generati on i gnal

anot her said wayeform tion secti

synt hesi s devic conpr?gaﬁgf

channel s each i pcl udi P?&Uiﬁl first and
o)

i nput term nals r receiving a s¢und generation start sjgnal, a
center f r ¢ QUHER CRARAMETER } } termnal for receiving formant
[FOR CH 1 RBP=0 |

CH2
KON2
FNUM2 | e
OTHER PARAMETER
FOR CH2 RBP=0
<
CHI18
KONI18
FNUMIS 3
OTHER PARAMETER
FOR CH18 RBP=0
L
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center frequency information, first and. second pitch
I nformation input termnals for receiving formant pitch 10

i nformation, and a control input termnal for receiving a . pitch
synchronization control signal that-takes either a - pi t ch- synchroni zi ng
state or a non-pitch-synchronizing state, wherein each of said sound
generation channel s generates a rmant sound on the basis of the
sound generatiop start 15 si gnal l-ved via said first sound
generation start- signal I nput term ngts r frequency
i nformation recei W@ N frequency infor il dn i nput

term nal . and f or itch infor n received via said Itch

information inppt’ term nal "when thejpi{ch qynchroni zation 20 cont rol
signal is in thge mirmmzmmrcj e and each - of daid sound
generation chanpelF8R gedrate & RBP=0 t he basi g of the
sound generatioph start signal receiyed}via sal d second sound
generation starf signal input term gal formant ey elr frequency
i nformation recgived via said cente p frequency informatijon input
termnal and ormant pitch r—n- , tion received via sgrd—sec2nd
term fpal '

pitch informatipn | the pitch synchronijzati on
control signal |[s O!I' UPtARA"ETER L

-1 197 -
: : RBP=1
t he non-pltch-s./ng I‘Ol’lil-lzzl ng state, '

~ CHk
>
OTHER PARAMETER _ :
FOR CHk RBP=1
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each of said sound generation channels further including a sound
géneration start signal output term nal for outputting t he sound
generation start signal received via said first 5 sound generation start
signal input term nal when the pitch synchroni zati on control signal
is in the pitch-synchroni zing state but outputting the sound
generation start signal receive ia said second sound generation
start signal input term nal -wh e pitch synchronization control
signal is in 10 the non-pitch-synchronizing state, and a pitch

i nformation output termnal for outputting the formant pitch

i nformation received via said first pitch information input term nal
when the pitch. synchronization control signal is in the pitch-
synchroni zi ng stat%but outputting,;the fgormant pitch 15 i nf or mat i ¥n
received via said second pitch informtipn input term nal when,the

pi tch synchroni zation control signal is|n t he N

non- pi tch-synchroni)?i ng state; ' a plurality of connecting l.ines
for interconnegtTmmg—Sard TSt _sound generatrton start sj gnal iqpput
termnal and fijrst 20 pit& information input term nal =n"Th
said sound ' gener ati o& channel and sai d sound generatiof start=si gnal
out put term nall—agd pifrhirﬁmrmfin } "n-1"¢h said
presents an optional charmel

f 25 3aid sound gkneration
chagug urrt§rs,'5and a
t

sound generation ¢hannel, where "n" r
nunber in a case pZWere the plurality
channels arg& idenfified by seril &5
control seckl onEfesponsive to peef
selecting a
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- 198 - generati on channel s of consecutive channel nunbers to supply
predeterm ned formant center frequency information to said center
frequency input termnal (FC) of each of said selected sound
generation channels, setting to the non-pitch- 5 synchroni zing state the
the pitch synchroni zati on control signal to be supplied to one of
sai d sel ected sound generation C nel s of snmall est channel nunber,
setting to the pitch- synchronizﬂg§~state the the pitch
synchroni zati on contr ol signal to be supplied to other said sel ected
sound generation 10 channel s, and supplying a sound generation start

si gnal and predeterm ned formant pitch information to the second
sound generation start signal input term nal (KONCH) and pitch

i nformation input termnal .(PITCH), respectively, of one of sai d

sel ected sound generation chgnnels of smallest channel 15 nunber.
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