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| NVENTI ON SOUND SOURCE S ASED ON COVPUTER SOFTWARE AND METHOD -OF
GENERATI NG ACOUSTI WWMTA BACKGROUND OF THE4/NJENTI ON The present
invention relates t urce systemthat conpines nusic tone

wavef ar m gener ati ng nodu$*es* nade_of sefltware, and that generates nusic

t ohe vef orm data based 'on nusic tone waveform generating conputation
performed-by each nusic tone waveform generating nodule. In addition, the
present invention relates to a sound source waveform generating nethod

that uses a general - pur posTITIRORTHE PNMENIST@Nechi ne for executing a
wavef orm conput ati on algorithmso as to generate tone waveform data.

Convent i @@UND $SOVURAGE SYSTEM BASED ONICOMPETER SOFTYWARE AND ety
of nusic tone generating nethods such as a waveform nenory tone generating

met hod and aMBTHOIR QE GENERA TING ACOUSTICOWAVEFORM &A&TA ng t he
musi ¢ tone generating nethod is constituted by dedi cated hardware such as
an LSl specifically designed. for a sound source and a digital signal
processor (DSP) that operates under the control of a fixed m croprogram

The nusic tone gener aBBACKGROUNBOBYTHE INMENKHKINar dware i s

generically referred to as a hardware sound source hereafter. However, the
har dwar e sounfihe present inscpitions relatisctn adsonndigavececsysgiome thas, combines
reduction of the product cost is difficult. It is also difficult for the
har dwar emsisimtoneowayefarm geagiating modules magde of softwarscaandibabgererates
desi gn has been conpl eted. Recently, as the conputational perfornmance of
CPU has mwsic eiomgncvayeform data baSed on music tone waveform generating -
computation performed by each music tone waveform generating module. In
addition, the present invention relates to a sound source waveform generating
method that uses a general-purpose computation processing machine for
~ executing a waveform computation algorithm so as to generate tone waveform
data. | _
Conventionally, in order to generate a music tone according to a variety
of music tone generating methods such as a waveform mefnory tone generating
method and an FM tone generating method, a circuit for implementing the
music tone generating method is constituted by dedicated hardware such as an
LSI specifically designed for a sound source and a digital signal processor
(DSP) that operates under the control of a fixed microprogram. The music tone
generator constituted by the dedicated hardware is generically referred to as a
hardware sound source hereafter. However, the hardware sound source
requires dedicated hardware components, hence reduction of the product cost is
difficult. It is also difficult for the hardware sound source to flexibly modify its
specifications once the design has been completed.
Recently, as the complitational performance of CPU has been enhanéing,
“tone generators have been developed in which a general-purpose computer or a

CPU installed on a dedicated tone generator executes software programs
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tone generators have been devel oped in which a general -purpose conputer or
a CPU installed on a dedicated tone generator executes software prograns
1121222 t00E VLD vl vl 11212 1t il *000002* -2- witten with
predet erm ned tone generation processing procedures to generate nusic tone
wavef orm data. The tone generator based2en the software progranms is
generically referred to as a software sound source hereafter. Use of the
har dwar e sound source in a conputer systemor a conputer- based system
presents problens of increasing the cost and decreasing the flexibility of

nodi fi cat\ivﬁittenl\vbiathvmddetemﬂnienedqonecrjgdmaﬂioﬁ Provessing prodedwes toggeroraw v
repl ace the capabilities of the dedi cated hardware devices such as the

convent i anabictone waveforhi datal The e gaidraturbaseduh thewofewhfe programs
flexible in nodification of the specifications after conpletion of design
than thdshendrical ysefierded ¢orasa sdfowaresound sonroevkereafieal sof t ware sound
source cannot satisfy a variety of practical demands occurring during
vocal i zati on dUse dfithedhasgenat sonndfsoulree smarcbreputeresysidmss a eoarplgeone
from CPU performance, system environment, user Eref erences and user

set t i ngs.basedbsystenr preseads fproblems ebrinereasinglthe cfasteand steenehsingr thes
cannot satisfy the denmands for changing fidelity of an outputted nusic

t one wavdiexiblityotofomadificationhandteanwiiehthe foomeientipnalitscdhware soumder
fidelity) and demands for changing the degree of tinbre variation (for
exanpl e, sonuegesimply replacg the capatulitigs i(ﬁttﬁgldedbcaa’,G@ﬂlaédNaﬁ%déVmSiMhon or
vice versa). Recently, an attenpt has been nade to generate tone waveform
data by aspiheaconieniionaldoae-ganasatingdedbedd6r softiwaressoungd souseeiis savisut er
to run software prograns,and to convert t{he generated digital tone

wavef or midexile im rragam%attmbeé the speciLiications aiteheo eaﬁamtgdﬁﬂgnctha@ne

signal for _vocalization. The spund source that generates the to(Pe wavef or m
data by dhethardware sound source. However, the conventional software sound source

cannot satisfy a variety of practical demands occurring during vocalization or
during operation of the sound source. These demands come from CPU
performance, system environment, user preferences and user settings. To be
more specific, the conventional software sound sources cannot satisfy the
demands for changing fidelity of an outputted music tone waveform (not only
the change to higher fideiity but also to lower fidelity) and demands for
changing the degree of timbre variation (for example, change from normal
timbre variation to subtle timbre variation or vice versa).

Recently, an attempt has been made to generate tone waveform data by
operating a general-purpose processor such as a personal computer to run
software programs and to convert the generated digital tone waveform data
through a CODEC (coder-decoder) into an analog music tone signal for
vocalization. The sound source that generates the tone waveform data by such
a manner is referred to as the software sound source as mentioned before.
Otherwise, the tone waveform data may be generated by an LSI dedicated to

tone generation or by a device dedicated to tone generation having a digital



a manner is referred to as the software sound source as nentioned before.

O herwi se, the tone waveform data nay be generated by an LSI dedicated to
tone generation or by a device dedicated to tone generation having a
digital -3- signal processor (DSP) executing a m croprogram The sound
source based on this schene is referretd-to as the hardware sound source as
menti oned before. Generally, a personal conputer runs a plurality of
application software prograns in parallel. Sonetinmes, a karaoke
application programor a gane application programis executed concurrently
with a seignsdperosessod (DS execaplg & aticoopropeamarThd bosnd sbusde basedowever ,
I ncreases a work | oad inposed on the CPU (Central Processing Unit) in the

per sonal tltisrmeheare isSedtrred toasrthe lhnadwdet sgsnd seugmnes atemioned befoee.
waveform data by the software sound source, thereby interrupting the

vocal i zati on Giereerallyj a pevsenalrcamputerr minscapturalibg of appdicafldni softwarat i ng
in the multitask node, the above-nentioned concurrent processing nay cause
t he taskprogiams ihzaralel.t Goanelemesani karavkskapplicatonprograsn airea gamé he

har dwar e sound source, a waveform conputation algorithmis executed by the
DSP or t Bpplicadonprgpgianais exoeutegacenainieatdy avitiihe sofevarsr seunrd solirche DSP
for executing the conputation has been enhanced every year, but the
convent i 8pRHCEGAB PIAGEIBr ] st situpsiag, iowievere inelgasemasvorkidoad tmposedt of

t he enhanced perfornance of the DSP., SUMVARY OF THE INVENTION It is

t her ef or @ndhedbPbctCentralBrasessiag: Unih) dnthe perspnal spnaputsrs Sueh ansovet e
system base(g on coHputer sof tware capab) e of reduci ng cost by enerating a
musi ¢ t oleadgelaysshe generasiayphiang wavekorandatad wthecssaftwarespund seuness dwar e

and, at the sanme tine, capable af changing the load of a conputagion unit
for conpthSIR Y#ﬂgqféuft’%%atﬁ&\)’é’% 1Za400 q%r?p%&ﬁil%&”@%én theWars cage. o put

nmusi c tone. . .. . .
e CPU is operating in the multitask mode, the above-mentioned concurrent

processing may cause the tasks other than the tone generation task into a wait
state. |

In the hardware sound source, a waveform computation algorithm is
executed by the DSP or the like to generate tone waveform data. The
performance of the DSP for executing the computation has been enhanced
every year, but the conventiohal tone waveform data generating method cannot

make the most of the enhanced performance of the DSP.

SUMMARY OF THE INVENTION

It is therefore an object of the préseht invention to provide a sound
source system based on computer software capable of reducing cost by
generating a music tone by a software program without adding special
dedicated hardware and, at the same time, capable of changing the load of a
computation unit for computing music tone waveform and improving the
quality of an output music tone.

It is another object of the present invention to provide a tone waveform

data generating method that is capable of generating tone waveform data



It is another object of the present invention to provide a tone waveform
data generating nethod that is capable of generating tone waveform data -4-
Wit hout interrupting the vocalization of a nmusic tone even if the CPU | oad
is raised high, and capable of, when the CPU is operating in the nmultitask
node, processing tasks not associated-pmth the tone waveform generation

w thout placing these tasks in a wait state. It is still another object of
the present invention to provide a tone waveform data generating nethod
that makes a hardware sound source fully put forth its conputationa

capabi || Lyith GuPIALHADHIRPINAYBERNMRA B'a AR ond LOBETif RRECPYMAHRD

bef ore. e rnventiv source apparat us has operation s conposed

of soft yaiseq mgﬁg ahd d‘agﬁBH% 8f, "\RHBh IhETPYis GPReAGAE 78 the %Hﬁﬁh?l& ndde
musi cal tones Through plurality of channel's according to pertormance

i nf or mat ig?&ecésﬁ'n%ttﬁﬁ(é RBE HskyEafRP With YRe téné%ﬁ‘i/é%rﬁﬁvgéﬁeﬁﬁ‘o% th%ut
whi ch t he

algorith etermnes a system conposed of selectTve ones o

operat i orplmigglqﬁewﬁmi@a}diystag@nbi ned with each other to conpute a
wavef orm specrfic to one of the musical tones. A designating device

responds to tlge ipegtilprasther iobjectofi gz poesend emivensdionngo opvidle t #eone
channels to be used for generating said one nusical tone. = A generating

devi ce aWwamagbem diva gen@atingemeplesd thetnmkes ks haadwaredsonrd Goaroe fullgnd
systematically executes the allocated sel ective operation bl ocks according

to the alpgorfotthnits conspitationabehpabilayvievigiowide the wWavefbymoeotpdtieaviagd one
musi cal tone through said one channel. Preferably, the setting device sets
di f f er enthighegroprecisionvthantbefereer mi ne  di fferent systems corresponding to -
different tinbres of the nusical tones. Each of the different systens is
conposed of sdlhecinveativessourid sdiacopppatatus hiak epesationibiocks eomplosediofel y
and sequentially conbined with each other to conpute a waveformwhich is
speci f i ¢ softwaaresrusedptoncomputeewavefdrensifor geneatatingrar plurality of musical

tones through a plurality of channels according to performance information. In

the inventive apparatus, a setting device sets an algorithm which determines a

system composed of selective ones of the operation blocks systematically

combined with each other to compute a waveform specific to one of the musical

tones. A designating device responds to the performance information for

designating one of the channels to be used for generating said one musical tone.

A generating device allocates the selective operation blocks to said one channel

and systematically executes the allocated selective operation blocks according

to the algorithm so as to compute the waveform to thereby generate said one

musical tone through said one channel. -

Preferably, the setting device sets different algorithms which determine

different systems corresponding to different timbres of the musical tones. Each

of the different systems is composed of selective ones of the operation blocks

which are selectively and sequentially combined with each other to compute a

waveform which is specific to a corresponding one of the different timbres.

Preferably, the setting device comprises a determining device that

determines a first system combining a great number of operation blocks and



Preferably, the setting device conprises a determ ning device that

determ nes a first system conbining a great nunber of operation bl ocks and
-5- corresponding to a regular tinbre and that determ nes a second system
conbining a small nunber of operation blocks and corresponding to a
substitute tinbre, and a changi ng devi<®- operative when a nunber of
operation blocks executable in the channel is |limted under said great
nunber and over said small nunber due to a | oad of the conputation of the
waveform for changing the nusical tone fromthe regular tinbre to the

subst i tUb@rﬁeb?_bﬂéirﬁg) tot hafre%lﬂ%rsﬁﬁﬂﬂé apdt eati derdniihed 4 Wecond %2%%" in
pl ace of the Tirst system Preferably, the setting device conprisés '"an

adj usti ngofithinfrey cpeyrallv auntiere ofeopesativh abl@@lasiiéddarc&tﬂéépmdihg_ touzse of
generating the nusical tone for adjusting a nunber of the operalion blocks

to be al kobstitede tionbies andanciedngiRpafesied bperdtive wilen st ngbee vl opeeRidH | Ses
a nodifying device that nodifies the algorithmto elimnate a

predet er blowd executablenm thpechanwel i3l liglited underd v4id great hanstyat &nd 89eps to
reduce a nunber of the operation blocks to be |oaded into the channel for
adj ust mesaidt entalk nuonbiért doe. taPaeleadilofythet bomguitatson nof dee iwaveformtfes when
the condition indicates that an anplitude envel ope of the waveform

at t enuat changingithe prusiealeonerfzdm the segidar tinebrel tof the swbsiitate tignbreeseyst em
so as to reduce the nunber of the operation blocks. Preferably, the

adj ust i nthaidhe secopdsystesn whadoptes farthictahannehin placeof thedirstisystenput

vol ume of the musical tone is tuned bel ow a predetermned threshold |evel
for conpacti nBrefesablystthensetting dayiee domeprises anrasjusting tdeyico pperative

bl ocks. Preferably, the adjusting device operates when the condition

i ndi cat edepemdentdy,encr canditiopaduing tho coutss afganeriing thesuwiealitpaedore in

the syste wi thout substantially ,affectjng other operation bl ocks of the
syst e?/n i ggj)ustmg a number of the oper%tlon bloci(s (tJo be allocated to the channel.

Preferably, the adjusting device comprises a modifying device that
modifies the algorithm to eliminate a predetermined one of the operation blocks
involved in the system so as to reduce a number of the operation blocks to be
loaded into the channel for adjustment to the condition.

Preferably, the adjusting device operates when the condition indicates
that an amplitude envelope-o.f the waveform attenuates below a predetermined
threshold level for compacting the system so as to reduce the number of the
operation blocks.

Preferably, the adjusting device operates when the condition indicates
that an output volume of the musical tone is tuned below a predetermined
threshold level for compacting the system so as to reduce the number of the
operation blocks. |

Preferably, the adjusting device operates when the condition indicates
that one of the operation blocks declines to become inactive in the system
without substantially affecting other operation blocks of the system for
eliminating said one operation block so as to reduce the number of the

operation blocks to be allocated to the channel.



elimnating said one.operation block so as to reduce the nunber of the
operation blocks to be allocated to the channel. -6- Preferably, the
generating device conprises a conputing device responsive to a variable
sanpling frequency for executing the operation blocks to successively
conput e sanples of the waveformin synchronization to the variable
sanpling frequency so as to generate the nusical tone, and a controlling
device that sets the variable sanpling frequency according to process of
conput ati on of the waveform by the operation blocks. Preferably, the

gener ating devPredferablpy i thes gencoating i dgvilee/i cemprisspoasioomputing vdevidd e
sanpling frequency for executing the operation blocks to successively
conput e sespbasiveftotdreariablef sampling $yeqiencyi foatixeautingtthe opesatiambéocks
sanpling frequency so as to generate the musical tone, and a controlling
devi ce fdo sufjaessivedy tdoamputei samplesaapithegvayeiguanmay syaphragaation tonthe | oad
of conputation of the waveformduring the course of generating the nusical
tone . Predriablel gampling diequenayy s@esc &0 cgeperatesthg sagicali fgneeanck a
responsive to a varjable sanpling frequency for executing the operation

bl ocks teonfreldingsideaice dbapsets gh@pwgalalﬁ SMN@&%&%WWs?Wrdgﬂgz‘él i on

to the wvariable sanpling freguency sp as, to, generate e .nusi cal tone, and
a cont r UOCESS Qéﬁp@ﬁ)ut@goad}ff}glﬁiW@V@ﬁ%éWhy ithe opezation i)il@d@r equency

Gencrat i ng ¢ hePIeRGEAH oncECTPRRG dtiGre GORBESSDUAC EOMIIAE L SCNIEE o
O o R, SR A TRl S5O BB P P ASB B e
O Ry S e, ARRRY B Ve e RS ARl o R
correspon\gzilr? 1e° sgm\ﬁlrnigabfrgquency so as to generate the musical tone, and a
controlling device for adjusting the variable sampling frequency dependently
on a load of computation of the waveform during the course of generating the
musical tone .
Preferably, the generating device comprises a computing device
responsive to a variable sampling frequency for executing the operation blocks
to successively compute séuhples of the waveform in synchronization to the
variable sampling frequency so as to generate the musical tone, and a
controlling device for adjusting the variable sampling frequency according to
result of computation of the samples during the course of generating the
musical tone. o
The inventive sound source apparatus has a software module used to
compute samples of a waveform in response to a sampling frequency for
generating a musical tone according to performance information. In the
inventive apparatus, a processor periodically executes the software module for
successively computing samples of the waveform corresponding to a variable

sampling frequency so as to generate the musical tone. A detector device

detects a load of computation imposed on the processor device during the



sanpling frequency so as to generate the nusical tone. A detector device
detects a | oad of conputation inposed on the processor device during the
-7- course of generating the musical tone. A controller device operates
according to the detected | oad for changing the variable sanpling
frequency to adjust a rate of conputat/i-on of the sanples. Preferably, the
controll er device provides a fast sanpling frequency when the detected
load is relatively light, and provides a slow sanpling frequency when the
detected load is relatively heavy such that the rate of the conputation of
t he sanptesrsesfr geheratingythé/musicat tome. dAncomtsoHer deviegesperatestarcording
Preferably, the processor device includes a delay device having a nenory
for i npatda theydatadtedjoad fohehangiigthe varidkleesampling frequénayf ta ladjustusi cal
tone according to the performance information. The del ay device generates
a wite e of@omputagioscettiosdmplesiti ng the sanples into addresses of the
menory and a read pointer for successively reading the sanples from
adresses of tRecferahlyy tho eortrellgr dewiaee proeides ayfast sasyplingifiequencyn

addr ess ap between the wite pointer and the read pointer-The del ay

devi ce i Whepetippiatoetedolaadh is aelativetyl light,f andupraides a ridewnsampdioigh of
the wite pointer A and the read_ pointer one address for one sa

] by | e.
O her wi slequaBCYiaYhgn the detected load iy relatively heawy sush thahphe satereletheency
to increnent the wi poi nter by qne dress n_tines for one sanple and
to i ncr eFREPU{HEOR eca‘fjtefﬁoiSﬁmles H§ reduged da ddnt wheshan sieRples. apr Biege) v,
t he process%r devi.ce includes a delay device having a pair of nenory
regi ons A MO parting a delay to the waveformto deternmine a pitch of the

Succoesively RRIBEADINYJH. REbSr UBChaRSIuon or CSAY rievice) BRSIE it o

addresses oy for’ impaftifis & dldy” 8 S waverorn (6 determine 8opiich of e ™ o
musical tone according to the performance information. The delay device
genefates a write pointer for successively writing the samples into addresses of
the memory and a read pointer for successively reading the samples from
adresses of the memory to thereby create the delay corresponding to an address
gap between the write pointer and the read pointer..The delay device is
responsive to the fast sampling frequency to increment both of the write pointer
and the read pointer by one address for one sample. Otherwise, the delay
device is responsive to the slow sampling frequency to increment the write
pointer by one address n times for one sample and to increment the read pointer
by n addresses for one sample. -

Preferably, the processor device includes a delay device having a pair of
memory regions for imparting a delay to the waveform to determine a pitch of
the musical tone according to the performance information. The delay device
successively writes the samples of the waveform of one mucical tone into
addresses of one of the memory regions, and successively reads the samples

from addresses of the same memory region to thereby create the delay. The

delay device is operative when said one musical tone is switched to another




from addresses of the sanme nenory region to thereby create the delay. The
del ay device is operative when said one nusical tone is switched to anot her
-8 nusical tone for successively witing the sanples of the waveform of
said another nucical tone into addresses of the other nenory region and
successively reading the sanples from agldresses of the sanme nenory region
to thereby create the delay while clearing the one nenory region to
prepare for a further nusical tone. Preferably, the processor device
executes the software nodul e conposed of a plurality sub-nodul es for

successi yRliyicaP1oné ifog surecvsivelyowmitingethepsanpksoof dayi waveforapeifagdide
when one of the sub-nodul es declines to becone” inactive w thout

subst ant igabltNerafmaeidatg teidieints uladdeeisees of utlindpthenpiicrhonn regfionhand
wavef orm for skipping execution of said one sub-nodule. The inventine sound

sour ce appetessivclyaadimptiowaraplosditom addidsses ofthigmange seomobesregdioa to
waveform for generating a musical tone. In the inventive apparatus, a

provi der thersbyecreats td gelayovhileslearing ghe onsimemlorptregioreteaprepary foshow
rate to define a frane period between successive trigger signals, and

peri odi cdurthepmmsidektomesanpl i ng signal at-a relatively fast rate such that
a plurality of sanpling signals occur within one frane period. A processor
device is reseHreﬁ&IIggly,rt e pspoesser devicatxaauitesthe softmare module coppastie
based on each sanpling signal to periodically execute the software nodul e
for succnsfsa;iplarglitgosqnbmnngubsnfmbemcammmnnptﬂtmgethﬁawewcfmmj thhe one
frame. A detector device detects a |oad of conputation inposed on the

pr ocessomprodessoralevies ispoperativeuwben onegeinibesubnmadudesdeclings tohecome
controller device is operative according to the detected |oad for varying
the franmsngetivewithoutubstantially atfestinggithensub-mpdules g samputatignone
frame period. A converter .device is [espqgnsjve to each sanpling signal for
convert i ©f theomaveformeiorskipping execntion of sahoneiswlrmaduly signal to

t hereby generate the nusical tones.
y 9 The t1nvent1ne sound source apparatus has a software module used to

compute samples of a waveform for generating a musical tone. In the inventive
apparatus, a provider device variably provides a trigger signal at a relatively
slow rate to define a frame period between successive trigger signals, and
periodically provides a sampling signal at a relatively fast rate such that a
plurality of sampling signéls occur within one frame period. A processor
device is resettable in response to each trigger signal and is operable based on
each sampling signal to periodically execute the software module for
successively computing a number of samples of the waveform within one frame.
A detector device detects a load of corﬂpufation imposed on the processor
device during the course of generating the musical tone. A controller device is
operative according to the detected load for varying the frame period to adjust
the number of the samples computed within one frame period. A converter
device is responsive to each sampling signal for converting each of the samples

into a corresponding analog Signal to thereby generate the musical tones.

BRIEF DESCRIPTION OF THE DRAWINGS



BRI EF DESCRI PTI ON OF THE DRAW NGS -9- The above and ot her objects, features
and advantages of the present invention will becone nore apparent fromthe
acconpanyi ng drawings, in which like reference nunerals are used to
identify the same or simlar parts in several views. FIG 1 is a schematic
bl ock diagramillustrating a software-®nstitution of a sound source
systempracticed as a first preferred enbodi nent of the present invention;
FIG 2 is a block diagramillustrating a general hardware constitution of

t he sound source systempracticed as the first preferred enbodi nent of the

present invenffihenabéV&aml osher dbpgtsnfdaturesxphdiadvantages of ttheepwsoat at i on
processing performed by the sound source systemof FIG 1; FIGS A4A

t hrough #ifva@itéorn wilbhdeasonfeomarepippareny fover thewcobnipanymg idrawings, in
generation processing based on an FM sound source; FIG 5 is a diagram

i || ust r atwhigh ddemdfesenfe iamecalsaveusedtddtdentify the sameforosimildrgsarts in
waveformtable; FIG 6 is a diagramillustrating a tinbre register used for
expandi ngevérabiviewpar anet ers of a nusic tone to be sounded through an
assigned channel ; FIGS. 7A through 7C are a diagramillustrating a data
format of nusFEG.tloisea pahematierblock dipgram dlustrating ajsefwane consgtution ng a
M Dl -CH voice table for storing a voice nunber of nusic _tone paraneter

VO CEn sef extsouatlysauncei syssemanpraticedhan e first prefergd embadimgat 01 the

i ndi cating procedure of an initialization program executed by the CPU of

t he sounpressmt deveyidorm of FIG 1; FIG 10 is a flowhart indicating

procedure of a_nain, pro?ram ,execut,Td ,b¥, the CPU ?fter the initiali za%i on
program of FI EIGy2 is a block diagram illustrating a general hardware constitution o :

the sound source system practiced as the first preferred embodiment of the
present invention;

FIG. 3 is a diagram for explaining music tone generation processing
performed by the sound source system of FIG. 1;

FIGS. 4A through 4C are a diagram for explaining overview of the music
tone generation processing based on an FM sound source;

FIG. 5 is a diagram illustrating examples of basic waveform data selected
from a basic waveform tablé;

FIG. 6 is a diagram illustrating a timbre register used for expanding
timbre parameters of a music tone to be sounded through an assigned channel;

FIGS. 7A through 7C are a diagram illustrating a data format of music
tone parameter VOICE;; o

FIG. 8 is a diagram illustrating a MIDI-CH voice table for storing a voice
number of music tone parameter VOICEn selectively set in each MIDI channel;

FIG. 9 is a flowchart indicating procedure of an initialization program
executed by the CPU of the sound source system of FIG. 1;

FIG. 10 is a flowchart indicating procedure of a main program executed

by the CPU after the initialization program of FIG. 9;



-10- FIG 11 is a flowhart indicating detail ed procedure of a M DI

processi ng subroutine contained in the main routine of FIG 10; FIG 12 is
a flowhart indicating a continued part fromthe MDI processing
subroutine of FIG 11; FIG 13 is a diagramillustrating an exanple of a
format of a CH sequence register; FIG0t4 is a flowhart indicating

detail ed procedure of a waveform conputation processing subroutine
contained in the main routine of FIG 10; FIG 15 is a flowhart

i ndicating a continued part fromthe waveform conputation processing
subroutine of FIGa 114;is FaGflobéchart airidicatihgr detanlédc proocedulet afl ed MibBdedur e
of an FM conputation processi ng subroutine for one channel; FIG 17 is a

f | owchar prooessing isnbraistine codtained énl the meinaoutiperaftldhG. Hynput ati on

processi ng subroutine for one operator; FIG 18 is a flowhart indicating a
cont i nued par tFIG.oiRt ise aoflovachart indigating i coptinveds parf frdmothe MIDEI G
19 is a diagramillustrating a basic flow of an operator conputation
perforneqbrboe&shegcspbr(mtmmeo%lﬁi(&,dtli;on processing of FIGS. 17 and 18; FIG
20 is a flowhart indicating detailed procedure of a tinbre setting
processi ng sulffléut i 3eiscendidgrem iiHustratingi an rexample of #(formad; ofaGCH1 i s
a diagramillustrating a constitution of a software sound source system
pract i ce8CqUEBCE ERZIAETpr ef erred enbodi ment of the present invention; FIG

22 is a diagramillustrating an operation ti m'_ng chart_ of the software
sound source d{6t-ekdtsisoantlpwohpt indicating- detadedoprqcedare ofcr waygiamm

illustrating a processing apparatus havin . . .
corr?putaﬂon proces%ngps% routine Contaifed in the main routine of FIG. 10;

FIG. 15 is a flowchart indicating a continued part from the waveform
computation processing subroutine of FIG. 14;

FIG. 16 is a flowchart indicating detailed procedure of an FM
computation processing subroutine for one channel;

FIG. 17 is a flowchart indicating detailed procedure of an operator
computation processing subroutine for one operator;

FIG. 18 is a flowchart indicating a continued part from the operator'
computation processing subrbutine;

FIG. 19 is a diagram illustrating a basic flow of an operator computation
performed in the operator computation processing of FIGS. 17 and 18;

FIG. 20 is a flowchart indicating detailed procedure of a timbre setting
processing subroutine contained in the main routine of FIG. 10;

FIG. 21 is a diagram illustrating a constitution of a software sound
source system practiced as a second preferred embodiment of the present
invention;

FIG. 22 is a diagram illustrating an operation timing chart of the software

sound source system shown in FIG. 21;



tone waveform data generator inplenmented according to the tone waveform
data generating nethod of the present invention;, FIG 24 is a block diagram
illustrating a constitutional exanple of a tube/string nodel section of a
sound source nodel inplenented according to the tone waveform data
generating nmethod of the present inveniien; FIG 25 is a block diagram
illustrating a constitutional exanple of a tinbre effect attaching section
provided in the sound source nodel inplenmented according to the tone

wavef orm data generating nethod of the present invention; FIG 26 is a

bl ock di agr amRIG. @3 isaa iblgcla dizgram illastoatang axprocessinf apparatusi havingext i on
provided in the sound source nodel inplenented according to the tone

wavef or melad avpeformt daw gendratbroimplementedeatcordirento dhe tbhe wavefarna
diagramillustrating a variety of data expanded in a RAM shown in FIG 23;
FI.G 28 idatagenemting mncthed ohthepretentineentioront rol paranmeter  VATONPAR
necessary for conputational generation of nusical tones in the resent

i nvention; Fl BIG2R4 ds a black ldaagrant iHnsiratingad icoastittignalgexampieofia t he
present invention; FIG 30 is a flowhart of a main programin the present
i nvent i otybe/siriag B10de] sectiomweharsouad spusce pnedekinplementedeacearding ggr am
FI GS. 32A through 32C are a flowhart of é)h¥si cal nodel sound source
key- on pthe tong wgvefornglata peneratingseicthod of the presgnt 1BYe 1o M DI event
processing and a flowchart of tinbre setting processing activated by a
user; FIG 33RI&.25 liswchlock ciagnapiibystrating|a senshiuteonalexampls of a
processing in the tinbre setting processing;.-12- FIG 34 is a part, of a
f I owchar timbrencgideet natgaehingt isﬁﬁgﬁflodtr9¥i ofl at?he soundo’ source 'model

implemented according to the tone waveform data generating method of the
present invention;

FIG. 26 is a block diagram illustrating a constitutional example of an
exciter section provided in the sound source model implemented according to
the tone waveform data generating method of the present invention;

FIG. 27 is a diagram illustrating a variety of data expanded in a RAM
shown in FIG. 23;

FIG. 28 is a diagfam illustrating details of control parameter
VATONPAR necessary for computational generation of musical tones in the
present invention;

FIG. 29 is a flowchart of an initialization program used in the present
invention; ‘

FIG. 30 is a flowchart of a main program in the present invention;

FIG. 31 is a flowchart of MIDI processing in the main program;

FIGS. 32A through 32C are a flowchart of physical model sound source
key-on processing in the MIDI processing, a flowchart of other MIDI event
processing and a flowchart of timbre setting prdcessing activated by a user;

FIG. 33 is a flowchart of physical model parameter expansion processing

in the timbre setting processing;



physi cal nodel sound source of the present invention; FIG 35 is the
remai ni ng part of the flowhart of the waveform generation processing of

t he physi cal nodel sound source of the present invention; FIG 36 is a

fl omchart of physical nodel conputation processing in the tone waveform
generation; FIG 37 is a flowhart of -d@l-ay | oop section conputation
processing in the physical nodel sound source conputation processing; FIG
38 is a diagram for explaining a method of controlling a delay tinme |ength
of a delay circuit of the physical nodel sound source; FIG 39 is a diagram

for expl ai ni nFIG.BA hpggafrt obatfiowthag of wevefort genetatiogt processing physi cal
nodel sound source; FIGS. 40A and 40B are a diagramillustrating a storage

state of ghgicalanodel saidssare ofheNERAENDINveationt i mbre; FIG 41 is a
diagramill'ustrating a hardware constitution of a delay circuit in the
physi cal nodelFIpudd southee reamining quartvi ofh theeflomechant of rihenwiaveformnGs.
42A and 42B are a diagram for explaining an operation node of the del ay
circuit giemeration Fp@cedsingFob the3 physicalli modamsbunde gpurdeniofigthel Ipsesemiton of
a delay nmenory area in a delay circuit included in the physical nodel
sound sounventienpci ated with the present invention; and FIG 44 is a

di agram for explaining allocation of a delay circuit in a physical nodel
sound source HAG.p is plflowchast offphysiedl wedehepmputation precessangrnpheon oF
PREFERRED EMBCODI MENTS -13- This invention will be described in further

det ail byomawwefeim@@rmlpﬁ;reference to the acconpanyi ng drawi ngs. FIG
1 shows a software constitution . . . ..

FIG. 37 1s a flowchart of delay loop section computation processing in
the physical model sound source computation processing;

FIG. 38 is a diagram for explaining a method of controlling a delay time
length of a delay circuit of the physical model sound source;

FIG. 39 is a diagram for explaining a method of controlling a delay time
length in the physical model sound source;

FIGS. 40A and 40B are a diagram illustrating a storage state of the
control parameter VATONEPAR of each timbre;

FIG. 41 is a diagram illustrating a hardware constitution of a delay
circuit in the physical model sound source associated with the present
invention;

FIGS. 42A and 42B are a diagram for explaining an operation mode of
the delay circuit shown in FIG. 41; .

FIG. 43 is a diagram for explaining allocation of a delay memory area in
a delay circuit included in the physical model sound source associated with the

present invention; and

FIG. 44 is a diagram for explaining allocation of a delay circuit in a

physical model sound source having a plurality of sound channels.

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS



of a sound source systempracticed as a first preferred enbodi nent of the
present invention. As shown in the figure, this software sound source
systemis constituted to generate nusic tone waveform data based on an
operating system (OS). It should be noted that FIG 1 also shows CODEC
hardware including a DAC (Digital to-A8al og Converter) for converting a
digital nusic signal in the formof the nusic tone waveform data generated
under control of the OSinto an analog nusic tone signal. Now, referring
to FIG 1, an APS1 is, application software such as a sequencer software
oper abl e on r &83iis inventiews wallfter dessayibed inafurtheg ele¢aidbiyngay pé ekampleweith

I nformati on containing MDI nessages. The sequencer software APSl has a
pl ural i t yefereMdto the escampmoping diawihps. FiGa 1showss softwarecomstiantionlat a
and timng data for timng occurrence of the event data. The MDI file is
prepar edofoa spandr svurcg pystens poictinesi as aMiost puefesredrembodibierditi b£she ar e
sel ected by the user, the MDl data is read sequentially fromthe sel ected
files. Bpsesemrinventiorads\siownlan she figbre,thissoftware sownd seurdeadyisyem is
generated according to the event data at real -tine, Then, the sequencer
sof t war e caRStitutoditp @enerate musietanewavieprmulatabased on anfapesatingisysteaze | F1
which is a MD Application Interface or M DI APl arranged on the OS for
M D nes€@$9. It sbgu[)d baaoted thati FFis.al plse shaws £QDPEfe hagdwarg mgeluding 2 war e
sound source npdule SSM_This nodule is a program.for generating . music
tone wav&ALn{Digital tpABalogConkenen) forconxgeing apligttabmusic ﬂﬁl?g iin dhe
interface |F1. The GS, al so has_.a second interface | F2 denoted by WAVE out
Appl i cat ferm|of ther mISiG Fone/wapeform slafa generated updsy COREahof; er@Sdnto
wavef orm data generated by.th sof tware sound source nodul e SSM Furt her,
the OS i 8njanAlagmausiGtoReSERA) put - 14-. device OUD which is a software

ntertace 1 P2 Nery, wetsrbig Epauli B Sn LS aispapprieation Rothiare"sdch 38 §°°°™

‘sequencer software operable on real-time basis for sequentially generating
performance information containing MIDI messages. The sequencer software
APS1 has a plurality of MIDI files composed of MIDI data such as various
event data and timing data for timing occurrence of the event data. The MIDI
file is prepared for generating pieces of music. When one or more MIDI files
are selected by the user, thé MIDI data is read sequentially from the selected
files. Based on the read MIDI data, MIDI messages are sequentially generated
according to the event data at real-time. Then, the sequencer software APS1
outputs the generated MIDI messages to a first interface IF1 which is a MIDI
Application Interface or MIDI API arraﬂged on the OS for MIDI message
input.

The OS is installed with a driver defining a software sound source
module SSM. This module is a program for generating music tone waveform
data based on the MIDI messages inputted via the first interface IF1. The OS
also has a second interface IF2 denoted by WAVE out Application Interface or
WAVE out API for receiving the music tone waveform data generated by the

software sound source module SSM. Further, the OS is installed with an output



device OUD reads, via a direct nmenory access (DVA) controller, the nusic
wavef orm data generated by the software sound source nodul e SSM and
tenporarily stored in a storage device such as a hard di sk, and outputs the
read nusic waveformdata to a predeterm ned hardware device such as a
CODEC. The M DI nessages outputted by th sequencer software APS1 are
supplied to an input interface of the software sound source nodule SSM vi a
the first interface 1171 and the OS. The software sound source nodul e SSM
perfornms nusic tone waveform data generation processing. In the present

enmbodi nendevich© Ul ixhithie a softef arerdrifedrefor sugputeings the rhysieNMoneneagefoemat i ng
based on the received M DI nessages. The generated nusic tone waveform

data is sdgtplingutted vietlmisecondenterfac@UdFi d'd be mecespecifierfhas @utpat and
the OS. In the output device OQUD, the supplied nusic tone waveformdata is
out put t eddévdce H@Udbaeedsevia arditccC@DEMary dueess (DMAgdcontrollen theamagic
musi ¢ tone signal. Thus, the present enbodi nent allows, at the OS | evel,
ready comwaweforam dath gd:maem&fdp Wy ¢he caoftivareusoendoshiiree Seddude $8NEraad on
musi c tone waveform data and the sequencer software APS1 which is the
appl i cat i iempararilgistoredrin aatqrage ideyioa Michasa hged diskiandewipaits the read
unnecessary to add _any hardware conpagnents dedicated to nusic tone

wavef or m maisic waveform slata @ apredatgrmined dardwaredevicersuch a5 &

overall hardware constitution for inplenenting the sound, source st em of
the present enbbei MIRL messagey Quiputted; by theesequencsy soTHNAEs APpidr pBse
personal conmputer. For the in control]er of thijs system, .a 1is
ised. | Uncpliad teban Fepuigntemiaceptihe sofkwar soun SO CRdueH Bl S SM xia th:

ot her pr oBFAriDiaRECAsIEL Bl e {a0a TS SATBYATR Y SORECE HEPORIG RO

fle 2 tlgleerfgfrgs 1miu§icC(t)cr>]1?<§,a Cvtvg\géfo\ﬁinad%tadagte%{e?a ggnesl)sroggsssi&gg.’ I the present
embodiment, the music tone waveform data is generated by FM tone generating
based on the received MIDI messages. The generated music tone waveform
data is supplied to the output device OUD via the second interface IF2 and the
OS. In the output device OUD, the supplied music tone waveform data is
outputted to the above-mentioned CODEC to be converted into an analog
music tone signal. -

Thus, the present embodiment allows, at the OS level, ready combination
of the software sound source module SSM for generation music tone waveform
data and the sequencer software APS1 which is the application software for
outputting MIDI messages. This makes it uhnecessary to add any hardware
components dedicated to music tone waveform data generation, resulting in
reduced cost.

FIG. 2 shows an overall hardware constitution for implementing the
sound source system of the present embodiment. This system is implemented

by a general-purpose personail computer. For the main controller of this system,

a CPU 1 is used. Under the control of the CPU 1, the music tone waveform data




a MD interface (MD 1/F) 12 for inputting M DI nessages from an external
device and for outputting M D nessages to an external device, a tiner 16
for counting a timer interrupt time and other various tines, a ROM (Read
Only Menory) 2 for storing various control prograns and table data, a RAM
(Random Access Menory) 3 for tenporartl§-storing a selected MD file,
various input information, and conputational results, a nouse 17 used as a
poi nti ng device, an al phanuneric keyboard 10 through which character
information is mainly inputted, a display 5 conposed of a |arge-sized LCD
or a CRpeheratitirs prevdssing byissftivatesoahdsouree paogram skddpiocesdngdsy
driving a hard disk storing application prograns, various control prograns
to be exethéreprdprantshare@dctiteahih paralled sindier anulsi-eks( Di rect Menory Access)
controller 14a, and a conmmunication interface (1/F) 11 for transferring
data between Refernirg to FdGpa; tre CPL) Yiiscanneckedniizea data/address busd9, tarhe
DVA controller 14a directly reads the nusic tone waveform data generated
by the masMIDlanéerface(SEDIA/k) b2 dos imputtingiVHDomessagdsuirony anfextéraal RAM 3
in direct nmenory access manner dependently on a free space state of a data
buf f er i devigmand ddr ontputbiag MIDI messages tecin external derdces & bignes 16 fae

read nusic tone data to the data buffer of the DAC 14b for_ sound

r epr oducicogntimgoa émer Thteraupd] tomenand othemvagpysdimesy &OM (Rgad@nbac 14b
is sent to a sound system 18, in which the anal og si% to(i}g signal.is
conver t eMentasy) 2 sfounstorimge vasiausdrertiel pregramsdand stabls jdatag %M@t t he
above-nentioned OS, wutility prograns,. software for inplenenti of t war e
sound SOLGR@QdDﬁatAﬁlfée&ShMmmng%ago - FERPPEH §@F¥%@eng%188fﬁﬂt Mﬁpgpﬁlﬁodul e
SSM and ot her application, prograns incl udi T% thﬁ above-rreriltj' one(g
sequenceVasESHIPUL Apgarmatianoaid gompylationalgesalis, 8 fBguss 1) Bsed assa

S ininn s Aav s o alphanneric kéyiSoard" 10° (A" WRIch" brlarodet "
information is mainly inputted, a display 5 composed of a large-sized LCD or a
CRT for displaying various information, a hard disk drive 6 for driving a hard
disk storing application programs, various control programs to be executed by
the CPU 1 and various data, a DMA (Direct Memory Access) controller 14a,
and a communication interface (I/F) 11 for transferring data between a server
computer 102 via a commuhication network 101.

The DMA controller 14a directly reads the music tone waveform data
generated by the music tone generation processing from an output buffer of the
RAM 3 in direct memory access manner dependently on a free space state of a
data buffer incorporated in a DAC 14b. The DMA controller 14a transfers the
read music tone data to the data buffer of the DAC 14b for sound reproducing
process. The analog music tone signal converted by the DAC 14b is sent to a
sound system 18, in which the analog music tone signal is converted into a
sound.

The hard disk of the hard disk drive 6 stores the above-mentioned OS,

utility programs, software for implementing a software sound source that is the




SSM vi a the above-nentioned second interface IF2 of the OS level to the DAC
14b. As nentioned above, the DVA controller 14a sends the nusic tone data
to the DAC 14b in the direct nenory access manner. The out put device OUD
is executed as interrupt processing by the DVA controller 14a under the
control of the CPU 1. The communi cat+a@B6-1/F 11 is connected to the

communi cation network 101 such as a LAN (Local Area Network), the

Internet, or a public telephone Iline. The communication I/F 11 is further
connected to the server conputer . 102 via the comunication network 101. If

none of HhgvalA¥AtiBRBH SWfEMaredsOUidTBuadE nied eeSSM, @i¢ other appHoatibg har d
disk of the hard disk drive 6, the comunication I/F 11 is used to

downl oad prHgraine tidiEing the aboveingemtionédprikncee soffwaeAPSdr 102, A
client conmputer (nanely, the sound source system of the present

embodi nent) sdiEs cutpandevitct OUDenewtiveed (oG, dr is valentttoea module
communi cation I/F 11 and the comuni cati on network 101 for requesting

downl oadilat sehdsithe phesicaone aath spplied érosn tikeseftwiarg sbnind soneceramutiulehe
server computer 102 distributes the requested prograns and araneters to
t he cli eSSMovnpuhenbove-meationsthsecond interfaseidi2olite. OShleveEto‘ thet D&dput er
recei ves these prograns and paraneters via the communication |/F 11, and
stores t Adbr ehementiquestabone, dhel DMAncenroler hdasendaithe miuskc sietdasa taar d
di sk drive 6, upon which the downl oading operation is conpleted. In
addi ti on 1haiDA6f B4 an ¢he dlirect anerhory aagessamander.edheyoupuhdenicenOd D ds nal
conmputer may be provided. -17- The following is an overview of the nusic
t one genexacuted 38 intermipt proaessing byrtiet o roliemidaypndes the contiod
sound source nodule SSMwith reference to FIGS. 3 through 6. Wen the
sequenceofdbe (GRBel.APS1 is started, M D nessages are ‘supplied to the

sof tware sound source nodule SSM_  To be nore specific, the MDI mess&lges
are supplied tlheacemmavpicatios il kbis sannected to the communication networ

101 such as a LAN (Local Area Network), the Internet, or a public telephone
line. The communication I/F 11 is further connected to the server computer
102 via the communication network 101. If none of the above-mentioned
programs and parameters are stored on the hard disk of the hard disk drive 6,
the communication I/F 11 is used to download the programs and parameters
from the server computer 102. A client computer (namely, the sound source
system of the present embodiment) sends a command to the server computer
102 via the communication I/F 11 and the communication network 101 for
requesting downloading of the programs and parameters. Receiving this
command, the server computer 102 distributes the requested programs and
‘parameters to the client computer via the communication network 101. The
client computer receives these programs and parameters via the communication
I/F 11, and stores the received programs and parameters in the hard disk of the
hard disk drive 6, upon which the downloading operation is completed. In
addition, an interface for transferring data directly between an external

computer may be provided.




interface via the first interface IF1 and the OS. Accordingly, the software
sound source nodul e SSM generates a nusi c tone paraneter VO CEj based on
voice data in the formof a voice nunber assigned to a MDI channel of the
supplied M DI nessage. The voice nunber represents a particular tinbre of
the nusic tone. The M DI channel may cenresponds to a particul ar
performance part of the nusic piece. The SSM | oads the generated nusic tone
paranmeter VO CE] into a tinbre register corresponding to a sound channel
which is designated or allocated for sounding of the particul ar perfornmance

L T T R gl e 08 oo
TONEPRi bR d ot PM ol Bpié aing g the sBfwie MATRA'sopfrct b Fle/ SN Ll
channel s réf%r?l%e h# FGed 3“%?3%1?]'6@ Wn%e%%?ueh@eﬁibft%lﬁ}é’%g@?g %&hﬂ%dt o the

conput ati onal performance o e CPU1. Referring to FIG 6, e sbund

channel Mpg?hﬂ%@a'gés 8 lidl td i sdtuwhfe §QNIR Bairrerh8duMESH. To e or ed

in a area r storrng the sic tone paraneter VOCE in the tinbre

regi ster n]SREEPEEIficl thet MEDIVRIcdSagdshere bupplied rteca Softwarcossudspasesl of
these tinbre riegi sters TONEPARK provides a part of the software sound

source i pRrfaeevhf thd irspfintepfaesIRh@ndothe ©S.MABEST y, | thes§sftwdrde
noted that, in addition to the nusic tone paraneter VO CEK, these tinber

regi st er goufllisBaite gicihide G8M gd‘ﬂdratﬁsfaammg: wriei paranteteVOICBjebaskd-on
sof tware sound source nodul e SSM has received a M D nessage correspondi ng

to the mygice dateimthefotmrof\dvoite nlihtbatadssigiddotooai MBI chanmelraof obre f or
determning tinme positions of key-on and key-off operations wthin a

g (r) 5?& e :m m&ﬁFgeg rslﬁlhﬂiﬁ)slqglggﬁg:??ThReﬂﬂ'ceimgnber FpBesants tshpartidulan timbreuaf]
the music tone. The K'IIDI channel may corresponds to a particular
performance part of the music piece. The SSM loads the generated music tone
parameter VOICE] into a timbre register corresponding to a sound channel
which is designated or allocated for sounding of the particular performance part
of the music piece.

FIG. 6 shows a timbre register group provided to the sound channels. If
32 number of the sound chﬁnnels are allocated for example, this timbre register
group has 32 number of timbre registers TONEPARK (k = 1 to 32). It will be
apparent that the number of sound channels is not limited to 32 but may be set
to any value according to the computational performance of the CPU 1.

Referring to FIG. 6, if the sound channel concerned is channel n, the
music tone parameter VOICE] is stored in a area for storing the music tone
parameter VOICE;] in the timbre register TONEPARn. In other words, the
timbre register group composed of these timbre registers TONEPARK provides
a part of the software sound source interface of the software sound source
module SSM. |

It should be noted that, in addition to the music tone parameter VOICEK,

these timber registers TONEPARK store data TM indicating a time at which the



started by a trigger signal which is set for each frame having a
predetermned tinme length, under the control of the CPU 1. The SSM
executes the music tone generation processing based on the M DI nessages
supplied within a frame imediately before the trigger, according to the
musi c tone paraneter VO CEn stored inHgwe tinbre regi ster TONEPARn. For
exanple, as shown in FIG 3, the nusic tone generation processing based on
the M DI messages supplied within a preceding frame fromtine tl to tine
t2 is executed in a succeeding frane fromtinme t2 to tinme t3. Wen the

musi ¢t ongpABNRS O§SusRt dolifie ORRJUIEMEIMS RaenrarMesdt ad MIDIt hficsipiec

tone generation processing, the generated nusic tone waveformdata 1is

written tébdtélfsr’?dﬂdiiﬁgttobt%fef fiusis tékee pRAlheter REOTTRIGt IThie dhtat T Wrovides dat a

is reserve the output device OUD. This reservation in the QUDis
equi val e%féﬁnaﬁsn%trm&témmiﬁg iR I\f@ﬁiﬁm%aﬁf Region hndkeyawéf operalism from

the software sound source nodule SSMto the second interface I F2 (WAVE out

APl ) of t@ghmalrﬁggbterﬁﬂgeglﬁmé ofeperieed.OUD reads the music tone waveform
data, a sanple by sanple, fromthe output buffer reserved for the

reproduction iRefdiging toBHG 28 elhe sofewart sourid aoerceamodale S6M is basitally t o
the DAC 14b. For exanple, as shown in FIG 3, the nusic tone waveform data
gener at edsthrtetifty aftrigger igmaltwhich & set for machdramd haviingenpresetérminedout

buffer for reserved reproduction is read in a next frame fromtipme t3 to
time t4 figmetleagtgunmierthprodtmdiodithe QB IThEhe §IMvexaguites the music/iang of
the nusic tone generation processing based on nmusic tone parameter VO CEn.
In this egdoatationtpracessimgsbasadoa thgeMIk mﬁSS@gQﬁ:é@B[DhQE ivithis adframerm
tone generating as shown in FIGS. 4A through 4C. FIG 4A through FIG 4C
show t hr eimmiietlfatelnbefarsithe tigger, geserdingrig the maesis tope paramatarV OheEn
figures, the music tone generation based )

stored in the timbre register TONEPARn. For example, as shown in FIG. 3, the

music tone generation processing based on the MIDI messages supplied within

a preceding frame from time t1 to time t2 is executed in a succeeding frame

from time t2 to time t3.

When the music tone waveform data for one frame has been generated by

the music tone generation processing, the generated music tone waveform data

is written to the output buffer of the RAM 3. Reproduction of the written data

is reserved in the output device OUD. This reservation in the OUD is

equivalent to the outputting of the generated music tone waveform data from

the software sound source module SSM to the second interface IF2 (WAVE out

API) of the OS level.

The output device OUD reads the music tone waveform data, a sample

by sample, from the output buffer reserved for the reproduction in the

immediately preceding frame, and outputs the data to the DAC 14b. For

example, as shown in FIG. 3, the music tone waveform data generated in the

frame from time t2 to time t3 and written to the output buffer for reserved

reproduction is read in a next frame from time t3 to time t4 for the sound

reproduction.



on FM tone generating is performed by conbining two types of operation

bl ocks or operators, nanely, an operator called a carrier and an operator
called nodulator. The different nunber of conbined operators and the
different connection sequences (connection nodes) are used according to
the type and quality of the nusic tor&9waveformto be generated.
Systemati c connection schene of these operators is called an algorithm
The operator herein denotes a block that provides a unit in which tone
creation or nusic tone generation processing is perforned. To be nore

specific, frofe psll@winPasian veeeiorntidicanisid tbne geherdtiore proesssingn, one
pi ece of basic waveforns shown in FIG 5 for exanple is selected according

to a waveased ff mukic oM parahféter WOICEN: ehrthis sabodimenty thelatusis tofe as
pitch data and nodulation data. If the input data includes two types of

dat a suclgeagratien procdssinigisibased el M toeageneratiatgaas shewmari FIGSvdifor m
data is read out based on a result obtained by adding these two pieces of
dat a t ogehfigh #En, RGe 4Anmhiougte F36. t4Csshow firecediffercat ahusiv dona i s
adj ust ed, ancﬁthe adjusted data is outputted. The operation bl ock in which
t hese opegeneratisg anethpdsf ¢xswhibwa indhe fgiiresighopausicdone genegatiom based
operators, the carrier denotes an operator for generating a basic nusic
tone waveiFM fOne gederating isi@eoformesh bypeombanings bvontypesaof wperatéon
carrier, nanely for generating nodul ation data for, nodulating the carrier.
I't shoul dbloeksot egetdtars,iamellyganiopenatos cabled|a earrisa ang an pperatpeealiedes
shown in FIGS. 4A through 4C. -20- The _follow ng expl ains aﬁggt .format of
t he abovenadulatonedlhedifferemtc nparbareot combioed. opgratprs7and ué’ffqu@néhow
the data format of the nusic tone parapeter VOIgEj. FIG 7A shows the data
format ofcONRECHOB] SEQUEAEES (EOEBRRGTIN MY jS,af‘FI“@? mcgﬁﬁmg to the BRcoaMt of
each operator data OPMDATA sho‘\évr% I n Flﬁ A, ana FéG 7C shows a data
format ofqusdidyi ofother musIC feRe FyavgeURNtoshegeneraleds Sygiematic connection

scheme of these operators is called an algorithm.

The operator herein denotes a block that provides a unit in which tone
creation or music tone generation processing is performed. To be more specific,
from various basic waveform data used for the tone creation , one piece of basic
waveforms shown in FIG. 5 for example is selected according to a wave select
parameter WSEL and is feéd based on input data such as pitch data and
modulation data. If the input data includes two types of data such as the pitch
data and the modulation data, the basic waveform data is read out based on a
result obtained by adding these two pieces of data together. Then, the
amplitude of this one piece of waveform data is adjusted, and the adjusted data
is outputted. The operation block in which these operations are performed is
called the operator. Among the operators, the carrier denotes an operator for
generating a basic music tone waveform. The modulator denotes an operator
for modulating the carrier, namely for generating modulation data for
modulating the carrier. It should be noted that the algorithm is not limited to

the three types shown in FIGS. 4A through 4C.



As shown in FIG 7A, the nusic tone paraneter VO CE} is conposed of key-on
data KEYQN) indicating key-on and key-off by "1" and "0" respectively,
frequency nunber FNG (actually represented by a phase rate) determ ned by
pitch information included in a MDI nessage of a correspondi ng note-on
event, al gorithm designation data ALGRp-for designating one of the
above-nentioned al gorithnms, volune data VO.j determ ned according to
volune set to a M DI channel concerned. The volune is set by control
change #7 event of the M D nessage, for exanple. The nmnusic tone paraneter

further contaiyife folUsRivELRpldiNs 8 daba Forbatdstthe sboee-meacionedimgsictoheuch
velocity information in the M D nessage concerned, and operator data

OPKkDATA pararfiefert VOICERIFIGS. JA ehienighe? Cfsliownehdidaga detmat béckes sausict or
conmputing nusic tone generation in each of the constituent operators and

the resulipfie Parhitietelc VOLCE].i FAG.| TAsioawd the datbefdrifmtof tiee mussic toase
paraneter VO CEj sinultaneously has two types of data, one type read from

the ROM Pariifibtet. VOICE;, TG UBskhoasdat datotfoemat ypk edeheoperaidr adatar di ng
to the data in the MDI nessage. The data determ ned according to the M DI
nessage iQOPMDATAjhsheey om RiG.a7 AKEWANFIGt WC fsheorse acgataufdrenatF-tijeachhe

vol unme data VOLj, and the touch velocity data VELj. The data read fromthe
ROM 2 anapzoator bufténOPBURm showarintike.dE8i gnati on data ALGOR] and t he
operator data OPKDATAj. -21- As shown in FIG 7B, each operator data
OPKDATA] is cohpsbedndin EHop7Anghé musie tene peingelar i\ﬁaIGEu is composed of

desi gnating a sanpl ilr& frequency used in operator m frequency I'tiple
dat a MUL keyponviddtagKEY Pa¥janisdicating  keponarandl key-oét t byig "d flagaue y
ratio between operators (actually, a paranmeter for desigpating an integer
mul ti pl e respectivelynéraquencibavmbes NG dactuadlyuseprgsentiedeby se rakback

| evel data FBLmM |indicating a feedhack .l evel (nanel egree of feedback
nodul at i slefermingd by p1tchg mformat?on 1ncluded( in ayMﬂ)ld glessage of a

corresponding note-on event, algorithm designation data ALGORj for

designating one of the above-mentioned algorithms, .volume data VOLj

determined according to volume set to a MIDI channel concerned. The volume

is set by control change #7 event of the MIDI message, for example. The

music tone parameter further contains touch velocity data VELj determined
according to touch velocity information in the MIDI message concerned, and

operator data OPKDATAj (j = 1 to m) made up of a buffer for holding data

necessary for computing music tone generation in each of the constituent

operators and the results of this computation.

It should be noted that the music tone parameter VOICE] simultaneously
has two types of data, one type read from the ROM 2, RAM 3, or the hard disk
and the other type determined according to the data in the MIDI message. The
data determined according to the MIDI message includes the key-on data
KEYON;, the frequency number FNOj, the volume data VOLjj, and the touch
velocity data VELj. The data read from the ROM 2 and so on includes the
algorithm designation data ALGORj and the operator data OPKDATA.




sel ect data WBELm for sel ecting basic waveformdata to be used by operator
in fromvarious pieces of basic waveform data (described with reference to
FIG 5) stored in the ROM 2, total level data TLmfor setting the output

| evel (varying with the above-nentioned touch velocity data VELj) of a
music tone waveformto be generated i-21t-he operator m envel ope paraneter
EGPARM conposed of various type of data (for exanple, attack tinme, decay
time, sustain |level, and release tine) for determ ning the envel ope of a
musi ¢ tone waveform to be generated in the operator in, data MSCm

i ndi cating ot hgg shawaireh 6. (TB] ea€k dp@ratorvddta P DATTAJ aptddmposedodt o
and trenol o, and various key scaling coefficients), operator priority data

OPPRI Om isaghipslénig fgequieraryi desighatioer datr RBAMBmM foradpsignatingos i sanepling

start and stop of the waveform generating conputation in each operator),
and buf f €reqRBidynuéad istoperarting frequéncy nfultipleedatasMULAMm prowédiapm
generating conputation in operator in. The sanpling frequency designation
dat a FSAyfanamenrifos substgatiallyalsettirig ha gfrequeney tadfo Bétmeenntaqmpeators! ue f
allows the sanpling frequency FSMAX (for exanple, 44.1 kHz) in standard
node to Hactually, pi ipatameter ffor kigsigratamg| an infeger -moltiplenfier varying wheef or m

in operator in is generated at the sanpling frequency FSMAX of the

st andar d abowe-mientionedl frequansyc number V\EDK%()I nicedbagier lavel data EBhenat ed
at the sanpling frequency of FSVMAX/ 2. -22- The operator priority data
OPPRI Om dodiciiting afeadpack leved fpamelyuaistegses ofifeedback madwatden),byavei ch
wavef orm conputi ng operations are performed) indicating the priority of

t he wavefsaieﬁtclam)ﬁvg Len for selestingdasic waveierpe datadiosbeused by ppesatey m

According to thiis priority data, the priqgrity by. which each operator is
act i vat edTOR) VRHGSDiGGESIof basie %\ccefpamﬁ%tarﬁs‘@s@rﬂb% w&; 6@%5@% HG.

fet or i ne)t HOTebanalior KO b teie JeXdadater TEan o e e QMG el t he
cPU L has(vggyirrggv%itflat%%(:a{t}(yvg-g{en {eornfe rtrguré \Eeclgce:itg %21% Q}Efﬁ (g)fr 2(1) (r:r?Sssilc rEgﬁet he
waveform to be generated in the operator m, envelope parameter EGPARm
composed of various type of data (for example, attack time, decay time, sustain
level, and release time) for determining the envelope of a music tone waveform
to be generated in the operator m, data MSCm indicating other parameters (for
example, velocity and depfh of vibrato and tremolo, and various key scaling
coefficients), operator priority data OPPRIOm indicating priority of operator m
(for example, priorities of start and stop of the waveform generating
computation in each operator), and buffer OPBUFm for storing the results of
the music tone waveform generating comphtétion in operator m.
The sampling frequency designation data FSAMPm contains integer
value f higher than "0". This integer value f allows the sampling frequency
FSMAX (for example, 44.1 kHz) in standard mode to be multiplied by 2%, For
example, if f = 0, a music tone waveform in operator m is generated at the
sampling frequency FSMAX of the standard mode; if f = 1, a music tone

waveform in operator m is generated at the sampling frequency of FSMAX/2.




conput ati on processing of the operators of |lower priorities may be |eft
out. In the present enbodi nent, the priorities of the conputation
processing are set according to tinbre applied to the nusic tone.
Alternatively, the priorities may be set according to M D channels for
exanple. Nanely, the priorities set by-2Zone reference may be sel ected for
use at sounding. For exanple, if the priorities are not set according to
the tinbre, the operator priority data OPPRI On my be determ ned based on
the tinbre paraneter expanded in the above-nentioned tinbre register

TONEPARn. The Ther eperatpr i priotiyy dddta CFIPRIOm neontaéndraduthefor! eRanmpleo
determ ne the setting that operator mis to be used or not. In the present
enbodi nentumbbkes sadichating flreegrderchy omhidhe vanicférm emmputingeoptationsbaret he
above-nenti oned sanpling frequency designation data FSAVMPmMm Alternatively,
t he sanplperfofmed) ardigatag the presriyi 6f theewalvgfém comeputationt proesssihgt ine
operators, the carrier and the nodul ator. For exanple, the carrier may be
set to thal sipevatorek (bred fo ejueAcgordingtmthistproritypdatmtthe prgribe byet t o
1/2 of the FSMAX. In this case, the contents of the algorithmof the

ti nbre pawhich eack opesatords activatescisedetenmindd fenths wayeforme eomsmpytation be
accordingly set for the operators with which the tinbre -23- paraneter is
conbi ned. praicessing: i Adtegnatively, dhel perarenasice: ard dpad states s cbeedPlhddanche
sanpling frequency may be accordingly increased or decreased. As shown in
FIG 7C, ¢heskedrtoddetemumithesopensiorsde by aeiwatedorlf shis ¢ghackniadécaterthh

I ndicatin gé "1" that the waveformconputation is perforned by . operator m
(nanel y, t%g Blb} has ne meye capaaity {on preloumms tonerganaration presessingqthshase

val ue obt ai ned by perform ng ase conputation on the result of the
vavef or m %ﬁﬁutaéiqrbar%ssmg@ﬁ%owéﬁ%&aft IQWGIRIAQHERS TRY bﬁtle tAe 18uf f er

FBm for storing a feedback qutput value optai ned by t.he feedhack sanple
Comput at | B BOSERL CHIMRMIR, Him BEOTHIR OF tie Sogulialign processing are Set

according to timbre applied to the music tone. Alternatively, the priorities may
be set according to MIDI channels for example. Namely, the priorities set by
some reference may be selected for use at sounding. For example, if the
priorities are not set according to the timbre, the operator priority data
OPPRIOm may be determined based on the timbre parameter expanded in the
above-mentioned timbre register TONEPARn. The operator priority data
OPPRIOm may be handled also as to determine the setting that operator m is to
be used or not.

In the present embodiment, the sampling frequency can be set for each
operator m by the above-mentioned safnpling frequency designation data
FSAMPm. Alternatively, the sampling frequency may be set differently for the
two types of the operatofs, the carrier and the modulator. For example, the
carrier may be set to the above-mentioned frequency FSMAX and the
modulator may be set to 1/2 of the FSMAX. In this case, the contents of the
algorithm of the timbre parameter concerned are checked and the sampling

frequency may be accordingly set for the operators with which the timbre



processi ng, nodul ation data i nput buffer MODI Nm for storing nodul ati on data
(this data is used in the above-nenti oned phase conputati on processing),
operat or out put value buffer OPOUTm for storing the nusic tone waveform
(nanely the output value) generated by operator m and EG state buffer
EGSTATEm for storing the EG paranet erg3obtai ned by the conputation
processing (hereafter referred to as AEG conputation processing) for
conputing anplitude controlling EG of the above-nenti oned wavef orm
conput ati on processing. FIG 8 shows a MDI-CH voice table for storing
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data, nanely the voice ers, are stored béforehand© the hard disk or

the |i keghRh&9E41516 BENHE WS o édapaeitRai perfkmediby 8perdier misfeedbatiect ed
MDI file is |loaded into a perfornmance data storage ‘area allocated at a

pr edet erﬁﬁtjﬁﬂ vAfatthffer FBigorAtbdng Al fddibaskrsutputvalidobtsibed tiatiee
corresponding to the loaded MDI filé is |oaded into the MDI-CH voi ce

From tho beg n T or Con hange T he Labl 6 Al or St andar @ vor £o nimbers

have beepreissing, modulation data input buffer MODINm for storing modulation data
(this data is used in the above-mentioned phase computation processing),
operator output value buffer OPOUTm for storing the music tone waveform
(namely the output value) generated by operator m, and EG state buffer
EGSTATEm for storing the EG parameters obtained by the computation
processing (hereafter referred to as AEG computation processing) for
computing amplitude controlling EG of the above-mentioned waveform
computation processing.

FIG. 8 shows a MIDI-CH voice table for storing voice data
representative of a timbre selectively set for each MIDI channel or for each
performance part of the music piece. In the présent embodiment, the voice data
is denoted by a voice number of music tone parameter VOICEn.

| As shown in FIG. 8, in the present embodiment, 16 MIDI channels are
provided. Different timbres can be set to different MIDI channels
corresponding to different performance parts. Consequently, the sound source

system of the present embodiment can generate a maximum of 16 types of

timbres. This MIDI-CH voice table lists the voice numbers of the timbres




the nusic piece. M D nessages are sequentially generated by the sequencer
program APS1 and the generated M DI nessages are recogni zed by the

sof tware sound source nodule SSM The software sound source nodul e SSM

t hen searches the M DI -CH voice table for the voice nunber assigned to the
M DI channel of the M D nessage concesned. For exanple, if the MD
channel of the M DI nessage concerned is "2HC " the voice nunber stored at
t he second | ocation VOCENO2 in the MDI-CH voice table is selected. Wen
voi ce nunber j is found, the software sound source nodul e SSM generates
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descrive e inventive s source apparatus has t operati on
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conput e vvave?orms or generating a plurality of nusical tones throug
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form of nessages. e I nventive apparatus, a setting device

sets an a@?%’eh%%i%@ﬂ%chﬂoﬁ'iﬁ&héw QugAt4ke sehie intettheniabds datsyst em

of the software sound source nodul e SSM conposed of sel ective ones of the
oper at i 080%9?5&&3@&09% loaEEH MDY filerthiloadtdrtb the MIDIIGH vioice eatpiet e a
waveform specific to one of the nusical tones. A designating device
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I nformation for esignating one of the channels to be used for generating

sai d onebgphimMap oroag cha/ﬁg@ethe tablieraftatetandandnaiod nagmtidre haPe)bealsebbtmt es
t he sel ective operation | ocks to said one channel and systematically
execut estlidmusii¢ piedeed MIBLtiessages are sequentially generated by the sequencer

a

program APS1 and the generated MIDI messages are recognized by the
software sound source module SSM. The software sound source module SSM
then searches the MIDI-CH voice table for the voice number assigned to the
MIDI channel of the MIDI message concerned. For example, if the MIDI
channel of the MIDI message concerned is "2HC," the voice number stored at
the second location VOICENO?2 in the MIDI-CH voice table is selected.

When voice number j is found, the software sound source module SSM
generates music tone parameter VOICE]j as described above. To be more
specific, the software sound source module SSM reads the basic data from the
ROM 2 and determines other parameters from the MIDI message concerned to
generate the music tone parameter VOICE]j shown in FIGS. 7A through 7C.
Then, the software sound source module SSM expands the generated music
tone parameter VOICE; in a timbre register TONEPARn corresponding to the
sound channel among the plurality of timbre registers shown in FIG. 6.

As descrived above, the inventive sound source apparatus has the

operation blocks OPs (shown in FIGS. 4A through 4C) composed of softwares



operation bl ocks according to the algorithmso as to conmpute the waveform
to thereby generate said one nusical tone through said one channel.
Preferably, the setting device sets different algorithnms which determ ne
different systens corresponding to different tinbres of the nusical tones.
Each of the different systens is conppsed of selective ones of the
operation blocks which are selectively and sequentially conbined with each
other to conmpute a waveformwhich is specific to a correspondi ng one of
the different tinbres. Preferably, the setting device conprises a
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blocks to said one channel and systematically executes the allocated selective

operation blocks according to the algorithm so as to compute the waveform to
thereby generate said one musical tone through said one channel.

Preferably, the setting device sets different algorithms which determine
different systems corresponding to different timbres of the musical tones. Each
of the different systems is composed of selective ones of the operation blocks
which are selectively and sequentially combined with each other to compute a
waveform which is specific to a corresponding one of the different timbres.

Preferably, the setting device comprises a determining device that
determines a first system combining a gréat number of operation blocks and
corresponding to a regular timbre and that determines a second system
combining a small number of operation ‘blocks and corresponding to a
substitute timbre, and a changing device operative when a number of operation
blocks executable in the channel is limited under said great number and over
said small number due to a load of the computation of the waveform for
changing the musical tone from the regular timbre to the substitute timbre so

that the second system is adopted for the channel in place of the first system.



Preferably, the adjusting device operates when the condition indicates
that an output volunme of the nusical tone is tuned bel ow a predeterm ned
threshold | evel for conpacting the systemso as to reduce the nunber of the
operation bl ocks. Preferably, the adjusting device operates when the -
condition indicates that one of the of2érati on bl ocks declines to becone

I nactive in the system wthout substantially affecting other operation

bl ocks of the systemfor elinmnating said one operation block so as to
reduce the nunber of the operation blocks to be allocated to the channel.

Preferably, tIEregemndlpt iltdsetenipcdeeierncompsises aanpdjustipgddsvice operapiossi ve
to a vari able sanpling frequency for executing the operation blocks to

successi \@ipendentlyten & eondétowtuting thewelesewf gessracingctheznusical tone for
vari abl e sanpling ' frequency so as to generate the nusical tone, and a

cont r ol | iagijusteivg aenimber s€tlse bperatiun blicksstard aligcdteddodhechannel.di ng to
process of "conputation of the waveform by the operation bl ocks. - 27

Preferably, tRreferabipt ithg atijusting cdeyicesesmprisespat moglifjdngcdevices phatsi ve
to a variable sanpling frequency for executing the operation blocks to
successi wabylifiesheta goritinnes elimirate apredetermincd pne lof she pperation bladks

vari abl e sanpling frequency so as to generate the nusical ;tone, and a
control | iingotiead tre theosysteiuso iasgotieduca @i mwndes afthe aperadéendlegks to be
dependently on a |oad of computation of the waveformduring the course of
gener at i lgaded intautlieccehannaldor pdprsement yo the:eondiikiht i ng devi ce conprises a
conputing device responsive to a varjable sanpling frequency for executing
t he oper ati on Iefesably; thes Qd_tlk%l@igVQWIIC@dPWﬂEeSsWﬂﬂﬁpegleoﬁo@‘E’éy%mlgﬂﬁsi n
synchroni zation to the variable sanpli nfg frequenc o,as to nerat e .t he
nusi cal ttbatanasaphitudeopryppe ff tg@\)’i’%\éﬁ O5m %&ﬁm&tgﬁgel% %%%gﬁ?rémélgﬁpl i ng

frequency_accordi n .
q ythreshold legle{ for compacting the system so as to reduce the number of the

operation blocks.

Preferably, the adjusting device operates when the condition indicates
that an output volume of the musical tone is tuned below a predetermined
threshold level for compacting the system so as to reduce the number of the
operation blocks. N

Preferably, the adjusting device operates when the condition indicates
that one of the operation blocks declines to become inactive in the system
without substantially affecting other operation blocks of the system for
eliminating said one operation block so as to reduce the number of the
operation blocks to be allocated to the channel.

Preferably, the generating device comprises a computing device
responsive to a variable sampling frequency for executing the operatiori blocks
to successively compute samples of the waveform in synchronization to the
variable sampling frequency so as to generate the musical tone, and a
controlling device that sets the variable sampling frequency according to

process of computation of the waveform by the operation blocks.




result of conputation of the sanples during the course of generating the
nmusi cal tone. The foll ow ng explains the control processing to be perforned
by the sound source systemthus constituted, with reference to FIGS. 9
through 20. FIG 9 is a flowhart show ng the procedure of an
initialization programto be executed by the CPU 1 in the sound source
system of the present enbodinent. The initialization programis executed
when the user turns on the power to the sound 'source system or presses a
reset switch thereof. First, system initialization such as resetting ports
and cl earing pr@femg@ ﬁ[@_geﬂérﬂﬁﬁ]gmﬁévit@ Ebmpiisen! ay (ﬁ)mﬁuﬁﬁgf afevice (st ep
Si). Next, the OS5 programis read Tromthe hard disk of the hard di sk

drive 6 famnopsa/icea vardbldsaablinbfieqiency forageduting therypedetionbloeks ar ea
in the RA gso as to run the ﬁg?gem(?’step S2). %hen, p%?he process goes

to the ef@@ﬁéééﬁ@i@ly%dﬁbﬂt@&@ﬂfpﬂ@@ ofIthe Waveform fih syaivhronizationats eige t he
procedure of the main programto be executed by the CPU 1 after execution

of the ipafiable Zamplingrfisqasncyes amito §eﬁ8rat¢)rtiw anusisal henepi and oait i ne
of the software sound source nodule SSM First, the area containing the

tinbre reghdoHingdevice fomadjustingGhebvariableesamiplifg tivequenaysdeperyderitly
software sound source nmodule SSMis cleared. At the same tinme, the various
types of ohasloaddef eofputatenmflithe wirecfoam duringitheewusse bfigeneratinvg the m
data shown in FIG 5) stored in the hard disk of the hard disk drive 6 are
| oaded | muwsigalddater mi ned area in the RAM 3 (step S11). Next, basic
graphic operation is perforned to display information according to the
progressi on oPreferatelysi the ageneratings plexiCeregOMprings o ¢unputingt clevied nl y
by the nouse 7 (step Sﬁg&é Then, the sound source nodul e SSM ohecks to see
whet her easpomkiveits a variablg samplingfsequengy fanexecptiagstheapgsaten)blogks gger
1: the sequencer software APS1 has been started fqr supplying .a

to successively compute samples of the waveform in synchronization to the

variable sampling frequency so as to generate the musical tone, and a

controlling device for adjusting the variable sampling frequency according to

result of computation of the samples during the course of generating the

musical tone.

The following explains the control processing to be performed by the

sound source system thus constituted, with reference to FIGS. 9 through 20.

FIG. 9 is a flowchart showing the procedure of an initialization program to be

executed by the CPU 1 in the sound source system of the present embodiment.

The initialization program is executed when the user turns on the power to the

sound ‘source system, or presses a reset switch thereof. First, system

initialization such as resetting ports and clearing the RAM 3 and a video RAM

in the display 5 is performed (step S1). Next, the OS program is read from the

hard disk of the hard disk drive 6 for example, and the OS program is loaded in

a predetermined area in the RAM 3 so as to run the OS program (step S2). Then,

the process goes to the execution of a main program.

FIG. 10 is a flowchart indicating the procedure of the main program to be

executed by the CPU 1 after execution of the initialization program. This main



M DI nessage to the software sound source nodule SSM- Trigger 2: an
internal interrupt signal (a start signal) for starting execution of the
wavef orm conput ati on processing by the SSM has been generated by a
software timer. Trigger 3: a request has been nmade by the CODEC har dware
for transferring the nusic tone wavef28rm data fromthe output buffer to a
buffer in the CODEC hardware. Trigger 4: the user has operated the nouse 7
or the keyboard 8 and the correspondi ng operation event has been detected.
Trigger 5: the user has termnated the main routine and the corresponding
operatiog, V%r%% i{ﬂ?e R rBgliaeicidhe! OfAvER Shfhd §88rdeRHoHule BIM ggsivhi ch
of the above-nentione triggers 1 through 5 has taken place. If the

trigger i!hé‘?%a i tahrghg';tg@tﬁﬁﬁre} steY rbiWErs*hOWFWHQW@ﬁl feARIASM SN

passes cont 1 to step S16, which a M D processing

subrouti gg dség %‘éts%@twélfe ddind JdureemEdiie S SMER dléked. -Alde sah#cemel he

sof t war e soun rce nodul e SSM passes control to step S17, in which a

wavef or migoRpiGid Pfpdy VFEBA4iBIdaMD(fot ERemiple,eHRS Waribus hiddes of rhager 3
has taken place, the process goes to step S18, in which the nusic tone

wavef or magaiefotre dataBRbSM BOFTGoF) stoeed in phe himd disk dfotheHeardudiSledrise 6 he
CODEC hardware. |If the trigger 4 has taken place, the software sound

sour ce npfdlllgaddeblih papredeteentined drea SnetheSRAM 3 (dtephSal).i Miext, dwsic¢ ng
processing subroutine is executed especially if a tinbre setting event has
occurr edgréﬁhicabpbmtiomv'sntpdnﬁﬁnmtu]or elisplayr irfoporadiony quoocding rtg ilse
performed in step S20. If the trigger 5 has taken place, the software
sound soprogressitul of pEdtgssimpanddondisplayt mesueipos2 1o tenselpcted mainly by
processi ng such as returning the screen of the display 5 to the initial
state prtvé deshisee? (steptSk2)mai n program was started. Then, any of the steps
S16 through S21 has been ended, the software sound

Then, the sound source module SSM ohecks to see whether any of the

following triggers has taken place (step S13).

Trigger 1: the sequencer software APS1 has been started for supplying a
MIDI message to the software sound source module SSM.

Trigger 2: an internal interrupt signal (a start signal) for starting

- execution of the waveform computation processing by the SSM has been
generated by a software timer.

Trigger 3: a request has been made by the CODEC hardware for
transferring the music tone waveform data from the output buffer to a buffer in
the CODEC hardware.

Trigger 4: the user has operated the mouse 7 or the keyboard 8 and the
corresponding operation event has been detected.

Trigger 5: the user has terminated the main routine and the
corresponding operation event has been detected.

In step S14, the CPU 1 determines which of the above-mentioned
triggers 1 through 5 has taken place. If the trigger 1 has been taken place, the
software sound source module SSM passes control by the CPU 1 to step S16, in

which a MIDI processing subroutine is executed. If the trigger 2 has been taken



source nodul e SSM passes control to step S12 to repeat the above-mentioned
operations. FIGS. 11 and 12 are flowharts indicating the detailed
procedure of the MD processing subroutine of step S16. First, the

sof tware sound source nodule SSM checks to see whether a M DI event (a

M DI nessage) has been inputted via the software sound source interface
APl of the software sound source nodule SSM (step S31). Wen a M DI
nmessage is outputted fromthe sequencer software APS1, the outputted M DI
nmessage is converted in a predeterm ned manner by the first interface IF1

and the Sf%ceT[igg%%%%}eer Qbuf&s lE%ﬁWEg@a%}@rﬁ&bﬁ% Seepr SDlip event

buffgr a cat at a predetermned area in 't via the'software
sound sounceri nt P t hi f St : ft d
our ce miiED SahbE et icomp e Pricossfils sHbIORUBIE, ke, M e 20V
passi ng HRD ; |

por at | ofIoEE P L8 (hEn Flatc (hE Db TS HD Sheh BB i iR e e IS 500

in the ”W'ci{’vle"f&gg:aﬁa % tlﬁhg"ferﬁée%l froth feePutpdd buffezQo thé Bustdriofthe COPEC

sour ce nodul e monitors t event occurrence by checking the MDI event

buf fer. Naxdwate! %ft'ﬂbﬁ_@égert herasabkerlacauhe softwee soend sobftd dridulei nes
whet her the M DI event iS a note-on event. |If the MD event is found a -

note- ong&MNhasidie @fittylng sepnSI1spuirewhiviule thnbroasstemec procedsing st ep
S33; if not, 'the SSM passes control to step S40 shown in FIG 12. In step

S33, thegBRtsRs 9daskdduted @specinllgyihh tdabae avetting ocweentr kasildceatred; if
not e- nunber data, velocity value data and part nunber data (nanely, the

M DI chagpfgthdruvieat hasioticariedgceirespomting\fitocessidgps peefopamd inedtgp S20x.t her,
the SSM stores the data about the tinme at which the note-on event should

take pl aiptligtripger Sbiasteke placel tiexsoftoant saupd sdares mothde M passesn t he

RAM 3. Hereafter, the contents of the registers NN, VEL, p, and TM are

r ef er r edcbatres tostep SBihar witich eatlgrocgssing such as returning the screen of the
display 5 to the initial state provided before the main program was started.
Then, any of the steps S16 through S21 has been ended, the.software sound
source module SSM passes control to step S12 to repeat the above-mentioned
operations.

FIGS. 11 and 12 are flowcharts indicating the detailed procedure of the

MIDI processing subroutiﬁe of step S16. First, the software sound source
module SSM checks to see whether a MIDI event (a MIDI message) has been
inputted via the software sound source interface API of the software sound
.source module SSM (step S31). When a MIDI message is outputted from the
sequencer software APS1, the outputted‘ MIDI message is converted in a
predetermined manner by the first interface IF1 and the OS. The converted
MIDI message is then transferred to a MIDI event buffer allocated at a
predetermined area in the RAM 3 via the software sound source interface APL
When this transfer is made, the software sound source module SSM determines
that the trigger 1 has taken place, thereby passing control by the CPU 1 from
step S15 to step S16. The processing operations so far are performed in the

preparation processing of step S20 in the main routine of FIG. 10. In Step S31,




VEL, part p, and tine TM respectively. In step S34, the software sound
source nodul e SSM det ermi nes whether velocity VEL is |lower than a

predet erm ned val ue VEL1 and whether volunme data VOLp is |ower than a
predet erm ned val ue VOL1. The VOLp denotes the volune data of the part p
stored in area VOLp allocated at a preggdetermined area in the RAM 3. This
VOLp i s changed by the control change #7 event of the MDH nessage as
explained with reference to FIG 7A. The change is perforned in the

m scel | aneous processi ng of step S20 when the control change #7 event has

taken pl gge e ved] nmb
allott gdﬂfe S?Itue aggr @?sSdruéB%/aceguLéglsis @Egjso?fﬂor'? \ﬁ[gl_%i\:l)?ltépo ﬁﬁ%ﬁk? o’%l t h:ne
h f I |1 total nmb f

car i or s g A R, et 2 number stored in VO CEp of the
part p in thenghevhr SBQthé"sB'ftv%‘ieV% K6htc@ hﬁ)dlﬂ@'%@ﬂdpbérhﬁﬁﬁé’ oi ce

nunber of the music tone paraneter aving an alternate gorit

(step S&%kthérfth\éﬁmmv&téqu a\é%te>oﬁ/@vént L@g@%ﬁil&@nﬂ@mﬁﬁé adfflepasses

-31- control to step S36. In the present e ment, whether the processing

of step oPeyehf the s'é‘ftvpﬁfé ﬁMsé@rc@%@ﬂﬁl@SSM@ﬁ@ié&' dhti6l tohstey H3IBSf Of
velocity VEL and volume VOL. The decision may al so be nmade by detelting

the | oadngt,ahe SSM passéPtbatranto 2¢6®'SH0shéwnt iEFIGE! €01 | BN sfepS8BB, thOT
exanpl e. I'n step S3 channel assignnent processing based on the note on

event cS8dErdeeddes tlh%r hotoved. evidit ddtaraied sturebaeseoltaithaosaugited daand

channel is stored in register n allocated at a predeterm ned Iocatlon I n

RAM 3. Th@locﬂtynv‘z@llubsmﬁharmﬁgart nurabeedatd Giamely; ¢hedvHA1 ichannel aunder) o as
sound channel n. In step S37, the MDI-CH voice table shown in FIG 8 is

sear chedintdhegisteisr NN,dWEL,(amd perespebtivelyof Fufh€ENDe S$M biorparthe data t he
table is converted into a nusic tone paraneter according to the

above- neabowinthe timiceatrwhich thé\natedonevieat shguMHakefulace iatopd ecgistervBEM e

number-J alllgc:ttegraetcil Il)rr:ad\c/:%r(r:nEll}llgei pots?ﬁon in the RAM 3. Hereafter, the contents of
the registers NN, VEL, p, and TM are referred to as note number NN, velocity
VEL, part p, and time TM, respectively.

In step S34, the software sound source module SSM determines whether
velocity VEL is lower than a predetermiﬁed value VEL1 and whether volume
data VOLp is lower than a pfedetermined value VOL1. The VOLp denotes the -
volume data of the part p stored in area VOLp allocated at a predetermined area
in the RAM 3. This VOLp is changed by the control change #7 event of the
MIDI message as explained with reference to FIG. 7A. The change is

performed in the miscellaneous processing‘of Step S20 when the control change
#7 event has taken place. In step S34, if VEL < VEL1 and VOL s VOLI, the
regular timbre allotted to the part p is replaced by a substitute timbre of an
algorithm having a small number of operators, namely a small total number of
carriers and modulators. That is, the voice number stored in VOICEp of the
part p in the above-mentioned MIDI-CH voice table is replaced by the voice
number of the music tone parameter VOICE having an alternate algorithm (step
S35). If VEL > VEL1 or VOL > VOLI, the SSM skips step S35 and passes



musi ¢ tone paraneter VO CEj explained with reference to FIG 7A is
generated. Then, the buffer OPBUFmM in each operator data OPnDATA] of the
music tone paranmeter VOCEmis initialized or cleared. In step S38, the
musi c tone paraneter VO CEj generated in step S37 is transferred or
expanded along with time TMinto the t3nbre register TONEPARN
corresponding to the sound channel n. At the sane tinme, key-on data KEYONn
in the tinbre register TONEPARN and each operator-on paraneter OPONm are
set to "1" (on). Further, in step S39, the conputational order is

det erm ”ESn?BP&ste?E‘)S%’.UWtH@ng%@h? effbudinRat WheBRiMHE Plosssing baktepTusi ¢

tone generating conputations are perfornmed in the order of note-on vent

occurr engestisiBhe é@rf@?r_n@ﬁﬁ@ deh@Ghined adddifa i e QHIREISE wlbcitye@El anged
according to the determ ned conputational order and the rearranged channel

nunber s 258 voll@ARWVOL.Crihé deERIGE nifohlsbde M@yﬁdt@@t@xﬁﬁ%@ba@ state of
predeterm ned position in the RAM 3,7 upon which this M processi ng cones

to an enghe MPU Trhradeseing 69t déte_@l‘l%ﬁQeisﬁlth(bxus)tdrﬁ ki in FIG 13. -32-
In step S40 of FIG 12, it is determ ned whether the DI event is a

not e- of f evenfp stdp 586, YhBhnelvassignmehp processing basdd orvhatnotefom S8dhipasses
control to step 1; otherw se, the SSM passes control to step S44. In step

$41, theone¢medfit performetht The charneknumbedef thedssighed sonadrobaneel isur ned
off is stored in the register NN. At the same tine, data indicating the
time at whored int k’%}iﬂtﬁreﬂ adliocatedtat shpredetecmined dosatiordni RAMe 3¢ e@%‘tet er
TM In step S42, the sound channel with the note nunber NN assigned for
soundi ngcoatestsstored.in theeegistermearerhersafteo ieferrestoi as snundechamnelagi b er |
(this value is hereafter referred to as "sound channel i") allocated at a
pr edet er stepe83@pthia MIDI-CH hoicitable. shows in FIGi B ik sqarched; sTheimghea ed
for tinbre regi ster TONEPARI correspondi ng to _sound channel i. Nanely,
af ter notdateofvoice nuashaer) of VQICENOp ofithg past p & Pimtable 1§ e0RYeHEA MO
M DI processing is ended. . .
music tone parameter according to the above-mentioned note number NN and
velocity VEL. For example, if voice number j is stored in VOICENOp, the
music tone parameter VOICE; explained with reference to FIG. 7A is generated.
Then, the buffer OPBUFm in each operator data OPmDATA of the music tone
parameter VOICEm is initialized or cleared.

In step S38, the music tone parameter VOICE;] generated in step S37 is
transferred or expanded along with time TM into the timbre register
TONEPARn corresponding to the sound channel n. At the same time, key-on
data KEYONn in the timbre register TONEPARn and each operator-on
parameter OPONm are set to "1" (on). Further, in step S39, the computational
order is determined among the sound channels assigned for sounding such that
music tone generating computations are performed in the order of note-on
event occurrence times. To be more specific, the channel numbers are
rearranged according to the determined computational order and the rearranged
channel numbers are stored in CH sequence register CHSEQ allocated at a
predetermined position in the RAM 3, upon which this MIDI processing comes

to an end. The CH sequence register CHSEQ is illustrated in FIG. 13.



In step S44, it is determ ned whether the MDI event is a program change
event for changing tinbres. If the MD event is found a program change
event, the data of VO CENOp at the position corresponding to the part p
(this part pis not necessarily the part nunber stored in step S33)
designated by the received programchange event is changed to val ue PCHNG
desi gnated by the received program change event, upon which this M D
processing cones to an end (step $S45). On the other hand, if the M DI
event is found other than a program change event, the correspondi ng

processing | s [RER! SRS of PG, W01 6P id Weferniihbl whedrssthieoMImbevem anacnd.
In this MDl procéSsing, the tinmbres corresponding to a plurality of parts

el 91'6?%-?&5 ehfle IM&BE MDY vttt ig#bend |4 ndter6feventStROISSM passes

plurality © esignated parts occurs, a nusic tone having tinbres of the

pl ural i t y.oof 13bstep S4196fRMiSE tABGSNILEEs cHRTI th stehiS44v Bl step@ssi ng

uses multi-tinbre “operation specifications. Alternatively, this DI

processi RHe Mytel6TE evenddata sbnoteed isbdecotede Thewhite muanbgr tumeideoffnisevent
of a particular part Is accepted to generate a nusic tone of the

cor r esporghred in (HY fogisteENNL4Aadse dsmertéme] datzhardisatingithetime atiskiched
procedures of the waveform conputation processing subroutine perfornmed in

step S17 thé fot&off@venFishetild acousicstored indhefrogmsteuTMyr Insstepi§42% | theed
(step S51). A nusic tone waveformbuffer exists in an area other than a

reser ved spugd ¢hatdelrywithothe netr nduthéroNN mssigaedufqrusoundingris sesechedi c
tone waveform buffer provides an area for one frame time of wavefornms to
be gener &Flgsl chanael inmenbdihebtdinediial Stored dn register ¢ (thisi aluents hetesftarm
buffer is to allocate that area in the output buffer and to cl ear that
area. Nextferréd tbamsd"stardchinndle"Frallovated ahaqredeterstinpd gEmjtioBdaddicon
the check result, a maxi mum nunber of channels CHrax that canp execute the
wavef or mRANIU3 at Imstepr 5435 kieygoffsisddesignntesfors tisppresesgister f TOMNE | way's
checks the |l oad state of the CPU 1, the check of step ) .
corresponding to sound channel i. Namely, after note-off is reserved in the
timing corresponding to time TM, this MIDI processing is ended.

In step S44, it is determined whether the MIDI event is a program change
event for changing timbres. If the MIDI event is found a program change event,
the data of VOICENOp at the position corresponding to the part p (this part p is
not necessarily the part number stored in step S33) designated by the received
program change event is changed to value PCHNG designated by the received
program change event, upon which this MIDI processing comes to an end (step
S45). On the other hand, if the MIDI event is found other than a program
change event, the corresponding processing is performed, upon which this
MIDI processing comes to an end.

In this MIDI processing, the timbres corresponding to a plurality of parts

- are designated in the MIDI-CH voice table. If a note-on event of a plurality of
designated parts occurs, a music tone having timbres of the plurality of parts is
generated and sounded. Namely, this MIDI processing uses multi-timbre

operation specifications. Alternatively, this MIDI processing may use a



S52 may be performed using this |load state information. If the OS does not
al ways check the |load state of the CPU 1, a routine nay be provided that
counts a tine for |looping the main programof FIG 10 once. The check of
step S52 nmmy be perforned using a val ue obtained based on the neasured
time. Instead of the processing of steys-S53, processing simlar to the
processing of step S35 of FIG 11 may be perforned. Nanely, the tinbre
changi ng process is conducted for changing the tinbre assigned to the part
to an alternate tinbre having a snaller nunber of constituting operators.
Then, i ”gggle-ﬁ%&a}ﬁé& 3n CRATNEE orllyNBefioteSon Névidn! b @d pagticiilat (pdrepisS54) -
In step , the channel number SE NGO stored in SEQCH at i position in
the CH seuepeed [ EAtRite BHREQ SRS theRdotreshdniding tiomtext. i n variable n (in

this wav conptlit ati on processing subroutine, this value is referred to

as "channel ni)GS! n4sigd BPére dl@echahmiddivatingt deorikddt provedires of thee
musi ¢ tone regi ster TONEPARn corresponding to channel n is referenced to

-34-  det ahy8formeofipation procssiigssbicdkle perfotrhed imstepd1Dof FiGe 101
each operator to be used ifrll) t he FM conput atil?)ag processi ng for channel n.

Mor eover , Fast aimpuigit itone avaveforim bulifercisrinétialiZeda (step sSHE). e Arimaesic tone
according to the note events and the like (step S57). The determ nation of

the conpwhatform draffiet existsain wndereat ethatethamianresgreedicarear @ufber)t for
nusi ¢ tone waveform buffer for which the waveform conputation processing
is to be repeodoctien in the batpuibufferTiBhermuisic taneewaneksiror huffer peovidssane
area sufficient to store waveformdata of one frane tinme in which {he
current camaufet ione ifsameatime afh waneformsr tohdred geneeatads thist Hme.waddeor m
data of each. channel is not necessarily generated all over the area for
one fr aneinitializdtjon sifrthés music Qmmwavgfmmq%ujf@rnlé toualiogate ithatharegs Inpths; ¢
tones are different for different channels, a music ft ne .certai
channel naytpu budferemdio deaotiiat peea. Wigxt, the tops stata @ %@r@ﬁmﬁéﬂ‘ ghﬁ‘rﬁ fer.
In view of this, the computation_amount nust, :

(step S52). Based on the check result, a maximum number of channels CHmax

that can execute the waveform computation processing is determined (step

S53). If the OS always checks the load state of the CPU 1, the check of step

S52 may be performed using this load state information. If the OS does not

always check the load state of the CPU 1, a routine may be provided that counts

a time for looping the main program of FIG. 10 once. The check of step S52

may be performed using a value obtained based on the measured time. Instead

of the processing of step S53, processing similar to the processing of step S35

of FIG. 11 may be performed. Namely, the timbre changing process is

conducted for changing the timbre assigned to the part to an alternate timbre

having a smaller number of constituting operators. -

Then, index i indicating a channel number is initialized to "1"(step S54).

In step S55, the channel number SEQCHNOI stored in SEQCHi at i position in

the CH sequence register CHSEQ shown in FIG. 13 is stored in variable n (in

this waveform computation processing subroutine, this value is referred to as

"channel n"). In step S56, algorithm designation data ALGORn of the music

tone register TONEPARn corresponding to channel n is referenced to




be determ ned for each channel. Next, in step S58 of FIG 15, the FM
conmput ati on processing subroutine for generating music tone waveform data
for one sanple is generated for channel n. In step S59, it is determ ned
whet her the music tone generation processing for one frane for channel n
has been conpleted. It should be notedzsthat the determ nation of step S59
is perforned by considering the conputation anpunt determned in step S57.
In step S59, if the nusic tone generation processing for one frame for
pha\rll\ﬂ_el hn Eas not been conpleted, the SSMpasses control back to step S58,
I n I C e I G..1 \Y, ?‘W ' e t 8. , In
ﬁt epb859,&eltff‘rénnﬁsg;ce ﬁgﬁéﬂ%eﬁfe(@?ﬁr %ﬁ}%r(gpesg?&%dgi or oglr?gbﬁP rﬂaﬂn@r(?ogflgﬁgfr%nel n
as been ‘é&t% RF . tep S60, the
nuslt;: tofi)%\g%{??grr% ata oreogneeérgrreagg{rll rrgfg%ﬁﬁ%%ggg%@nggg and S59 is
witten to t ' v e t:hi erehnt £ '
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data obt aai[cBSPdi}lg o tthieni?otiese\%‘?lﬁé‘ aﬁhétheqmé)gtéﬁ S59)StTRYdekmiaadon dfanul t of

the addition 1S witten to the nusic tone waveform buffer. Then, the value
of index cdmﬂ;ﬁta‘ti’&‘ﬁrﬁﬂ@ﬁh?ﬁcﬁbﬁl@nﬁeﬁ@&gm@lﬁirﬁﬂg@aﬁararbae)f\mhetmasicttbﬁe
resultant value of 1ndex i is’greater than the above-nentioned nmaxi num

number ofy ghafona] Huffdifor GatieR the2waveforsh egorfipdtatidn iprecédisimg ,isoto bk
there are nore channels to be processed for the waveform generation, the

SSMr et U[P'é?f(?x‘i’ﬂédﬁi chanaéler. $he mupictonehwhveforabbutferintlicomed suffickenti ng
operations are repeated. If i > CHyax, or if there 1is no channel to be

processedg digid Wavebternelatpoferrsframe timegirarth yhe dacrent siomputadiosi ise of
a volunme envelope is perforned for the sound channel turned off this tine

(step S63hadén Cii et Srer Hane, thes musio benevevaveform diatz of kaeh chenaekisatdti s
renoved fromthe nusic tone waveform buffer, and the renpved data is
passed t mddeesd3ipEGeharatedral ewerhtlics aaea dor pone deanee. Naraely, since the
sounding timing and muting timing of music tones are different for different
channels, a music tone of a certain channel may be turned on or off halfway in
the music tone waveform buffer. In view of this, the computation amount must
be determined for each channel. |
Next, in step S58 of FIG. 15, the FM computation processing subroutine
for generating music tone waveform data for ohe saniple is generated for
channel n. In step S59, it is determined whether the music tone generation
processing for one frame for channel n has been completed. It should be noted
that the determination of step S59 is performed by considering the computation
amount determined in step S57. In step. 859, if the music tone generation
processing for one frame for channel n has not been completed, the SSM passes
control back to step S58, in which the music tone waveform data of next sample
is generated. If, in step S59, the music tone generation processing for one
frame for channel n has been completed, the SSM passes control to step S60.
In step S60, the musié tone waveform data for one frame generated in
steps S58 and S59 is written to the music waveform buffer. At this moment, if

music tone waveform data is already stored in the music waveform buffer, the



reproduction of the data is instructed, upon which this waveform
conputation processing cones to an end. If the velocity value of channel n
gets smaller than a predeterm ned value, the FM conputation for that
channel n may not be perforned. In order to inplenment this operation, step
S71 is provided after the above-nenti %ged step S55 as shown in FIG 14. In
step S71, it is determ ned whether touch velocity data VELn in the tinbre
regi ster TONEPARn of channel n is higher than predeterm ned val ue VELN1.

If VELn Z VELnl1l, the SSM passes control to step S56; if VELn < VELN1,
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preceding fra step e buffer BUFmM i n each operator "data .
decreasing the size of a volume envelope is performed for the sound channel
turned off this time (step S63). In step S64, the music tone waveform data thus
generated is removed from the music tone waveform buffer, and the removed
data is passed to the CODEC hardware which is an output device. Then,
reproduction of the data is instructed, upon which this waveform computation
processing comes to an end.

If the velocity value of channel n gets smaller than a predetermined value,
the FM computation for that channel n may not be performed. In order to
implement this operation, step S71 is provided after the above-mentioned step

S55 as shown in FIG. 14. In step S71, it is determined whether touch velocity
data VELn in the timbre register TONEi’ARn of channel n is higher than
predetermined value VELnl. If VELn = VELn1, the SSM passes control to
step S56; if VELn < VELn1, key-off is designated for channel n in the similar
manner as that of step S43 shown in FIG. 12. Then, the SSM passes control to
step S61.

FIG. 16 is a ﬂowchért indicating the detailed procedure of the FM
computation processing subroutine for channel n executed in step S57.

Referring to FIG. 16, variable m for storing the operator number of an operator



OPDATAN hol ds the result obtained by the conputation perforned

i medi ately before. Using this result allows the return to the state of the
i medi atel y preceding operator data OPnDATAn. The. operator data OPnDATAn
is returned to the state at the end of computation of the preceding franme
because the nusic tone waveform data QPsghannel nin the current frame

must be generated as the continuation fromthe preceding frane. On the
other hand, if channel n is found not sounding continuously from the
preceding frame in step S84, the SSM ski ps step S85 and passes control to

the opotab8ohERe s db EPAR CePls, by TRl BT DREr AP I phib R o
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priority nmay not be perfornme regardl he | oad state of the CPU 1.

This canh el 8 3pf sound channels when the capacity of the
GO BaTArpa (egpsesy pacty

CPU 1 is not and 18 are flowharts indicating the

detai | ed procqgutép S8, MEtheOBBERLOF coMpRAtEA PPocsegs fomnthesoieratsr meisf or
the operator m peﬁf)ormed in step S86. @Igl G 18 Is a diagramillustrating

the basi ffofH)@\L’Pe‘?f(_)rhff@d,oﬂe{saﬁ_@femﬁﬁﬁﬂUth'tm tieariieel perisocumzenily $dimding
operat or conputation processing. The follow ng explains the operator

. conput at icontipueusp iffemf dic tgiecaﬁﬁrgafmﬁnén(metm S843f eifwhannel H &S.foind
t hrough 19. Referring to Fl 17 t is determ ned whether the operator-on
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operator data OPmDATAn of the timbre register ONEPARn, the operator data
OPmDATAR is returned to the state of the operator m at the end of computation
of the preceding frame (step S85). The buffer OPBUFm in each operator data
OPmDATAn holds the result obtained by the computation performed
immediately before. Using this result allows the return to the state of the
immediately preceding operator data OPmDATAn. The operator data
OPmDATARn is returned to the state at the end of computation of the preceding
frame because the music tone waveform data of channel n in the current frame
must be generated as the continuation from the preceding frame.

On the other hand, if channel n is found not sounding continuously from
the preceding frame in step S84, the SSM skips step S85 and passes control to
step S86. In step S86, the operator computation processing subroutine for the
operator m is executed. In step S87, the value of variable m is incremented by
one. In step S88, if there are more operators to be processed, the SSM returns
control to step S82, in which the above-mentioned processing operations are
repeated. If there is no more operator to be processed, the FM computation

processing for channel n comes to an end.



does not require operator conputation, this operator conputation processing
Is ended imediately. If OPONmis "1", or the operator mrequires operator
conput ati on, the SSM passes control to step S92. In step S92, it is

determ ned whet her the sanpling frequency designation data FSAMPmin the
operator data OPnDATAn is "0" or not. Nemrely, it is determ ned whether a
nmusi ¢ tone waveformis to be generated at the sanpling frequency FSMAX of
standard node. If FSAMPm = "0", it indicates the standard node in which
each operator performs the nusic tone waveform generation at the standard
sanmpl i ng frequaneeps SB2eand S8SMhedvRU!state T the CRIEM Rraekad toidétdrtnine t he
setting val ue of tRe envel ope paraneter EGPARm in the operator data

OPDATAN. whieherah! éor%&utdﬂcﬁl 6P HIR bPELAOr ing iSte@bedpdrforméd. PGteinatiwebyf f er
EGSTATEm (step S93). t he other hand, if FSAMPM x "0", for exanple,

FSAMPM = fhe édrputation faotte tons SR lotver pricrigneiay chotdstepesformed
multiplied by 2-f and the -38- nusic tone waveform generation Is perforned

at the refigardless fofetheclond stabaofl the CRUstlepTHist can inareuset the mimber of rat e
varies (hereafter referred to as a variable-rate paranmeter) in the

envel ope sourairehenselEePA¢mthes capdditypof the ©PU Afistwtserliighm t he AEG
conputation. The result is stored in the EG state buffer EGSTATEm The
rate of the vaFIGS| ¢7rad1Baraftowcharts mdicatingeteldet2iied procadurerof the
envel ope generating conputation for the follow ng reason. Nanely, since

t he sanpl operatoreqampmatien prdoessing subsvading for ithe aperatoremvperfarmed isf t he
vari abl e-rate paraneter of the envel ope parameter EGPARm is nmade faster to
per f or m t$tepnSi86c FiGe Mhisfaodingreneildustsating thaebasienflowgof theapagtor
concerned. Subsequently, the generated waveform sanples are witten_to 2f
cont i nuousomputaiicrsodhe peefarntacein thisepppiatanKompwaliont processiogh kgt t he
resultant nusic tone has the sanme pitch as that of the original nusic tone.
Thus, st flleymgexgiaingtie eparatanrompwation Processing ot thspeperater mawhas
shown in

reference to FIGS. 17 through 19. Referring to FIG. 17, it is determined
whether the operator-on parameter OPONm in the operator data OPmDATAR
of the operator m is on ("1") (step S91). If OPONm is "0", or the operator m
does not require operator computation, this operator computation processing is
ended immediately. If OPONm is "1", or the operator m requires operator
computation, the SSM pass.e.s control to step S92.

In step S92, it is determined whether the sampling frequency designation
data FSAMPm in the operator data OPmDATAn is "0" or not. Namely, it is-
determined whether a music tone waveform is to be generated at the sampling
frequency FSMAX of standard mode. If FSAMPm = "0", it indicates the
standard mode in which each operator performs the music tone waveform
generation at the standard sampling frequency . Then, AEGm computation is
performed according to the setting value of the envelope parameter EGPARm
in the operator data OPmDATAn. The result of this computation is stored in
the EG state buffer EGSTATEm (step S93).

On the other hand, if FSAMPm = "0", for example, FSAMPm = f{, the
sampling frequency FSMAX of the standard mode is multiplied by 2% and the



FIG 19. In step S95, the data AEGmM obtai ned by the AEGm conputation is
multiplied by the value of a total |evel paraneter TLmin the operator data
OPnDATAN to conpute an output |evel AMPmM (= AEGm x TLn) of the operator m
as shown in FIG 19. Then, the anplitude controlling envel ope data AEGnM
conputed in step S93 or S94 and the ougput | evel AMPm of the operator m
conputed in step S95 are checked i ndependently (step S96). Based on the
check results, it is determ ned whether the data val ue AEGm and the data
value AWPm are |lower than a predetermined time and a predeterm ned | evel,
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is NO t%rmraééﬁr%ﬁéettegmthb%rw&@%ékraﬂarﬁeww EGPARm it dnuttiflied Byst ep

S98, it is rmn er the operat mis a carrier. |If the operator

mis found g geaidr?the WG ESHhpiaTRR. CDRY Flult 8 Kb BPthe B StatobaR: the

buf f er for the operator and t he nodul at or nodul ati ng onl}/ t he

oper at or EGSTATERR" The rattcof\Ehec? iableoripe batdmeter 3s sulpipticd byd” before
operator conputation processing is ended. Thus, if the operator mis a

carrier, tHeten®elope EBRem@iRf compagitivg &1 the fflldwingpeasanor Nanely, sinse t he
wavef orm conputati on of the nodul ator nodul ating only the operator mis

st opped. thb&angplifi fequendy Bpedaced toHES MAXNK (2], Ithe dimpuariatien mishe t one
waveform data as shown in FIGS. 4A through 4C. If there is no output from

the carrivariable-rafe phram@skofahs envebope parameter EE@PARM isomade faster $08, it
may be assuned that nothing is outputted fromthe modul at or preceding the
carrier. pérférmat themonusiat coné swavefiorat igemesatoomeat ¢he r samplinge fieguencym
conputation of that nodul ator cannot be stopped. On the other hand, if the
oper at or gonceriedin@utsequently, the generated waveform samples are written to 2f
continuous addresses of the buffer, thereby making adjustment such that the
resultant music tone has the same pitch as that of the original music tone. Thus,
step S93 or S94 performs the computation of envelope data AEGm as shown in
FIG. 19.

In step S95, the data AEGm obtained by the AEGm computation is
multiplied by the value of a total level parameter TLm in the operator data
OPmDATAN to compute an output level AMPm (= AEGm x TLm) of the
operator m as shown in FIG. 19. Then, the amplitude controlling envelope data
AEGm computed in step S93 or S94 and the output level AMPm of the operator
m computed in step S95 are checked indebehdently (step S96). Based on the
check results, it is determined whether the data value AEGm and the data value
AMPm are lower than a predetermined time and a predetermined level,
respectively, thereby determining in turn whether the operator m is to be
operated or not (step S97). In other words, it is determined whether the music
tone waveform computatioﬁ in the operator m may be ended or not. If the

decision is YES, the SSM passes control to step S98; if the decision is NO, the
SSM passes control to step S101 shown in FIG. 18.



a carrier in step S98 , or the operator is a nodulator, only the buffer
OPBUFmM of the operator mis cleared to stop the waveform conputation (step
S100), upon which this operator computation processing cones to an end. In
step S101 shown in FIG 18, algorithm designation data ALGORn is checked.
In step S102, it is determ ned whet herzdhe operator mis being nodul ated
from anot her operator. In step S102, if the operator mis found being
nodul at ed from anot her operator, the operator output data stored in the
oper at or out put val ue buffer OPOUTKk in each operator data OPkDATAn under

nmodul ati on ar ' id | t
ot er | oot il SPEF RIS GEL Bbterififfed Whe(REt e bpefOr 14 B aficAalR thepy

oper at or ' : ' t ggMatg@s
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whet her S5 OPBUL R YRS Dpedsor i d thelaiciviadyRivdoldthe o r
data OP Rn fggqu - 40 I?pFSAI\/Igm = "0", the SSM passes igf)gnt Pg}r @1:10; step

S105; i f o5SAMBIY ardcleaté®, theWawgdsRscampuration i8 ssoppedlahd thinoperpos105,
a phase val ue update conputation is performed. The updated result is

stored i gomipsutAtiaagroetssinpus eade@HEID, (f tiee opertacot m istdhearidr, het ealy er
being referred to as phase value PHBUFM in the operator data OPnDATANn of

the oper gh@r wavefbanp wation wfdahe operatort imrbutderso ethehewavefarne
conput ati on encl osed by dashed line Ain FIG 19. To be nore specific,

conput at icpmpdRtidm of thermodaN@or mddillating drptkenopesatpe m s steppetio hen and
FBm denote the values stored in the nodulation data input buffer MODINmin

t he oper ghpfiedis an OpeBiGAthanevdiitaallyaitiputs theunpsic tomeuwayefaren dasngs
respectively. FNOn denotes the frequency nunmber FNOn in the nusic tone
par anet esh¥@CENFIGSL #A thmoughsd €hdf thergus moyoutput fiqmndhe sasrieriorif the t he
e L it povne oot Fon o T he S95 i o 2 od sl
nothing is outputted from the modulator preceding the carrier. If that
modulator is modulating another carrier, the waveform computation of that
modulator cannot be stopped. On the other hand, if the operator m is found not
a carrier in step S98 , or the operator is a modulator, only the buffer OPBUFm
of the operator m is cleared to stop the waveform computation (step S100),
upon which this. operator computation processing comes to an end. -

In step S101 shown in FIG. 18, algorithm designation data ALGORn is
checked. In step S102, it is determined whether the operator m is being
modulated from another operator. In step S102, if the operator m is found
being modulated from another operator, the dperator output data stored in the
operator output value buffer OPOUTK in each operator data OPkDATAn under
modulation are added together, and the result is stored in the data input buffer
MODINm of the operator m (step S103). On the other hand, if the operator m is
not being modulated by another operator, the SSM passes control to step S104,
skipping step S103. In stép S104, it is determined whether the sampling

frequency designation data FSAMPm in the operator data OPmDATAn is "0".



operat or data OPnDATANn. In step S106, a table address is.conputed based on
t he phase value PHBUFmM conputed in step S105. Fromthe basic waveform (for
exanple, a waveform sel ected from anong the above-nenti oned ei ght types of
basic waveforns) data sel ected according to the wave sel ect data WSELm of
the operator m data WAVEm ( PHBUFM. ap the position pointed by this
conputed address is read. It should be noted that basic waveformdata is
referred to "basic waveformtable." The data WAVEm (PHBUFM) is multiplied
by the output |evel AVPm conputed in step S95. The result is stored in the

ggggtg; Iﬁrﬁg% %'g?e é?@dﬂogg%gb Ii%trsa\6l5$@(1’£)corrpljta Msﬁlpe]: t r}ﬁﬂ‘;‘.d by
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position indicated by the pointer for poinfing the wite position of this

Ito Immﬁt Iep .Iﬁsd}@ spReifes Penfipacativty MODIN £ FBmMAUFNGH x MBI Yah ue PP BUFnS
is performed. MODINm and FBm denote the values stored in the modulation
data input buffer MODINm in the operator data OPmDATAR and the feedback
output value buffer FBm, respectively. FNOn denotes the frequency number
FNOn in the music tone parameter VOICEn. MULTm denotes the frequency
multiple data MULTm in the operator data OPmDATAn. PHBUFm denotes
the last value of the values stored in the phase value buffer PHBUFm in the
operator data OPmDATAn.

In step S106, a table address is computed based on the phase value
PHBUFm computed in step S105. From the basic waveform (for example, a
waveform selected from among the above-mentioned eight types of basic
waveforms) data selected according to the wave select data WSELm of the
operator m, data WAVEm (PHBUFm) at the pbsition pointed by this computed
address is read. It should be noted that basic waveform data is referred to
"basic waveform table." The data WAVEm (PHBUFm) is multiplied by the
output level AMPm computed in step S95. The result is stored in the operator

output value buffer OPOUTm (= WAVEm (PHBUFm) x AMPm) of the

operator m.



I ncremented by one (step S109), upon which this operator conputation
processing cones to an end. In step S110, phase val ue update conputation is
performed, and the result is stored in the phase val ue buffer PHBUFm This
conputation processing in step S110 differs fromthe conputation
processing in step S105 only in the added processing indicated by block B
in FIG 19. Since FSAMPm =f (* 0), the phase value nust be shifted by f
bits, or the value of the phase value buffer PHBUFm nust be multiplied by
2f to change the read address of the basic waveformtable to that obtained

by nul tiplyingpgt EWZQQZ?Q%HB%&'%PESM%@M?@- igJeEérfokﬁﬂéﬁ c théep
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conmput at i Fiheodgafdtmed (step S112). In step S113, it is determned
| i kewi se step S108 whether the operator m is a carrier. If the operator m

is found a nmoqykat ngIﬁ RiQPOSTH RIFBRADUt at ion processing is immediately
ended. If the operator mis found a carrier, the waveform sanple data

OPOUTM gePORUTeh dBnstcspthelwaveformukamplé edtdgehbmted ¢h step $406. VEBLmf
nmusi ¢ tone paraneter VO CEn. The result (= OPOUTm x VOLn) is added to 2f

addr essesdd@ioted therfdeidback dovéldatd FBlom ofhhearatmeter mi toheadmpubgd.t The
poi nter in the above-nenti oned waveform buffer. Then, the pointer is

i ncr enentfeddbycRfsafigsle rcdshipdiation e perfiormeidhics pogesitt parasiinpexeiten from

processing conmes to an end. It should be noted that, when witing the

plural pdetesingf sanple data of the sanme value in step S114, interpolation

may be made between the pieces of sanple data as required, witing the

resul tant i ntlergiep &108; itvisldeterminedg asisattestepria&; vebiether the operator m is
a carrier or not. If the operator m is found a modulator, this operator
computation processing is ended immediately. On the other hand, if the
operator m is found a carrier, the waveform sample data OPOUTm generated in
step S106 is multiplied by the volume data VOLn of the music tone parameter
VOICEn. The multiplication result (= OPOUTm x VOLn) is added to the
position indicated by the pointer for pointing the write position of this time in
the corresponding waveform buffer. Further, the value of this pointer is
incremented by one (step S109), upon which this operator computation
processing comes to an end.

In step S110, phase value update computation is performed, and the
result is stored in the phase value buf.fer. PHBUFm. This computation
proceséing in step S110 differs from the computation processing in step S105
only in the added processing indicated by block B in FIG. 19. Since FSAMPm
=f (= 0), the phase value must be shifted by f bits, or the value of the phase
value buffer PHBUFm must be multiplied by 2 to change the read address of
the basic waveform table Ito that obtained by multiplying the sampling

frequency FSMAX by 2% Next, likewise step S106, waveform sample




In the present enbodi ment, as explained in steps S106 and S111, the val ues
stored in the basic waveformtable are used for the basic waveform data.

Al ternatively, the basic waveform data nay be generated by conputation.

Al so, the basic waveform data may be generated by conbining table data and
conput ati on. For the address by which_-4he basic waveformtable is read in
steps S106 and S110, the address obtai ned based on the phase val ue PHBUFmM
conputed in steps S105 and S110 is used. Alternatively, the address
obtained - by distorting this phase val ue PHBUFm by conputation or by a
nonl i near t:erd Stel drelz : kS rt
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al proceaure o the re setting processing

subrouti Q)(;e?;t&t(ﬁﬂggggﬁ&og\ﬁﬁ%go?@ﬂﬁ. Referring to FIG 20, first, MDI
n

channel s d correSponding tinbres are set (step S121). As expl ai ned

before, in thwvmgzémW}m tAMMD! channel s and the corresponding

tinmbres are determned fromthe D -CH voice table. The data to be | oaded

into this M D'Tlﬁﬁ,\iﬂt&@isfea&zbg S105 tfeedbhbk isafnplarcdrapstation ishgerfolied When
the MDI file seléected by the user is | oaded, the corresponding table data
i s | oadeqsicnt11Pp M DI -CH voice table at the same tinme. Therefore, the
processi ng gerformed in step S121 is only the editing of the currently

| oaded data tjphitep §113)4t isadtengineid lileswisehitep $4108 whetlerahe dperatortad
that the user may alternatively set the desired nunber of operators for

each of N Rl caifiepndf she bbetdter de s feundumhedubitonthisbpemtos corgtutationhe
channel concerned when changing the voice nunbers in the MDI-CH voice

tabl e, thgovessiag nigntenediatetyendedi nif the operatosim isofieupdreanatriers theo CE

equal to or |lower than the nunber of operators may be displayed in a |ist.

b e umhar o ‘oper ot oL o <ok 10-1 ne. chammel. cancer nec
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autonat! Cxal\}())/Ln) is added to 27 addresses of the buffer continued from the position
indicated by the pointer in the above-mentioned waveform buffer. Then, the
pointer is incremented by 2% (step S114), upon which this operator computation
processing comes to an end. It should be noted that, when writing the plural
pieces of sample data of the same value in step S114, interpolation may be
made between the pieces of sample data as required, writing the resultant
interpolation value to the above-mentioned areas.

In the present embodiment, as explained in steps S106 and S111, the
values stored in the basic waveform table are used for the basic waveform data.
Alternatively, the basic waveform data may; be generated by computation. Also,
the basic waveform data may be generated by combining table data and
computation. For the address by which the basic waveform table is fead in
steps S106 and S110, the address obtained based on the phase value PHBUFm
computed in steps S105 and S110 is used. Alternatively, the address obtained
by distorting this phase vaiue PHBUFm by computation or by a nonlinear

characteristic table may be used.



changed nunber of operators may be displayed in a list. Mreover, when the
user has changed the voice nunbers in the MDI-CH voi ce table, the total
nunber of operators constituting the nusic tone paranmeters VO CE
corresponding to the changed voi ce nunbers may be checked. According to
the | oad state of the CPU 1, warning t#at this tinbre cannot be assigned to
the channel concerned nay be displayed. In addition to such a warning, the
voi ce nunber of the channel concerned nay be automatically changed to the
voice nunber of an alternate tinbre obtained by the smaller nunber of
operators. -4FGAL0ésarfloedhathimdicatingtthendatailed mrocedernef ithattembseich
that the nunber of operators for use in the FM conputation processi 2& can
be fl exi gbitingprogssimcsutsiutignetof stop Skdpslown infFlthel @PBeferringtopdoat i ng
envi ronment o the enbodi nent, the purpose of use, and the setting of
processi 29, firegrisERIechannels mdnoorespomdinigt tinibsas @ae setj(step Shd1).0als of
the CPU 1 and the quality of output nusic tone waveforns w thout
restri.ctiegplaihbérietforesignibici pacseny embadimeant,t the MUPEeclsmnelsaasintlee t he
sound source systemin its entirety. In the present enbodi nent_FM ione
gener at i egriespording tmbirhe anaidetermined fipméhe %Eéﬂé(@il‘%ﬁ‘nt.a%ﬁ$- Theidage
apparent that the present_invention is also appliczigse to.a sougd ii(ource
t g dike.

that per tobedopded enterthisMIII-gH voiratable issfored untheshangd digkarit
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nusi cal idaga f ord ectroni c equi pnment. Further,

the present | qyg&tﬂiﬂo (ia nofed’ [ﬁacf%Plle Tiskf n?aysglltlgr%atively set the desired number

of operators for each of MIDI channels. If the desired number of operators is
set to the channel concerned when changing the voice numbers in the MIDI-CH
voice table, the voice numbers corresponding to the music tone parameters
VOICE equal to or lower than the number of operators may be displayed in a
list. From among these voice numbers, the user may select and set desired ones.
At this time, the desired number of operators set to the channel concerned may
also be automatically changed. The voice numbers within the automatically
changed number of operators may be displayed in a list. Moreover, when the
user has changed the voice numbers in ihe .MIDI-CH voice table, the total
number of operators constituting the music tone parameters VOICE
corresponding to the changed voice numbers may be checked. According to
the load state of the CPU 1, warning that this timbre cannot be assigned to the
channel concerned may be displayed. In addition to such a warning, the voice
number of the channel concerned may be automatically changed to the voice

number of an alternate timbre obtained by the smaller number of operators.




source board and a sound source unit as personal conputer options. The
software associated with the present invention may also be supplied in

di sk nedi a such as a floppy disk, a nagneto-optical disk, and a CD-ROM or
machi ne-readabl e nmedi a such as a nenory card. Further, the software nay be
added by nmeans of a sem conductor nenvmy-chip (typically ROM which is
inserted in a conputer unit. Alternatively, the sound source software
associated with the present invention nay be distributed through the
communi cation interface I/F 11. It may be appropriately determ ned

accor ding -45-A¢ Qjdapibedst 4@ pRiderduembodiment tike coRstifittdesudthehapuhd

source software associated with the present invention is to be handl ed as

appl i cat ingﬁnﬁ bPBherdlbrs fAMigeinsie! FM eompiRation ptosessing canferlegibl
associ at e WI;[Q{I thE present Invention or ;Br?g cap?gi Iitie% of this so?]tware

may be i nganhpefaiceerdihgOid @i capicitiesLihed OPLE1amR 6peaitigeenvirofaidniwrie

such as gane~and karaoke and autonmatic perfornance and acconpani nent

sof t var e.thdhenydinidnte e hpagdseadsivleseyednd itheusettingr oft procsssang.
machi ne 1ncluding a CPU and’ cont ai ns program instructi ons executabl e by
the CPU f@énseruesitlyg thé@ovebcoastitutivac bamadfustithg lopeé odtthe CPY_1 aind. theor m
of sub-nodul es. conposed of softwares to conpute waveforns for perform ng
oper at i onuaflitygesfer@itpag anwdior abney wdvefosinsal withoat réstctiona phenchyi t y
of channels according to performance informati on. The operation conprises
the st epsigfificasitly ehancingghe degroawd freedencofthessoundhsauice systepodeisof
sel ective ones of the subnodules |ogically connected to each other to
conput e &ntirety.olmthe peesenit embodineenifFvhtoneugeneratingrissiseddor ghaanugicone
of the channels to be used for generating said one nusical tone in

r esponse tome wavpforinogeaatasion. nitovikkbe appalcas thatdhe psesantdnyentdon iHalsaul es
into said one channel, and logically executing the |oaded selective
subnodul eppiiablelitaca soundeseuirgorthahperymss predeterpined sign B§HILo

t hereby generate said one nusical tone, .
such as AM (Amplitude Modulation) and PM (Phase Modulation) by

combining music tone waveform generating blocks. Further, the CPU load
mitigating method according to the invention is also applicable to a sound
source based on waveform memory reading and to a physical model sound
source in software approach. The present embodiment is an example of
personal computer application. It will be apparent that the present invention is
also easily applicable to amusement equipment such as game machines,
karaoke apparatuses, electronic musical instruments, and general-purpose
electronic equipment. Further, the present invention is applicable to a sound
source board and a sound source unit as pérsdnal computer options.

The software associated with the present invention may also be supplied
in disk media such as a floppy disk, a magneto-optical disk, and a CD-ROM, or
machine-readable media such as a memory card. Further, the software may be
added by means of a semiconductor memory chip (typically ROM) which is
inserted in a computer unit. Alternatively, the sound source software
associated with the present invention may be distributed through the

communication interface I/F 11. It may be appropriately determined according




t hrough said one channel. Preferably, the step of setting sets different

al gorithns which determne different nodul es corresponding to different
tinbres of the nusical tones. Each of the different nodul es is conposed of
sel ective ones of the subnodules which are selectively and sequentially
connected to each other to conpute a -Wdveformwhich is specific to a
correspondi ng one of the different tinbres. -46- Preferably, the step of
setting conprises adjusting a nunber of the subnodules to be |oaded into

t he channel dependently on a condition during the course of generating the

nusi cal t@nehe BySfedn actlinﬁ%ﬁﬂaeioﬁt op tht O wdidther ¢cheowrs soargacoiftvgarehe
nodul e so as t0 reduce the nunber of the subnodul es when the condition

i ndi cat esassbatated withihé predeneinwantion isfto bechanalled as applicationtseftvakear a
predeterm ned threshold level. Preferably, the step of adjusting conprises

conpact i nievibe softwhee.soThe sownd esburee t duftward erssecifatedhevthbthel presenthen
the condition indicates that an output volune of the nusical tone is tuned
bel ow a pnedatiennondtie t¢apabilitids dfethds .softvedrer atdyy bet incosperated imdpthsri ng
conprises elimnating one subnmodule so as to reduce the nunber of the
subrmodul eoftwatee foraekample,camhsembahseftwarkesuathaes game tansh kanavkeawsd t hat
sai d one subnodul e | oses contribution to conputation of the waveform

wi t hout saittemmmatid petformanee andposompanimenisa €. The inventive nmachine
readabl e nedia contains instructions for causing a _processor machine

havi ng a sof t wEhe invemtive moackunpucadablegnediaots usediRicd PIACEISOT JBRSRHIES t o a
sanpling frequency for perforning operatjion of generating a nusj t one

accor di ngnchdisgidCRlA ead eanipinstprogrampastiygtpas cggcutnble ibé’e@etd;ﬁdf(ﬁps of
eriodically_ operating the processor chi ne

P cau)ginéo the pro_%es_so_r Ironac ?n_e avirl?g operators in_the form of submodules

composed of softwares to compute waveforms for performing operation of
generating a plurality of musical tones through a plurality of channels
according to performance information. The operation corhprises the steps of
setting an algorithm which determines a module composed of selective ones of
the submodules logically connected to each other to compute a waveform
specific to one of the musical tones, designating one of the channels to be used
for generating said one -r.nusical tone in response to the performance
information, loading the selective submodules into said one channel, and
logically executing the loaded selective submodules according to the algorithm
so as to compute the waveform to thereby generate said one musical tone
through said one channel. -

Preferably, the step of setting sets different algorithms which determine
different modules corresponding to different timbres of the musical tones.
Each of the different modules is composed of selective ones of the submodules

which are selectively and sequentially connected to each other to compute a

waveform which is specific to a corresponding one of the different timbres.




to execute the software nodul e based on a variable sanmpling frequency for
successively conputing sanples of the waveform so as to generate the
nmusical tone, detecting a |oad of conputation inposed on the processor
machi ne during the course of generating the nusical tone, and changing the
vari abl e sanpling frequency accordinggga the detected |load to adjust a
rate of conputation of the sanples. -47- Preferably, the step of changing
provi des a fast sanpling frequency when the detected |load is relatively
light, and provides a slow sanpling frequency when the detected load is

| atively h t ' f I '
aduced by 11 AR B ST I SAuRe O U AR R 5, npR TP R ar e
d i . L .
oresent PHOTTRS RS OAER IS e GBNIR] pEpaehay aracthiiforidulig, o,

APSL is qgg%ﬁlrﬁe BP%P’HHMM%QE%@SM@&OHESSage' The APS1 is a performance

operator device suchi as a a. sequencer for outputting a M DI

nessage, or a?}lie'g&gbwﬂh%%é :f%dﬁlﬁiﬂ%ggmisegc@ tingBesm@Rlulésdladsl AP

t
denoted by IF rst application minterface  that transfers

M DI nesgggedute th8 Mitfbef bethé ¥abaivdudes Avisaf thicenditioidindicatesethapdul e
SSMis application software installed in the operating system CS as a

driver. H?ﬁ?ﬁﬁfd%lﬁ{ﬁ@ﬁ@doﬁ othvec avavsiorm SHidniacs wsdow M Dhredetersmiged! r om
the M D output section APS1 via the interface |F1. Based on the received

M DI nesshgsshdl@decell t war e sound source nodul e SSM generates tone waveform
data. The generated tone waveformdata is received by the operating system

OS via a secorRrefigyably athiemiepod adjusting eofrpeises \ddvitpaniing #iel modkde sb ashe
OS. An output device QUDis a driver nodule installed in the operating
syst em O%o redacOyhe mmbeesf the submoddesfdien tiet eofdition fedicatestthat ansound. -
source nodule SSMvia the interface | F2, and outputs the
output volume of the musical tone is tuned below a predetermined threshold
level.

Preferably, the step of adjusting comprises eliminating one submodule
so as to reduce the number of the submodules to be loaded into the channel
when the condition indicates that said one submodule loses contribution to
computation of the waveform without substantially affecting other
submodules.

The inventive machine readable media contains instructions for causing
a processor machine having a software module to compute samples of a
waveform in response to a sampling frequency for performing operation of
generating a musical tone according t6 berformance information. The
operation comprises the steps of periodically operating the processor machine
to execute the software module based on a variable sampling frequency for
successively computing samples of the waveform so as to generate the musical
tone, detecting a load of computation imposed on the processor machine during
the course of generating the musical tone, and changing the variable sampling

frequency according to the detected load to adjust a rate of computation of the

samples.



recei ved tone waveformdata to external CODEC hardware. The output device
QUD is software and operates in direct access nenory (DMA) manner to read

t he tone waveform data which is generated by the conputation by the
software sound source nodul e SSM and stored in a buffer. The OUD supplies
the read tone waveformdata to the exje¢rnal hardware conposed of a
digital-to-analog converter (DAC). The software sound source nodul e SSM

i ncludes a tone -48- generator for generating sanples of tone waveform data
at a predeterm ned sanpling frequency FS by conputation, and a M DI out put

control - par ambrefdablyy, e SER, BRI HaRkRie, oV, 7' (¥ tholip Reatlier Lo
or the | w&fﬁn gﬂg dSURRId f5ad ﬁggfegggvglgre HEH: Clahd! BroviRcs R S166N Shfifling FI G

22 is a tl ng chart 1 ndica I 'on of e software so ource

modul e SfMe oA th@%é@ét%%bﬁ%%@%ﬁtﬁiﬁi tRa¥yLilch @%Md%é rafeCof fti cal Iy

driven a ery’frane having a predeterm t1me’l engt conput ati on,

the tone ; reSRANFeAIbY o1 P Hdr® n "RIAEE an' byed in
an immdfg’ﬁg%l{/tgnggégiqﬁ%egﬁnaﬂgghlgve been rzac{hand sto?ed I n aanbggggérﬁé
Based onjtghesari ous tone paranmeters stored in the buffer, the SSM

generates tone waveform As shown in FIG 22, the SSMreceives three M DI

messages in ap[@.st1 ShaWws 4 'seftwareesdund QolitdE system/\peacticuus af sedorid me T2
cones, the software sound source nodule SSMis started, upon which the

vari ous g@éﬁméﬁlb@@ﬁmap@mh@@rmmhﬁyesﬁ@hyq&mmgmﬂ@em,aa MIBRd and
stored in the buffer. Based on the received MD nessages, the SSM perforns

conput at ipalpttos@rivr degotednby WePS1 ds a dridulé dobeupwitingsa MEDH messagsuous! y
fromthe preceding frame. In the conputation for generating the tone

ot channel e Toane umer oty dat &t or cal | soung ehannel orare o
accunul abadpattihgvai MIBI nessagevef applicatipnt software for outputting a MIDI
message. A MIDI API denoted by IF1 is a first application program interface
that transfers MIDI messages to an operation system OS. A software sound
source module SSM is application software installed in the operating system
OS as a driver. The software sound source module SSM receives a MIDI
message from the MIDI output section APS1 via the interface IF1. Based on
the received MIDI message, the software sound source module SSM generates
tone waveform data. The generated tone waveform data is received by the
operating system OS via a second application program interface (WAVE out
API) IF2 of the OS. An output device OUD is a driver module installed in the
operating system OS. The OUD receivés the tone waveform data from the
software sound source module SSM via the interface IF2, and outputs the
received tone waveform data to external CODEC hardware. The output device
OUD is software and operates in direct access memory (DMA) manner to read
" the tone waveform data which is generated by the computation by the software
sound source module SSM and stored in a buffer. The OUD supplies the read
tone waveform data to the external hardware composed of a digital-to-analog

converter (DAC). The software sound source module SSM includes a tone



buffer. Then, reproduction of the waveform output buffer is reserved for
the output device OUD. This reservation is equivalent to outputting of the
generated tone waveform data fromthe software sound source nodule SSMto
the second interface "WAVE out API." The out put device OUD reads, for each
frame, the tone waveform data a sanpl e 4y- sanple fromthe waveform out put
buffer reserved for reproduction, and sends the read tone waveformdata to
the -49- DAC which is the external hardware. For exanple, fromthe waveform
out put buffer which is reserved for reproduction and witten with the tone

vavef of m e Aahai RS BEAtratthe SemblesSbe toAETwAYORYrhl BRtal At bOptddBteridindid)e

'El_ﬁne vva\éegorm rea e second frame fromtine T2 to Tine T3.
e rea . i ted t ' I '
Lone wayeraRlingHEARERY EEbY SofBMAIbATARY o AT Outp AR LBy AN IR o
process! HhirBRe agéh%r%\ﬂ "This MBI WaYShaRvERrBad 9 eH8E ToRtroll Paragifstciy

I mpl enent i ng one waveform generating nethod according to the

i nvent i O%orT%r?d%I?Hi?geﬁ?Qhe repewed MM GmeBaps feom aPldble asr tHee likej rand

controller. e control of 'the CPU 1, "the tone waveform generating

met hod acqplidiOthereatiepdraniéisao the tone@eneratas. t he tone waveform
generati on processi ng based on a software sound source program At the sane

time, other applGceapiion dnfifpaMareirliextingthe operativmbf ¢he stftwazeldcunds
connected, via an internal bus, to a RO\/I%Read Only Menory) 2, a RAM

(Random Agsires mfoduly SSM. aAdi sipden, the softacaesouand shiroeHmodulbe SSF isve)
6, a CDOROMdrive 7, an interface 8 for transferring data between the

i nt ernal p&lilédﬁjatlilyadri&'&heﬂﬁede%gfram@duwihgyd)@medettmﬁmdnime length.sdmal
computer ‘user interface. The U1lis also connected, via the internal
bus, the ¢c§thguta&¢®n,8tlmntd)net¢tmtaxlt pardettbrsscotrespontligit tal thei MIRI messages or
(DSP) board 9, a networ k interface 11, a MD interface 12, and a CODEC 14
havi ng a fa#€ivied in dthémRadiately preseding framerhiang Yesgread and sforeshin me
RAM 3 includes a paraneter buffer area for storing varjous tone coné r ol
par anet ersyuffar. Based on the various tone parameters stored in the buffer, the SSM
generates tone waveform. As shown in FIG. 22, the SSM receives three MIDI
messages in a first frame from time T1 to time T2. When computation time T2
comes, the software sound source module SSM is started, upon which the
various parameters corresponding to the received MIDI messages are read and
stored in the buffer. Based on the received MIDI messages, the SSM performs
computation to generate tone waveform data to be newly sounded continuously
from the preceding frame. |
In the computation for generating the tone waveform data, a number of
samples for one frame is generated for each sound channel. The tone waveform
data for all sound channels are accumulated and written to a waveform output
buffer. Then, reproduction of the waveform output buffer is reserved for the
output device OUD. This reservation is equivalent to outputting of the
generated tone waveform data from the software sound source module SSM to
the second interface "WAVE out APL." The output device OUD reads, for each
frame, the tone waveform data a sample by sample from the waveform output

buffer reserved for reproduction, and sends the read tone waveform data to the



wavef orm out put buffer area for storing nusic tone waveform data generated
by conputation, an input buffer area for storing a received M DI nessage
and a reception tine thereof, and a work nmenory area used by the CPU 1.
The display 5 and the display interface 4 provide neans for the user to
interact with the processing apparatugg-The HDD 6 stores the operation
system OS such as -50- Wndows 3.1 (registered trademark) or Wndows 95
(registered trademark) of Mcrosoft Corp., prograns for inplenenting the
sof tware sound source nodul e, and other application prograns for

i mpl ementrh R~ WS idfle aMMawaAe! -ForexdmmeVront the waadesm dutphe
CD- ROV drl?}\é}ét%?rl lsf\tgged?%%qg?ogran\% and data fromthe CDO-ROM 7-1. The read

progr anms lﬁﬂf’erd@h?c}?ise]ge%‘e%&ij foPrépiodubibn rhwriterowith the fure waseforan new

sound source programfor inplenenting a software sound source is recorded

on the z : C rtanti@erTRet mededvefddin ease
DeliMcfedatedlif eckif® (e SrCRm PU@THRTDCheWIRARDY

by the i Is a machine. readabl e nedia contai ning.

i nstructipRgis £ad w2t B8cond Hrarherfzonatime A6 Finie Tk Fhienredd tonae
generating operation. The digital signal processor board 9 is an extension

sound- souyseefoear data Ehechveetsdiby tha MG toears anald gsmusxetonecvazsfem FM
synt hesi zer sound source or a wave table sound source. The digital signal

pr ocessorsipedrtd e scundep from a soiunal )8%ed: 1 for executing conputation and a
RAM 9- 2 having various buffers and various tinbre paraneters. The network

interface 11 dqRIGhe23 uthings pr precessing apparatus having ketonenwavetormrdatae
like via a LAN such as Ethernet or via a telephone |ine, thereby allow ng
the procegsiengtoappravided iy impleineatingpthiec taneowasefonar gengratingsmethodd
source prograns and data fromthe network. The MDI interface 12 transfers
M DI nessagesdingt teethe mveatios. nThe processoui shown inkdG. 2cusesed CRUD agvent s
froma performance operator device 13 such as a keyboard instr umert]t . The
cont ent s thadmaée egamittollen. nddnder the aontrol nek ¢he dsPUnduithe fone wavetorm
generating method according to the invention is executed as the tone waveform
generation processing based on a software sound source program. At the same
time, other application programs are executed in parallel. The CPU 1 is
connected, via an internal bus, to a ROM (Read Only Memory) 2, a RAM
(Random Access Memory) 3, a display interface 4, an HDD (Hard Disk Drive)
6, a CD-ROM drive 7, an interface 8 for transferring data between the internal
bus and an extended bus, and a keyboard 10 which is a personal computer user
interface. The CPU 1 is also connected, via the internal bus, the interface 8 and
the extended bus, to a digital signal processor (DSP) board 9, a network
interface 11, a MIDI interface 12, and a CODEC 14 having a DAC 14-2.
The ROM 2 stores the operating program and so on. The RAM 3
includes a parameter buffer area for storing various tone control parameters, a
waveform output buffer area for storing music tone waveform data generated
by computation, an input buffer area for storing a received MIDI message and a
reception time thereof, and a work memory area used by the CPU 1. The
display 5 and the display interface 4 provide means for the user to interact with

the processing apparatus. The HDD 6 stores the operation system OS such as



through this MD interface 12 are stored in the input buffer area of the
RAM 2. The CODEC 14 reads the tone waveform data fromthe wavef orm out put
buffer of the RAM 3 in direct nenory access nanner, and stores the read
tone waveformdata in a sanple buffer 14-1. Further, the CODEC 14 reads
sanples of the tone waveform data, onssdy one, fromthe sanple buffer 14-1
at a -51- predeterm ned sanpling frequency FS (for exanple, 44.1 kHz), and
converts the read sanples through a DAC 14-2 into an anal og nusic tone
signal, thereby providing a nusic tone signal output. This tone output is

ot £ WihAokies 15auntki et RRIEARIELHT WlRiowW O sARON RICTRA AN lark) of

conititutlon I'S ‘génera sane a pe conput er

wor kst at i | | t
ovent | orPgrogett £006, WREF GRS oSt b B QAR GBS ek ol ke o]
t one wave | c i ' T t

means.of 190 AR AppLicaoTbrRptaARoRr Iriflerhenag A P R W Y e
CPU 1. W‘RT’It“hZ\ g](;[?JRQM'm iR1MHAMARRICTRROM HEide M realiRESPRSErafis

supplied to'th tware sound source nodule SSMvia the first " interface

| F1. Thenand gtdMreim eké 0UD-RIOM €11 0 THd e dibpioihmssahdahioareatordibifitie SSM

Is started to set tone control paranmeters corresponding to the supplied

M D nessHEED-6 4AE$O drPNEn EIPikidagt, PALMBO NG selifcesprogesm fordmplémentingce
regi sters of respective sound channel s assigned with the M DI "nessages.

Consequeng lgoftviay seehdrdoured isueberded osatid €DAROMVE(Ior Mltatodd asornd
generated by conputation in the sound source that is periodically activated

gxgr yl Co@ﬁﬁbim raﬁﬂeamd)eshpFIadGH wth eage byl (e CI3-ROMUBH ehichds aan
mot hod acmacting readsbie medientonminir Ansiructioabofdrachusing! tie (pe0nl s
sound source nodel is inplenmented not by hardware but by software. The
sound souccmpubetelo pérfornrtheddne geReGting ophratiggh FI G
The digital signal processor board 9 is an extension sound-source board.
This board is a hardware sound source such as an FM synthesizer sound source
or a wave table sound source. The digital signal processor board 9 is composed
of a DSP 9-1 for executing computation and a RAM 9-2 having various buffers
and various timbre parameters.
The network interfﬁce 11 connects this processing apparatus to the
Internet or the like via a LAN such as Ethernet or via a telephone line, thereby
allowing the processing apparatus to receive application software such as
sound source programs and data from the network. The MIDI interface 12
transfers MIDI messages between an external MIDI equipment and, receives
MIDI events from a performance operator device 13 such as a keyboard
instrument. The contents and reception times of the MIDI messages inputted
through this MIDI interface 12 are stored in the input buffer area of the RAM 2.
The CODEC 14 reads the tone waveform data from the waveform output
buffer of the RAM 3 in direct memory access manner, and stores the read tone

waveform data in a sample buffer 14-1. Further, the CODEC 14 reads samples

of the tone waveform data, one by one, from the sample buffer 14-1 at a



26 simulates a wnd instrument systemor a string instrument system This
nodel is hereafter referred to as a physical nobdel sound source. The

physi cal nodel sound source of the wind instrunent system simulates an
acoustic wind instrunent having a nouthpiece at a joint of two tubes as
shown in FIG 24. The physical nodel -sound source of the string instrunent
system sinul ates a -52- plucked string instrunment or a rubbed string

i nstrument having strings fixed at both ends with bridges. The physi cal
nodel sound source shown in FIG 24 is conposed of a looping circuit. The

toral delaydlicthindd fgﬁ@glggf@gggﬁégngdr%mﬁbreghmlczi KHZURIE cofgrs © be

gener at e en t ound source si'nulates a wn

| NStrumepp, r%ﬁ@s?@ﬁ?}?’s tHegugR SLQN@'QQSZ ﬁltBiJnC&Hélo%%uﬁb%hé%ig}ﬂxl} fiRrébype

di sposed rI ghtwa ptece. In this cifFcuit, a junction of 4-

mul tipli gﬁb'v ng' & nbyiectdirRFighar outputoUThY |téh@|dlﬁPﬁt WAnptited dhtdVkie and

two adders Al and AD5.sinmulates. a tone hole. Further, a propagation.

del ay. i h#mgIOPh RbEYE-héntidfed eoAstiition & gdnBrhBy ele by a
del ay ci rs?&??%fgtéﬁ%@%ﬁ@_rhe gg?gpagation delay in t%é t ube fgfdomthie, t one

hol e to tshfhd Wbahat®f 4 pessondl amfpteraodel wyrkitation: DheAv¥nBRvakefomt i
| oss of the tube is sinulated by a | owpass filter FILTER-R Reflection at

the tube gpdrating mahbdtzﬁ!ﬂ:obd'in? toutheipresent iv8ntiSnrdanebé pradticed loy sucht f or
simulating the tube disposed I'eftward of the nouthpiece, the propagation
del ay of aifmaghinghe is sinulated by a delay circuit DELAY-L. The acoustic
| oss of the tube is sinmulated by a lowpass filter FILTER-L. The reflection
at the tube erffhé following autihdsythe tone watdfermvgBneratingmethbdaceardang t hat
delay times DRL, DRR, and DL read froma table according to the pitch of
t he nusi ¢otthaepreserteinyentioat eyl meansseft thecsafwareese@ynd spunee modude ander.
DELAY-RR, and DELAY-L, respectively. Filter —paraneters FRP and FRL for
obt ai ni nghe ebatiod dftheliRY lar Wheatthe apphicatiomprogram APS1 is started, MIDI

messages are supplied to the software sound source module SSM via the first

interface IF1. Then, the MIDI output driver of the software sound source

module SSM is started to set tone control parameters corresponding to the

supplied MIDI messages. These tone control parameters are stored in sound

source registers of respective sound channels assigned with the MIDI messages.

Consequently, a predetermined number of samples of waveform data are

generated by computation in the sound source that is periodically activated

every computation frame as shown in FIG. 22.

FIGS. 24 through 26 show an example of a sound source model based on

the tone waveform data generating method according to the present invention.

It should be noted that this sound source model is implemented not by hardware

but by software. The sound source model illustrated in FIG. 24 through FIG.

26 simulates a wind instrument system or a string instrument system. This

model is hereafter referred to as a physical model sound source. The physical

model sound source of the wind instrument system simulates an acoustic wind

instrument having a mouthpiece at a joint of two tubes as shown in FIG. 24.

The physical model sound source of the string instrument system simulates a



filters FILTER-R and FILTER-L, respectively. In order to sinulate the
acousti c wave propagation node that varies by opening or closing the tone
hole, nmultiplication coefficients ML through M4 corresponding to the tone
hol e open/cl ose operations are supplied to the nmultipliers MM through
MJ7, respectively. In this case, the-pit-ch of the output tone signal is
generally -53- determ ned by the sumof delay tinmes to be set to the del ay
circuits DELAY-RL, DELAY-RR, and DELAY L. Since an operational delay tine
occurs on the |lowpass filters FILTER-R and FILTER-L, a net delay tine

obt ai ned y@ﬂckéd'?iri@iﬁﬂ%&@hﬁoPB%Bbbdrstﬂﬁ distrifent hadisg sirbugd fixed atet to
the delay circuits ~ DELAY-RL, DELAY-RR, and DELAY-L in a. The nouthpiece is

si mul at e(ﬂ,otme%dlgu{,fthmr;@geslym for multiplying a reflection signal com ng
fromthe circuit for sinulating the right-side tube by nultiplication

coef ficient JZlgn@Phgsival thodélesowdd sbarcershownl i FiGa 24eid eomposed-efagnal
-coming fromthe cifcuit for -sinulating the left-side tube by

mul ti pli ¢abpitip efehitl cTaettolddl ddlag timicpint ties dvep coofespbrdsibta pitichr of ML
and MJ2 are added together by an adder ADl, outputting the result to the
ci r cui t s misic tohowb dei ganeraed: | Wiensthdehysizal anddelsounidr snirce Stmudatasidat i ng
the left-side tube. In this case, the reflection signals conmng fromthe

t ube si myiaid fstnonentithe sound sourcecirdudesm cineuid fop simailafiag $heytube
subtractors AD2 and AD3, resEectiveI y, the results, bejng supplied to the
tube si mdisposegl cirightinasd of thexmiauthpiesegndn ExscoiTceiip@ jeactionndhrf-
exciter and nultiplied by coefficient .J3 is supplied to the add D1.. An
exci t er meultiplicitimpridypencompesed of dgur sultipbicsx MUdr thypug rMiijlépdADe.'
It should be noted that the exciter constitut eseﬁmgart of the nouthpi ece.

The out puwd addersrABD4and iARS sipudatesutaneshplee chd RIgRAgaEON: ¢Clae

outside at any portion of the |loop. In the illustrated anpl t he out put
signal findheithbe fromytheimeuthpiess povthertonse heledsisimy qgﬁﬁw”]é@%m CUCYHal
QUT. The . .

DELAY-RL. The propagation delay in the tube from the tone hole to the tube

end is simulated by a delay circuit DELAY-RR. Acoustic loss of the tube is
simulated by a lowpass filter FILTER-R. Reflection at the tube end is
simulated by a multiplier MUS8. Similarly, in a circuit for simulating the tube
disposed leftward of the mouthpiece, the propagation delay of this tube is
simulated by a delay circuit DELAY-L. The acoustic loss of the tube is
simulated by a lowpass filter FILTER-L. The reflection at the tube end is
simulated by a multiplier MU3.

It should be noted that delay times DRL, DRR, and DL read from a table
according to the pitch of the music tone to be generated are set to the delay
circuits DELAY-R, DELAY-RR, and DELAY-L, respectively. Filter
parameters FRP and FRL for obtaining selected timbres are set to the lowpass
filters FILTER-R and FILTER-L, respectively. In order to simulate the
acoustic wave propagation mode that varies by opening or closing the tone hole,
multiplication coefficients M1 through M4 corresponding to the tone hole
open/close operations are supplied to the multipliers MU4 through MU7,

respectively. In this case, the pitch of the output tone signal is generally




outputted signal QUT is inputted into an envel ope controller EL shown in
FIG 25, where the signal is attached with an envel ope based on envel ope
paranmeters EG PAR These envel ope paraneters include a key-on attack rate
paraneter and a key-off release rate paraneter. Further, the output from
the EL is inputted into a resonator mykel section RE. The RE attaches
resonation formant of the -54- instrunent body to the signal based on the
suppl i ed resonator paraneter. The output signal fromthe EL is inputted
into an effector EF. The EF attaches a desired effect to a nusic signal

TONE QUT basgad;fny ﬁypg% §@ﬁﬁ & cﬁqug tinhe RS &t tﬁ@ﬁgﬁf s s)pEI@AYf-RrL

, ¢
attachi ng various é S suc reverberation, rus, delay, and pan.
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m a a ery predeterm ne Ing period.” FIG 26 shows an

exanpl e Qv iR K ITPERCRN S FIETERAL b Abt difay "Bitichobesinied Thy

exciter return signa IN1s supplied to a subtractor AD11 as a signal

equi val erg]uﬁtpaétg%pﬂﬁgwrmieﬁ GelapHme D catrbuUVRIP SO 10ehé eRtlapcrcus t he

reed in the nou lece. Fromthis signal, a blow ng pressure signal P is

subt r act egEITAY -RIL IVELAPrRRhandUDELACY O iR .11 provi des a signal
equivalent to the pressure inside the nouthpiece. This signal is inputted

into an excit eThe fibudipiete 40 simulhtdd by & hauitéslhon MUh foratdtipdyings aof
the reed relating to pressure change inside the nouthpiece. At the sane
time, thigflictionl sigaal epuiihgdromnthe eircwitlfonsimutaiing theright-shd«)be by
simul ating saturation characteristics of the velocity of the air flow
‘i nsi de t hquitiplibaties eoctficicnt §2 tandt hendtiplier MElr fori multielying e reflectiphece:
when gain adjustment is performed by a nultiplier MJ11. A cutoff frequency
. of the exsighel .Comirg FramO the cirauib| fard sisiuatingi tthe byeli-sideppubedbyi | t er
paranmeter EF. The output signal fromthe exciter filter FIL10 is adjusted
in gai n byudtiplitatiph icoefficiemt JTheThdjaipeti signalaofithe auakipliars MARL and
enbouchure signal E equivalent to the nmouthing pressure of the nouthpiece
by MU?2 are added together by an adder AD1, oufputting the result to the circuits
for simulating the right-side tube and the circuit for simulating the left-side
tube. In this case, the reflection signals coming from the tube simulating
circuits are subtracted from the output signals by subtractors AD2 and AD3,
respectively, the results being supplied to the tube simulating circuits. An
exciting signal EX OUT supplied from an exciter and multiplied by coefficient
J3 is supplied to the adder D1. An exciter return signal EXT IN is returned to
the exciter via an adder AD6. It should be noted that the exciter constitutes a
part of the mouthpiece.

The output from this physical model sound source may be supplied to the
outside at any portion of the loop. In the illustrated example, the output signal
from the delay circuit DELAY-RR is outputted as an output signal OUT. The
outputted signal OUT is inputted into an envelope controller EL shown in FIG.

25, where the signal is attached with an envelope based on envelope parameters
EG PAR. These envelope parameters include a key-on attack rate parameter
and a key-off release rate parameter. Further, the output from the EL is inputted

into a resonator model sectior} RE. The RE attaches resonation formant of the



an adder AD10, providing a signal equivalent to the pressure applied to the
reed. The output signal fromthe adder AD1O is supplied to the nonlinear
converter (NLCl) simulating the reed open/close characteristics. The

out put of the nonlinear converter 1 and the output of the nonlinear
converter 2 are multiplied wth each-gigher by a multiplier MJ12, from

whi ch a signal equivalent to the -55- volune velocity of the air flow
passing the gap between the nouthpiece and the reed is outputted. The
signal outputted fromthe nmultiplier MJ2 is adjusted in gain by a

mul ti pli ?ﬁ§t%%8?§%m8%ghﬁpb§s%hd O (RE SupbligdSredomhtarbarbihetdiheTheur co

nodel simnmu unent has been pl ai ned above. In simulating

a stri ngg'th;eﬁ% g@m zfr@m_cﬂhre;gpciﬁfiabu&bmhf& lafde et TH. Fhé BRafigbhén or a

pl ucked ctionin a vibration is applied to a string is used

| nstead QfoctBR Effett! fo sz{mﬁbﬁP's hdl9d TOREQUTP! g4sed W@u‘fglié@le effdgnal P

becones an exciting signal corresponding to a string plucki force and a

bow vel ogaFymeEé}g thghéi grelis ERRW&@BHS f@r sdttHtNing equiivakesifets auehwas
pressure. |t should be noted that, in sinulating a string instrument, a

mul tipli ¢atvéRranshf thoaly, dIlAG aitbphnedThe mibsicnonei siphat TONE OUTege
al nost zero. Further, by setting the output of the nonlinear converter 2 to

a pr edef}ﬁbv’id&ﬂir{ fheefbriabfisamples ef e wavefurm dateatcewelyi priedgterininkd
nonl i nea converter 2 is not used. The delay circuits DELAY-RL, DELAY-RR

and  DELA¥mipl gHodo sinul ate string propagation tines. The | owpass
filters FILTER-R and FILTER-L becone to sinulate string propagation

| osses. | n thFIGX26 tshowssah texample oftherekeitet tloatt canstitutdsf a paghof theGL,
NLG2, NL1, and NL2 allows the exciter to be formed according to a nodel
i nst r umemhotithpiece.sThel extaitér réhenfsighabEXgINip supplied doiactibtaactar &ddhded
inthe RAM3 with reference to FIG 27. As described above, when the
sof t war e asausignabequivalentie thegBissuresofaan ait, vibnation sravsutgbe fed ibagk to
therein is activated, upon which o . . )
the reed in the mouthpiece. From this signal, a blowing pressure signal P is
subtracted. The output from the subtractor AD11 provides a signal equivalent
to the pressure inside the mouthpiece. This signal is inputted into an exciter
filter FIL10 simulating the response characteristics of the reed relating to
pressure change inside the mouthpiece. At the same time, this signal is inputted
into a nonlinear converter 2 (NLC2) simulating saturation characteristics of the
velocity of the air flow inside the mouthpiece relating to the air pressure inside
the mouthpiece when gain adjustment is performed by a multiplier MU11. A
cutoff frequency of the exciter filter FIL10 is controlled selectivity by a
supplied filter parameter EF. The output_signal from the exciter filter FIL10 is
adjusted in gain by a multiplier MU10. The adjusted signal is added with an
embouchure signal E equivalent to the mouthing pressure of the mouthpiece by
an adder AD10, providing a signal equivalent to the pressure applied to the reed.
The output signal from the adder AD10 is supplied to the nonlinear converter
(NLC1) simulating the reed open/close characteristics. The output of the
nonlinear converter 1 and the output of the nonlinear converter 2 are multiplied

with each other by a multiplier MU12, from which a signal equivalent to the



various tone control paraneters are stored in the RAM according to the
inputted M DI nessages. Especially, if the MD nessages designate a
physi cal nodel sound source (also referred to as a VA sound source) as
shown in FIGS. 24 through 26, a tone control paraneter VATONEPAR for the
sel ected VA sound source is stored in-gfe control paraneter buffer -56-
(VATONEBUF) arranged in the RAM 3. The tone waveform data generated by
conput ati on by the software sound source nodule SSMfor every frane is
stored in the waveform out put buffer (WAVEBUF) in the RAM 3. Further, the

contents, gf £ach M oFBES 29FIIWRIAERE thedapetiwietthadSodhpie AP And ik t he
t ? ﬁ%utt dt rr?s age

event tinme of recept1on of the I are stored rn MDI 1 nput

buffers (Mg . i¥hal Buigiftdd Yo tHeunulteplied MEURAK 8dfidtedtin CPU
a. e 3 er O% B “‘gg

wor k are UF stores the tone control paraneter
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SAMPFRE! at1ng an operation sanpling frequency a ich sanpl es of

the tone wavefipemgaicc Meddesipndating a wavd dAsfruaeny Y G¥enwkslained set
when a key-on event contained in a DI nmessage designates the A sound

sour ce. - gbpokankf SimAlGHE WAGing dnstdesicatad it fof simutatigrmanebissd VAVEL
for designating a velocity when the key-on event designates the VA sound

source, gfithgd seegeh lorca plucked strimesettion inrwhith paibraticr is BRplied CONT.
Mor eover, the VATONEBUF has a pressure buffer PBUF for storing breath

pr essur esgil kouseimead of eheeieiritffor simolating thepnouthpiecel Neanelyptls , an
enbouchure buffer EMBBUF for storing an enbouchure signal or a bow

pressur esRigd besofesgarvAKCIMiiRSIAEE dorrespesidimato agstsimghpluaking foncat e i n

t he VA sound source, and a buffer m schuf for storing volune and ot her

par amet enad dhowardoeityy asdnhERiEgnshE becemes taosignal elquivalestipla bgw
pressure. It should be noted that, in simulating a string instrument, a
multiplication coefficient NL2G supplied to the multiplier MU11 is made
almost zero. Further, by setting the output of the nonlinear converter 2 to a
predetermined fixed value (for example, one), the capability of the nonlinear
converter 2 is not used. The delay circuits DELAY-RL, DELAY-RR, and
DELAY-L become to simulate string propagation times. The lowpass filters
FILTER-R and FILTER-L Become to simulate string propagation losses. In the
exciter, setting of the multiplication coefficients NLG1, NLG2, NL1, and NL2
allows the exciter to be formed according to a model instrument to be
simulated.

The following explains various data expanded in the RAM 3 with
reference to FIG. 27. As described above, when the software sound source
module SSM is started, the MIDI output driver therein is activated, upon which
various tone control parameters are stored in the RAM according to the
inputted MIDI messages. Especially, if the MIDI messages designate a
physical model sound source (also referred to as a VA sound source) as shown

in FIGS. 24 through 26, a tone control parameter VATONEPAR for the

selected VA sound source is stored in the control parameter buffer



frequencies, for exanple. The first sanpling frequency is 44.1 kHz and the
second sanpling frequency is a half of the first sanpling frequency, nanely
22.05 kHz. Alternatively, the second sanpling frequency may be doubl e the
first sanpling frequency, nanely 88.2 kHz. These sanpling frequencies are
illustrative only, hence not limtingtsge sanpling frequencies available in
the -57- present invention. Meanwhile, if the sanpling frequency is reduced
1/2 times FS, the nunber of the tone waveform sanples generated in one
frame may be reduced by half. Consequently, if the |oad of the CPU 1 is

f d h 3/ |
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t one wavetorm sarrp oubled e generation of
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I's found I ng ‘freque s- FS may be sel ected

generate S 86 \ e,
ot he. S D e e b e,

variati Orbv%'i‘ﬁpﬂlhiégofrr%@é 6} of Bie iinpufpteaRREAE Ave dhsked=im MIDEsidpat (n
being an integer) ... st exanpl e, FSl = 1/ntimes FS2 (n being an

i nt eger) buffe DDIER@WBUF BadaUM) imehed RESONB. iFurehdn, ohe FRAM B hisea t he
first exanple, the following description will be nade mainly with

r ef er enceCPY Wogkfdréest exanple. In the present invention, the sanpling
frequencies of the tone waveform data to be generated are variable. If

there is anot HEhe adniffer c VVATOINEBUBe stoegs odheedohy tdmnt@SIDEPararheter

sanpling frequency of the DA converter in the CODEC may be fixed to a

parti cul avV ASTONEP AR alsusho®r inx KbGL 28 wh&he WATQNERUFualso tstores a

generated by the software sound source according to the present invention

with the pirgimeter SAMPRREE indipating dinf operationusaropling frequency at which
samples of the tone waveform data are generated, a key-on flag VAKEYON
which is set when a key-on event contained in a MIDI message designates the
VA sound source, a parameter PITCH(VAKC) for designating a pitch, a
parameter VAVEL for designating a velocity when the key-on event designates
the VA sound source, and a breath controller operation amount parameter
BRETH CONT. Moreover, the VATONEBUF has a pressure buffer PBUF for
storing breath pressure and bow velocity, a PBBUF for storing a pitch bend
parameter, an .embouchure buffer EMBBUF for storing an embouchure signal
or a bow pressure signal, a flag VAKONTRUNCATE for designating sounding
truncate in the VA sound source, and a buffer miscbuf for storing volume and
other parameters.

The parameter SAMPFREQ can be set to one of two sampling
frequencies, for example. The first sampling frequency is 44.1 kHz and the
second sampling frequency is a half of the first sampling frequency, namely
22.05 kHz. Alternatively, the second sampling frequency may be double the

first sampling frequency, namely 88.2 kHz. These sampling frequencies are

illustrative only, hence not limiting the sampling frequencies available in the



sanpling frequency may be fixed to FS1 = 44.1 kHz according to the standard
of the CD. The follow ng explains an exanple in which the sanpling
frequency of the CODEC is fixed to a standard value. The rel ati on between
this standard sanpling frequency FS1 and the variation sanpling frequency
FS2 is represented by FS1 = n tinmes E§2-as described before. The sanpling
frequency -58- of the DA converter is fixed to the standard val ue.
Therefore, it is required for the waveform output buffer WAVEBUF which is
read a sanple by sanple every period of this fixed standard sanpling

f ' equencyrEhlifyehilof. *}ﬁg%\%ﬂl%d if heS§ith ﬁngffréd%ﬁeﬁﬂ%fl‘éﬂﬁbéétl?‘z itfines

mat chi ng e andard sanpl i ng frequenc F gardl ess of the
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buf fer that n sanmp the sane value are arranged on

conti nuo - FRem#p 1ef sleetedabanitigatenke loadref bas been
witten Eénﬁﬂ{ex{%&gggéﬁfgﬁﬁéﬁmﬁfer ‘AV\%VEBUF, et he contents of the

MVEfOVm@'@fFrthgﬁ(ngﬁmin@edmﬁ of 8ahijte S .genSiatéen.t he sanpl i ng
frequency FSb of the data series stoged i f]xh?he waveform output buffer

VAVEBUF di f f egtii¢ gampliagdbeqednioyris sema 2 tignds BRpereayurhiber tarfe wawefo®dEC (or
DAC), sampling frequency matching may be required. For exanple, if FSb = k

times FSgafiples benetdted it hibubled, atowing thegeacratjorbef highymncisiaon yopassed
fromthe waveform out put buffer WAVEBUF i n skipped read manner by updating

e e Y Wover brm it put buLT o VVEBLE 1o the
T e St s gy
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frequency in the present embodiment be FS1, a variation sampling frequency
FS2 is represented by:

FS1 = n times FS2 (n being an integer) ... first example,

FS1 = 1/n times FS2 (n being an integer) ... second example.

Because the present invention mainly uses the first example, the following
description will be made méinly with reference to the first example.

In the present invention, the sampling frequencies of the tone waveform
data to be generated are variable. If there is another acoustic signal to be
reproduced by the CODEC, the sampling frequency of the DA converter in the
CODEC may be fixed to a particular standard value. For example, when
mixing the music tone generated by the software sound source according to the
present invention with the digital music tone outputted from a music CD, the
sampling frequency may be fixed to FS1 = 44.1 kHz according to the standard
of the CD. The following explains an example in which the sampling
frequency of the CODEC is fixed to a standard value. The relation between this
standard sampling frequency FS1 and the variation sampling frequency FS2 is

represented by FS1 = n times FS2 as described before. The sampling frequency



time buffer TMis required for performng the tinme-sequential processing
correspondi ng to occurrence of note events. If the franme tine is set to a
sufficiently short value such as 5 ns or 2.5 ns, adjustive fine timng
control for wvarious event processing operations is not required
substantially in the frame , so that-ghese event processing operations
need not be perforned by especially -59- considering the tinme information.
However, it is preferable that the information fromthe breath controller
and so on be handled on a last-in first- out basis, so that, for the event
of this LihQe THAI QfiaRl A48 Tl theldind A vdlle. fTHeibfdte! itT8sequired for
perforneg by use of the tine information. In addition to the

above- nept | t MVA VER i iread 1 09a TS 28
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envel ope JR3FRERIfEhe WdefBARdata in 880 with&h@@ﬂrﬂarﬂ@&ﬁ@lm(gﬂe aBhcy an
effect paranmeter (EFFECT PAR), and sanpling frequency data (SAMPLI N

FREQ . EgH1 Ofeglafi@Res pafameé esampling Sdeguenay wedddteyd dor peieanwhaeeforens.
Each del ay anount paraneter and eac tone hole junction multiplication
coef fi ci epmpmitatidat elfrithe damplingifrequaricyaFSBusihdelt is da. of the amplasg, DL
through DRRare tables listing a delay amount for a pitch. Delay anounts
are read figquendyeFS 1t ablselectod, the msuithnt compated wisledgrmnsamples are

corresponds ' to a desired pitch. Each of these delay anpbunt tables is
pr epar ed vinitten ttoaheywavefodimgutputdnefenW AY EBpit secle thdtre dapiples o ibe by -
feedi ng back a deviation in the pitch frequen% The filter paraneters such
as FLP satherRiuesraresatrangedodi continuausebutfor addresses. hWheamthe wayeform
sinmul ated, the characteristics of the string, and the operation amount of
the oper atata foleviie frame has hoe wriéem o the waselomeputpuduféereWAVEBUF,
paraneters VATONEPAR are set accor divr{,g to the san‘gl i ng frequencxj used. The
sanpl i ng the eqntenty ofthe wayeform buffer WAVEBUF may be passed to the CODEC.
Since the sampling frequency FSb of the data series stored in the waveform
output buffer WAVEBUF differs from the operation sampling frequency FSc
of the CODEC (or DAC), sampling frequency matching may be required. For
example, if FSb = k times FSc (K > 1), then the tone waveform data may be
sequentially passed from the waveform output buffer WAVEBUF in skipped
read manner by updating every n addresses. Namely, during the time from the
processing of storing the music waveform samples in the waveform output
buffer WAVEBUF to the processing of the DAC of the CODEC, a sampling
frequency conversion circuit may be inserted to match the write and read
sampling frequencies.

Information about the time at which storage is made in the MIDI event
time buffer TM is required for performing the time-sequential processing
corresponding to occurrence of note events. If the frame time is set to a
sufficiently short value such as 5 ms or 2.5 ms, adjustive fine timing control for
various event processing operations is not required substantially in the frame ,

so that these event processing operations need not be performed by especially



tone control paraneters VATONEPAR is indicated by SAMPLING FREQ in FIG

28. The processing for waveform generation by conputation is perforned by
usi ng the tone control paraneters VATONEPAR prepared for the sanpling
frequency concerned by referencing this SAMPLING FREQ i nformation. In -60-
this exanple, the standard sanpling frgguency is FS1 and the alternative
sanpling frequency FS2 is 1/2 tines FS1, for exanple. As descrived above,
the inventive sound source apparatus has a software nodule used to conpute
sanples of a waveformin response to a sanpling frequency for generating a
musi cal (RS REEHI RO ARecPShfGImISE | THOWBVOM: id Mpicfierablly offfdtV ehe

appar atus, a processor device conposed of the cPU 1 periodically executes

the soft ‘e@f&n%%ﬁ SrothE BreatE668&bMEE ¥nd WEPoH bRtharkiled@sa dhstt iefingyef or m
corresponding to a variable sanpling frequency so as to generate the

nusi cal tRAeasts, A8 BedtoToree evehnol thiRdinformbton CPtbdesdirigohsthe lakodl of
conput ation 1 nposed on the processor device during the course of

gener at i Fgrstlofit BasisCR }t)él(fﬁﬁne&\ oise of ke tuay inforimavione additjor be thU 1
operates according to the detected | oad for changing the variable sanpling

f r equencyuboveagicusionedriaiffesf tieoRAMAS ingay sfort applizatibaproBrahsr abl y, the
controll er device provides a fast sanpling frequency when the detected

| oad is rel at ipf€h.y28i givws aetaily ofitiestomestontrebpatamgters r'EATODERARN t he
detected load is relatively heavy such that the rate of the conputation of
t he sanpl'Hse i toneedoned] bpafdmetsner ¥ ATONRARs inaludet egerexcitgrbparammeter
processor device includes a delay device having a nenpry for inparting a
del ay t o (BXCHEER BARAMHBAERS),ne veindi instrusnent/sirimgs insgrumeiteparsgeeiedi ng
to the performance i nformati on. The del ay device generates a wite pointer
for succqP¥svPARAMETIERS)e anngmeslopat pasaroetess 2EGJf PARY), nensegonatar a
read pointer for successivel ﬁ reading the sanples fromadresses of th
menory parameter (RESONATOR PAR), an effect parameter {BFFECT PAR), an

sampling frequency data (SAMPLING FREQ). Each of these parameters

includes a plurality of parameter items. Each delay amount parameter and each

tone hole junction multiplication coefficient are determined by a pitch of a

musical tone. In this case, DL through DRR are tables listing a delay amount

for a pitch. Delay amounts are read from these tables and set so that a total

delay amount corresponds to a desired pitch. Each of these delay amount tables

is prepared by actually sounding a tone having a predetermined pitch and by

feeding back a deviation in the pitch frequency. The filter parameters such as

FLP and FRP are set according to the contour of the tube to be simulated, the

characteristics of the string, and the operation amount of the operator device. It

should be noted that preferred tone control parameters VATONEPAR are set

according to the sampling frequency used. The sampling frequency of these

tone control parameters VATONEPAR is indicated by SAMPLING FREQ in

FIG. 28. The processing for waveform generation by computation is performed

by using the tone control pafameters VATONEPAR prepared for the sampling

frequency concerned by referencing this SAMPLING FREQ information. In



to thereby create the delay corresponding to an address gap between the
wite pointer and the read pointer-The delay device is responsive to the
fast sanpling frequency to increnment both of the wite pointer and the
read pointer by one address for one sanple. O herw se, the delay device is
responsive to the slow -61- sanpling fggguency to increment the wite

poi nter by one address n tinmes for one sanple and to increnent the read
poi nter by n addresses for one sanple. The processor device may include a
del ay device having a pair of menory regions for inparting a delay to the
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said one s nodul e. The inventine sound source apparatus has a software

modul e uggGeherate AP wisialnes AtletecterdévicainoiudgdriartheiCiRUal detectsd
tone. In the inventive apparatus, a provider device variably provides a

trigger gosdalf sdbmputetion iivglosedsbnwheaprodessoretieniceadtiriagethee courkebef ween
successive trigger signals, and
generating the musical tone. A controller device implemented by the CPU 1
operates according to the detected load for changing the variable sampling
frequency to adjust a rate of computation of the samples.

Preferably, the controller device provides a fast sampling frequency
when the detected load is relatively light, and provides a slow sampling
frequency when the detected load is relatively heavy such that the rate of the
computation of the samples is reduced by 1/n where n denotes an integer
number. |

The processor device includes a delay device having a memory for
imparting a delay to the waveform to determine a pitch of the musical tone
according to the performance information. The delay device generates a write
pointer for successively writing the samples into addresses of the memory and a
read pointer for successively reading the samples from adresses of the memory
to thereby create the delay corresponding to an address gap between the write
pointer and the read pointer..The delay device is responsive to the fast sampling

frequency to increment both of the write pointer and the read pointer by one

address for one sample. Otherwise, the delay device is responsive to the slow



periodically provides a sanpling signal at a relatively fast rate such that
a plurality of sanpling signals occur within one frane period. The
processor device is resettable in response to each trigger signal and is
oper abl e based on each sanpling signal to periodically execute the
software nodul e for -62- successively_ggnputing a nunber of sanples of the
waveformwi thin one frame. The detector device detects a |oad of
conput ati on i nposed on the processor device during the course of
generating the nusical tone. The controller device is operative according
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Next, in step i gramis started to place other prdgranms in an

execut ab'sﬁcééﬁéi@%l' wWHiteS 't §Fhpldy 8RS WavefrATRIfConS mitieiedl @dne Anto 30
is a flowhart showing the main programto be executed by the CPU 1. Wen

the mai n JIHPEEsRR dfSofit AVl @R mieMdryatdgians,cand yabeasivelyatehdsghefsanipigs st er s
Is perforned in step SS20. Next, in step SS21, basic display processing

such as gromhaddigsvédeWhe fsamed infarheny %’%i@ﬁﬂ%_ theetbperestekthepdelay. The
performed. Then, in step SS22, triggér check is performed for task

- SWi t chi ngielay Wevicd i$SOP8rative whetetsidnone dnwdieahtoneis swighedhasanethen
pl ace. The operations of steps SS21 through SS23 are repeated cyclically

until a tmiggal tbse derenicedssivtly avritingghe samplesndf thdewaesfosnpofisaidt ep
SS23 turns YES. In step SS24, the task
another mucical tone into addresses of the other memory region and
successively reading the samples from addresses of the same memory region to
thereby create the delay while clearing the one memory region to prepare for a
further musical tone.

Preferably, the processor device executes the software module composed
of a plurality sub-modules for successively computing the waveform. The
processor device is operative when one of the sub-modules declines to become
inactive without substantially affecting other sub-modules during computation
of the waveform for skipping execution of said one sub-module.

The inventine sound source apparzitus has a software module used to
compute samples of a waveform for generating a musical tone. In the inventive
apparatus, a provider device variably provides a trigger signal at a relatively
slow rate to define a frame period between successive trigger signals, and
periodically provides a sampling signal at a relatively fast rate such that a
plurality of sampling signafs occur within one frame period. The processor

device is resettable in response to each trigger signal and is operable based on

each sampling signal to periodically execute the software module for



switching is perfornmed so that a task corresponding to the detected trigger
Is executed. There are five types of triggers for commencing the task
switching. If supply of a MD nessage froman application programor the
like via the -63- sound source APl (MDI APl) is detected, it indicates
trigger 1. In this case, the softwaregggsound source nodule SSMis started
in step SS25 to perform M DI processing. If an internal interrupt has been
caused by a software tiner (tim that outputs the interrupt every frane
period, it indicates trigger 2. In this case, the software sound source

modul e Sﬁ%@;é@ﬁé}regir)&Sﬂgﬁﬂi@ Eﬂuﬁﬁgﬁ' 6f‘%aﬁ2¢l@9 bﬂdhé"@"é%ta%l’ﬂl QiR Giid fAme.

processi generating e waveformdata for the predeterm ned
nunber o a,t f ei &SP om theahrodedsoPeen
e T s S R S VR 0 S SR A
this cas : | B0 bj . SR coRtriflies evidie tone
wavef or mﬂgg{dga({ﬂglﬁé ztil?](xé? gﬁfst?d g%%er?ﬁgg\c}\g\ggfﬂ ger%agﬁ?%ut bufC fer V\AVI%UF to

the out Py oigKlifR abLoRlingPRS Bhd QRtSEAtIoRGSRY ParyimAUAL fran® priiod & the
i nput operator device such as the nouse or the keyboard of the processing

appar at “%dj;x%‘i fheeRutfeechedhei sarhpl¥scabamputed ggithint orlen frdire qperdodf #he
operation event for tinbre setting, tinbre setting processing is perforned

in step gRedrtefr Yevitd @ongpeied ofNCOREGCS 14ciy respomsivardopeacie sampingr e
per for rregéﬁﬁ step SS29. If the end of the operation has been detected, it

i ndi cat egjdid] §8FEoRverting bach 6R8ife sanplay inte asiongespendéng enaleg signat &p S30.
If no trigger has been detected, trigger 4 is assuned and the processing

of stepstl§§ggy g’ﬁ\férﬁgaﬂeilﬁumﬁl tomesd. Wien the processing of trigger 1 to
trigger 5 has"been conpleted, the SSMreturns control to step SS21. The

processing Opmtfdlmﬁfgheﬁpb@m-Bﬁe%pei'atimg;mms_ﬁ)pmsent peention by detaibl | y .
FIG 31 is a flowhart show ng the MDI processing to be perforned in step
SS25. Wheyith hefedide tiy flosatiants.i s started, the contents of the M DI
FIG. 29 is a flowchart showing an initialization program to be executed
at a power-on or reset sequence. When the initialization program is started,
system initialization such as hardware initialization is performed in step SS10.
Next, in step SS11, the OS program is started to place other programs in an
executable state in which a main program for example is executed.
FIG. 30 is a flowchart showing the main program to be executed by the
CPU 1. When the main program is started, initialization such as resetting of
registers is performed in step SS20. Next, in step SS21, basic display
processing such as arranging windows for display screens such as desktop is
performed. Then, in step SS22, trigger ché:ck. is performed for task switching.
In step SS23, it is determined whether a trigger has taken place. The operations
of steps SS21 through SS23 are repeated cyclically until a trigger is detected. If
a trigger is found, the decision in step SS23 turns YES. In step S524, the task.
switching is performed so that a task corresponding to the detected trigger is
executed. |

There are five types of triggers for commencing the task switching. If

supply of a MIDI message from an application program or the like via the



event are check in step S40. This check is specifically perforned on the

M DI nessage witten to "M DI API" constituted as a buffer. Then, it is
determined in step SS41 whether the M DI event is a note-on event. If the
MD event is found a note-on event, the SSM passes control to step SS42,
in which it is -64- determned whether the sound channel (M DI CH) assigned
to that note-on event belongs to a physical nodel sound source or a VA
sound source. If the sound channel assigned to the note-on event is found
in the physical nodel sound source(hereafter, such a MD CH is |abeled
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control is urned. Further, if the MDI"event is found not a key-off
event in (gbegyneS4Ravéforis data is transferred from the waveform output buffer
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WAVEBUF to the output device. If an operation event based on manual
operation of the input operator device such as the mouse or the keyboard of the
processing apparatus has been detected, it indicates trigger 4. In the case of the
operation event for timbre setting, timbre setting processing is performed in
step SS28. For other operation events, corresponding processings are
performed in step SS29. If the end of the operation has been detected, it
indicates trigger 5. In this case, end processing is pérformed in step S30. If no
trigger has been detected, trigger 4 is assumed and the processing of steps SS28
and SS29 is performed. When the processing of trigger 1 to trigger 5 has been
completed, the SSM returns control to step.SSZI. The processing operations of
steps SS21 through SS30 are repeated cyclically.

FIG. 31 is a flowchart showing the MIDI processing to be performed in
step SS25. When the MIDI processing is started, the contents of the MIDI
event are check in step S40. This check is specifically performed on the MIDI
message written to "MIDI API" constituted as a buffer. Then, it is determined
in step SS41 whether the MIDI event is a note-on event. If the MIDI event is

found a note-on event, the SSM passes control to step SS42, in which it is



determned in step SS 49 whether the M D event is a programchange. If the
M DI event is found the programchange, it is determned in step SS50

whet her the sound channel (M D CH) assigned to the MDI event of program
change belongs to the physical nodel sound source. If the sound channel
assigned to -65- the MD event of proguam change is found in the physical
nodel sound source, the tone control paraneters VATONEPAR designated in

t he program change are stored in step SS51, upon which control is
returned. If the sound channel assigned to the MDI event of program
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If the MIDI event is found not a note-on event in step SS41, it is
determined in step SS45 whether the MIDI event is a note-off event. If the
MIDI event is found a note-off event, it is determined in step SS46 whether the
sound channel (MIDI CH) assigned to the note-off event belongs to the
physical model sound source. If the sound channel assigned to the note-off
event is found in the physical model sound source, the key-on flag VAKEYON
in the physical model sound source is set to "0" in step SS47, and the |
occurrence time of the note-off event is stored in the MIDI event time buffer
TM, upon which control is returned. If the sound channel assigned to the
note-off event is not found in the physicéll fnodel sound source, the key-off
processing of another sound source is performed in step SS48, upon which
control is returned.

Further, if the MIDI event is found not a key-off event in step SS45, it is
determined in step SS 49 whether the MIDI event is a program change. If the
MIDI event is found the program change, it is determined in step SS50 whether
the sound channel (MIDI CH) assigned to the MIDI event of program change

belongs to the physical model sound source. If the sound channel assigned to



parameter. FIG 32Bis a fl owchart showing the tinbre setting processing to
be perforned in step SS28 when the above-nentioned trigger 4 has been
detected. \Wen the user perforns a tinbre setting operation by
mani pul ating the nouse -66- or keyboard, the tinmbre setting processing is
star_ted. In step SS50, it is determ ngg-whether tinbre setting of the
physi cal nodel sound source has been designated. If the tinbre setting is
found designated, the tinbre parameter corresponding to the designated
tSISgEreTIhS expanded in the buffer VATONEBUF as shown in FIG 27 in step
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control event, the paraneter BRETH CONT in the breath control event is
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not a breath control event, step SS67 is skipped, and, in step SS68, it is
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PI TCHBEND in the pitch bend event is stored in the enbouchure buffer
EVMBBUF i mper&ossy perfofnicde fenbxample.e node is not set, the
FIG. 32A is a flowchart showing the key-on processing of the physical
model sound source to be performed in step SS43. When the physical model
sound source key-on processing is started, the note number contained in the
received MIDI message is stored in the buffer VATONEBUF as a parameter
VAKC in step SS55. The velocity information contained in the same MIDI
message is stored in the VATONEBUF as a parameter VAVEL. The
VAKEYON flag is set to "1". Further, the MIDI message receive time is stored
" in the buffer TM as an event occurrence time. Pitch frequency data converted
from the parameter VAKC and the pitch bend value stored in the pitch bend
buffer PBBUF are stored in the buffer VATONEBUF as a parameter PITCH.
When these processing operations come to an end, control is returned. It
should be noted that, instead of using the pitch bend value for obtaining the
pitch frequency, the pitch bend value may be used for setting an embouchure
parameter.
FIG. 32B is a flowchart showing the timbre setting processing to be
performed in step SS28 when the above-mentioned trigger 4 has been detected.

When the user performs a timbre setting operation by manipulating the mouse



parameter PITCHBEND in the pitch bend event is stored in the pitch bend
buffer PBBUF in step SS72. Further, if it is found that the sound channel
does not belong to the physical nodel sound source in step SS65 and if the
M DI event is found not a -67- pitch bend event in step SS68, control is
passed to step SS71, in which it is aggunmed that the received MDI event
does not correspond to any of the above-nentioned events, then processing
corresponding to the received event 1is performed, and control is returned.
It should be noted that the enmbouchure signal indicates a préessure with
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performed in step SS53. When the other MIDI event processing is started, it is
determined in step SS65 whether the sound channel (MIDI CH) assigned to the
MIDI event belongs to the physical model sound source. If the sound channel
assigned to the MIDI event is found in the physical model sound source, it is
determined in step SS66 whether the MIDI event is a breath control event. If
the MIDI event is found a breath control event, the parameter BRETH CONT in
the breath control event is stored in the pressure buffer PBUF in step SS67.

" If the MIDI event is found not a breath control event, step SS67 is
skipped, and, in step SS68, it is determined whether the MIDI event is a pitch
bend event. If the MIDI event is found a i)itf:h bend event, it is determined in
step SS69 whether the embouchure mode is set. If the embouchure mode is set,
the parameter PITCHBEND in the pitch bend event is stored in the embouchure
buffer EMBBUF in step SS70. If the embouchure mode is not set, the
parameter PITCHBEND in the pitch bend event is stored in the pitch bend
buffer PBBUF in step SS72.

Further, if it is found that the sound channel does not belong to the

physical model sound source in step SS65 and if the MIDI event is found not a



clear processing is perfornmed. In step SS80, the tone control paraneters
VATONEPAR containing to the paraneter SAMPFREQ and the paraneter VAKC are
read to be stored in the buffer VAPARBUF, upon which control is -68-
returned. In this case, the tone control paraneters VATONEPAR consi dering
the parameter VAVEL nmay be stored in tpe_buffer VAPARBUF. |f the |oad of
the CPU 1 is found heavy in step SS76, it is determned in step SS81

whet her the frane tinme automatic change node is set. If this node is set,
a val ue obtained by multiplying the standard franme period Tl VDEF by
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FIG. 33 is a flowchart showing the physical model parameter expanding
processing. This processing is performed in step SS61 of the above-mentioned
timbre setting processing before sounding. When the physical model
parameter expanding processing is started, the CPU load state is checked in
step SS75. This check is performed based on a status report from the CPU 1 for
example and by considering the setting value of the sampling frequency ES. If
this check indicates in step SS76 that the load of the CPU 1 is not yet heavy, the
shortest frame period of one frame set by the user or the standard frame period
TIMDEF is set in step SS77 as a period tim of the software timer that causes a
timer interrupt for conducting the waveform generation processing every frame.
It should be noted that the standard frame.pefiod TIMDEEF is set to 2.5ms, for
example.

In step SS78, the sampling frequency FS specified by the tone control
parameter VATONEPAR for the selected physical model sound source is set as
the operation sampling frequency SAMPFREQ. Further, in step SS79, alarm
clear processing is perfonﬂed. In step SS80, the tone control parameters

VATONEPAR containing to the parameter SAMPFREQ and the parameter
VAKC are read to be stored in the buffer VAPARBUF, upon which control is



already set, the load of the CPU 1 has been found heavy. This may disable
the nornmal waveform generation processing in the physical nodel sound
source. If -69- the physical nopdel sound source is found sounding in step
SS86, the physical nodel sound source is nuted and the processing of step
SS80 is perforned. The above-nentioneg6ggocessing operations cause the tone
control paraneters VATONEPAR necessary for the physical nodel sound source
to generate the waveformdata which are stored in the buffer VAPARBUF.
This allows the generation of waveforns by conputation. In this waveform

) Sl i S G
EER G ALl AR S T N
L S A
Inﬁglea 3 2; ?t‘?ﬁf ﬁi ﬁﬂ?%]frgh? algb ?lee?}ltlgﬁpaglceé]aé@l&%gﬁ;{é g@o%&@%ﬁ#@ﬁeésngunt
S M AT Y T
sampl es SHger gg”ﬁfas pe Rg%f@;eh[iﬁsﬁggsﬁ'ﬁih‘*ﬁ E}%@%ﬁ RO kBt rf?otniene
fl_Lgrr?, ' irﬁégt tetpozsézf%ughg%e%lt s%ﬁgé gghféeﬁ%% agjrﬁe m@g%e%ggggghﬁé .
|toier f oir geére@%%ﬁsq %ﬁﬂﬁgﬂ %ﬁgj%%%uaggg | %(?1 r gﬁlggh %P Ih? ﬁfe&\?@ye grséﬁggrrsg)&? g%i on_-
stop - Ssoat PRABHAE Heichy, REWRIRE MheCuIRTRL brofotsid Werallon T8k el

FS in thﬁranss%ﬁ‘ﬁff%é Odfarp¥ Uata RANRIRS Hutbé TGN (atidRkI BperBfions

operatio
involved in the data updating.

In step SS83, the current operation sampling frequency SAMPFREQ is
checked. If the operation sampling frequency SAMPFREQ is the sampling
frequency FS1, it indicates that the load of the CPU 1 is heavy, so that the
sampling frequency FS2 which is 1/2 of FS1 is set as the operation sampling
frequency SAMPFREQ in step SS84. Then, the processing operations of step
SS79 and subsequent steps are performed. In this case, a new tone control
parameter VATONEPAR corresponding to the changed parameter
SAMPFREQ is read and stored in the buffer VAPARBUF.

In step SS83, if the operation sampling .frequency SAMPFREQ is found
not the standard sampling frequency FS1, alarm display processing is
performed in step SS85. This is because the current operation sampling
frequency SAMPFREQ is already 1/n times FS1. Although the sampling
frequency FS2 that should comparatively reduce the load of the CPU 1 is
already set, the load of the CPU 1 has been found heavy. This may disable the

normal waveform generation processing in the physical model sound source. If



sanpling frequency SAMPFREQ in step SS94. If the check indicates that the

| oad of the CPU 1 is heavy, it is determned in step SS105 whet her the -70-
operation sanpling frequency SAMPFREQ can be lowered. If it is found that

t he operation sanpling frequency SAMPFREQ can be | owered, the sane is
actually lowered in step SS106 to 1/n, garovi ding the sanpling frequency
FS2. If the sanpling frequency is already FS2, and therefore the operation
sanpling frequency SAMPFREQ cannot be |lowered any nore, alarmdisplay is
performed in step SS107. This is because the operation sanpling frequency
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sound source i's toun sounding in step e sound channel is nuted,
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SS106 corfes to an e arm clear processi s perforned in step SS95.

Then, in ﬁﬁaé%%@,wh&ef&ﬂah&rmmara@@re@ﬁnttn@ bafRr W APARBUF| MThis
frequenc AMPFREQ has been changed. If the operation sanpling frequency

SAMPFREQ {Ifod 9 Uhe BABERILN tdTe waaTafikeby Cbompatation.es dhnthiduwavefdrne
operation sanpling~frequency change is performed in step SS97. Nanely, the

tone contgdierpAbANBEGEesYAREONERAR peratioas panlitg t frefbenopeisadyaanseaipyi ng
frequenc SAI\/PFREgﬁi s read and slgored_ I n Fﬁpenf)guffetrl VA%RRBUEY If the
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SS98, it is determ ned Whether truncate processing is to be perforned.

Thi s trungaiezalionPe66tssing Dfphe physital anodelnstumkseyreei dre shovanin FIGS. t he

truncate processing, a tone being sounded is nuted and a follow ng tone
34 and 35. The waveform generation processing is started by the timer
interrupt outputted from the software timer in which the period tim is set. In
step SS90, it is determined whether the key-on flag VAKEYON is set to "1". If
the key-on flag VAKEYON is found "1", a computation amount necessary for
one frame is computed in step SS91. This computation amount includes the
number of samples for generating a continued tone. If the MIDI message
received in an immediately preceding frame includes a key-on event, this
computation amount includes those for generating the number of samples of a
tone to be newly sounded. The number of samples of the tone to be newly
sounded may be the number of samples necessary during the time from
reception of the MIDI message to the end 6f the frame concerned.

Then, in step SS92, the load state of the CPU 1 is checked. This check is
performed by considering the occupation ratio of the waveform computation
time in one frame period in the preceding frame. If this check indicates in step
SS93 that the load of the CPU 1 is not heavy, the sampling frequency FS in the
selected tone control pardineter_s VATONEPAR is set as the operation

sampling frequency SAMPFREQ in step SS94. If the check indicates that the
load of the CPU 1 is heavy, it is determined in step SS105 whether the



Is started. If a truncate flag VATRUNCATE is set to "1", the decision is
YES and the truncate processing is started. Nanely, in step SS99, the
signal P for -71- breath pressure or bow velocity and the signal E for
enbouchure or bow pressure are set to "0". In step SS100, envel ope dunp
processing is perfornmed. This dunp pregessing is perfornmed by controlling
the EG PAR to be supplied to the envel ope controller. In step SS101, it is
determ ned whet her the envel ope dunp processing has ended. If this dunp
processing is found ended, the delay anount set to the delay circuit in
the | oop | "9 ] ' ' t be; [ for
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in the e ure set as a signal E. Further, the
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perforne one waveformdata for one sanple is generated. The

generat e thatPUESRIPTSSA0T. | Thid iy becduset the spsrationtsampling froghé
VAVEBUF. 9%@& ep SS111, it is determ ned whether the vvave?orr%l co(r]rpuﬂ);ion

for the SWMIPEFRPQ kpalpéady setltoul/attizdes FSIt eRltBSagh hhe sempping fréquérecy
conputation is found not ‘ended, control is passed to step SS 113, in which
the tinejpahendgdebyo thomantpingfrequenby RS thatishowtd comparativety ower
predetermned tine is checked. If this check indicates that the occupation

ti me doesh@dsadse eee GRE 1, the attumbdoad ok theSRU daisfloandoygidteaviyorin this
processing is perfornmed in step SS110. The processi_n% operations of steps

SS110, S8add, th8Jiek@ssanydcappataticar amoyal cannotbe provideddnuene frame:time

predet er mi ned nunber of sanples is obtained . _
or a predetermined time. Then, if the physical model sound source is found
sounding in step SS108, the sound channel is muted, upon which control is
returned.

When the processing of step SS94 or step SS106 comes to an end, alarm
clear processing is performed in step SS95. Then, in step SS96, it is determined
whether the operation sampling frequency SAMPFREQ has been changed. If
the operation sampling frequency SAMPFREQ is found changed, the
parameter change processing due to the operation sampling frequency change
is performed in step SS97. Namely, the tone control parameter VATONEPAR
corresponding to the operation sampling frecjuency SAMPFREQ is read and
stored in the buffer VAPARBUF. If the change processing is found not
performed, step SS97 is skipped.

In step SS98, it is determined whether truncate processing is to be
performed. This truncate processing is provided for monotone specifications.
In the truncate processing, a tone being sounded is muted and a following tone

is started. If a truncate flag VATRUNCATE is set to "1", the decision is YES

and the truncate processing is started. Namely, in step SS99, the signal P for



as long as the occupation tinme does not exceed the one frane tine.
Consequently, it is determned in step SS111 that the conputation of the
-72- predeterm ned nunber of sanples in one frane has ended. Then, in step
SS112, the tone waveformdata stored in the waveform out put buffer WAVEBUF
S passed to the output device (the EC). If it is determined in step
SS114 that one frane time has |apsed béfore the predeternined nunber of
sanpl es has been conputed, then, in step SS115, the nuting processing of
the tone waveformdata in the mavefornloutput buf fer WAVEBUF i s perforned.
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the key code parameter VAKC and the pitch bend parameter stored in the pitch

bend buffer PBBUF is set as a pitch parameter PITCH. In step SS110, based on
the tone control parameters VATONEPAR stored in the buffer VAPARBUF,
physical model computation processing is performed. Every time this
computation processing is performed, the tone waveform data for one sample is
generated. The generated tone waveform data is stored in the waveform output
buffer WAVEBUF.

In step SS111, it is determined whether the waveform computation for
the number of samples calculated in step SS91 has ended. If the computation is
found not ended, control is passed to step SSl 13, in which the time occupied by
computation by the CPU 1 in one frame time or a predetermined time is
checked. If this check indicates that the occupation time does not exceed the
one frame time, next sample computation processing is performed in step
SS110. The processing operations of steps $5110, SS111, SS113, and SS114
are cyclically performed until the predetermined number of samples is obtained
as long as the occupation time does not exceed the one frame time.

Consequently, it is determined in step SS111 that the computation of the



the detected load is relatively heavy such that the rate of the conputation
of the sanples is reduced by 1/n where n denotes an integer number. -73-
The inventive method uses a hardware processor having a software nodul e
used to conpute sanples of a waveformfor generating a nusical tone. The

I nventive method conprises the steps Q?Zyariably providing a trigger signal
at arelatively slowrate to define a frame period between successive
trigger signals, periodically providing a sanpling signal at a relatively
fast aate such thaL a plurality of sanpling signals occur within one frane
period, operating the ar [ [ S ch
Pri goer SneHaeranacd BeplsdtRamER RERDE frds B Bausy, ThERLRENER S 12

i odi | f . I j :
EEL{)SI' ?hsireﬁééig%?foﬁﬁﬁgﬁﬁ%%%?%@ HTRE, Favei? BERRRCOUSLY WAPEBUNS
conput ation i i
geg‘értat ijﬁ@%@@‘fﬁﬁ‘?eﬁfbtitﬁfﬁea?‘?%‘?‘%{?g‘l?ﬁ??fSim peri o accordi ng (o the

etecte oa . I R4 WA
frame period, Iﬁ&@@ﬁ%’r‘@ﬁﬁ%@@%ﬁs ggltltﬁeﬁlsazrrp egrﬁpfrﬁ)o a H%o# esrseglol?lbi Eﬁ

anal og sigg Sreh%ggﬁl\?\}%@(]‘?zlﬁnliﬁr?rgﬁgrﬁ@%@'Ha@?be%h%lﬁh}r)]ﬁ&dt, Resie i stge8e1ase the

musi cal ton 0 build the physical nodel 'sound Source

i n which ' ' f ' ' ed i
T e e T A R e R s Sl o T

wi t hout Wﬁg& UPs \He'tiﬂmﬁéaﬁ NeRB! inndep STIU) elve tdiewarkfonmh datestored ns

such a del ay device h reference to FIG 38. In the physi cal nodel sound

source, §achedQhpdfdthd éutcput Bisfesr WASEBUF gepassetto tRaMulpas daviei (the
register to obtain a predetermined delay amount. A DELAYx 20 shown in FIG

38 is theodmBY)CIf,GHistels SEI0] the kéy-diyflapsV AKBYON ésnfaundnet talseti'i'he RAM
3. The integer part of the defay anount provides the nunber of shift
regi ster isi@gerrmined esrepsSt03 ehethet key-offigiooessing ismmddithe decision i on
at which inputted data is witten and a read
is YES, the key-off processing is performed in step SS104. If the key-off

processing is found not on, control is returned immediately.

According to the invention, the tone generating method uses a hardware
processor in the form of the CPU 1 and a software module in the form of the
sound source module SSM to compute samples of a waveform in response to a
sampling frequency for generating a musical tone according to performance
information. The inventive method comprises the steps of periodically
operating the hardware processor to execute the software module for
successively computing samples of the waveform corresponding to a variable
sampling frequency so as to generate thé musical tone, detecting a load of
computation imposed on the hardware processor during the course of
generating the musical tone, and changing the variable sampling frequency
according to the detected load to adjust a rate of computation of the samples.
Preferably, the step of changing provides a fast sampling frequency when the
detected load is relatively light, and provides a slow sampling frequency when
the detected load is relatively heavy such that the rate of the computation of the

samples is reduced by 1/n where n denotes an integer number.




pointer indicating an address |ocation at which the data is read. The
deci mal -74- fraction of the delay anount provides nultiplication
coefficient d to be set toa nmultiplier MR21 to performinterpol ation
between a pair of the data read at an address location indicated by the
read pointer and the data read at an aglgress |ocation (READ PO NTER-n) n
stages before that read pointer. It should be noted that a nultiplication
coefficient (1 - d) is set to a nultiplier M0 for interpolation. In this
case, a total delay anount of the delay outputs of an adder AD20 in the
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shoul d be noted that the wite pointer and the read pointer are adapted to
equi val e@éi{%’mﬁ@ fd each s@@ipliddr sisRalic petiodicallylexetete thy software moduibe
shift register. Wen the pointers reach the right end of the shift

register fof b_ﬁc@éﬁswayxdmﬁntihg 4 henibef tofesminplesof thier wavefomy vathinhen®EL AYx
20. As described, since the delay tine Iength of the tine equival ent of one

stage of fetghay deteotite actowt afitcarpEation appodedsan dhe tdoftwaregipragessor

frequency FS, the wite pointer is set to wite one sanple of the waveform

data overduring the course of generating the musical tone, varying the frame period
according to the detected load to adjust the number of the samples computed
within one frame period, and converting each of the samples into a
corresponding analog signal in response to each sampling signal to thereby

generate the musical tones.

Meanwhile, in order to build the physical model sound source in which
the sampling frequency is variable, a delay device is required in which the
sampling frequency is variable while a delay time can be set without restriction
from the sampling frequency. The followiﬁg éxplains such a delay device with
reference to FIG. 38. In the physical model sound source, each delay circuit
uses a delay area in the RAM 3 as a shift register to obtain a predetermined
delay amount. A DELAYx 20 shown in FIG. 38 is the delay circuit chstituted
by the delay area allocated in the RAM 3. The integer part of the delay amount
provides the number of shift register stages D between a write pointer
indicating an address location at which inputted data is written and a read

pointer indicating an address location at which the data is read. The decimal



continuous n addresses to nmaintain the delay tinme length of the delay
output -75- even if the sanpling frequency FS is changed to the sanpling
frequency FS2 which is 1/n of FS1. Every tinme one sanple of the waveform
data is generated, the wite pointer is increnented by n addresses. The
read pointer is updated in wunits of n7addresses (n -1) at once to read the
sanpl e del ayed by address skipping. This constitution allows the del ay

out put the one sanple of the generated waveformdata to correspond to the
delay output read fromthe address |ocation before n addresses. Therefore,
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reference to Fi 39. The unit | ay reans al so uses the delay area in the

RAM 3 as mytédithit ﬁ‘i‘ﬂhﬁgﬂieatbeDEbé‘fﬁ@iéﬁt ghovd) isnsdtliG a aultiplicreMii20d fodel ay
means conposed of the delay area allocated in the RAM 3. The unit del ay

anount Ofintdi'béldmﬁﬂs is obtained by the shift register through n stages

bet ween an address | ocation indicated by a wite pointer to which data is
written and afnaHil ese, adoedli delay ndieaitesf thy delaypadtpatsrofean ddden A2 dat a
Is read. As described with the delay circuit shown in FIG 38, one sanple
is wittignhée DBLA YR 2Ebetomes Do+ e vemivalent ) nuiftber effaleday skagesddr ess

di fference between the wite pointer and the read pointer is n addresses.
In this Inahe,equiealenittof timeptke total skelay antount decomessdiet /IR for thee
sanple is witten over n addresses. The read pointer is set such that data
i s read lsumpliteg i frgquency r ESd pdf nther maximiums wflue agwngsside. sempligil d be
noted that the unit del ay neans,
frequencies is FS1, then it is desired to constitute the delay such that the
periodic time of the sampling frequency FS1 basically corresponds to one stage
of the delay circuit. In such a constitution, in order to lower the sampling
frequency to 1/n of the FS1, one sample obtained by the computation may be
written to n continuous stages of the delay circuit at n continuous addresses for
each sample computation. On the other hand, the delay outputs may be read by
updating the read pointer by n addresses. Therefore, in the above-mentioned
constitution, the equivalent value of the number of delay stages (D + d) for
implementing necessary delay time Td is (D + d) = Td times FS1 regardless of
the sampling frequency. It should be noteﬁ that the write pointer and the read
pointer are adapted to equivalently shift in the address direction indicated by
arrow on the shift register. When the pointers reach the right end of the shift
register, the pointers jump to the left end, thus circulating on the DELAYx 20.
As described, since the delay time length of the time equivalent of one
stage of delay is made consfant (1/FS1) regardless of the sampling frequency
FS, the write pointer is set to write one sample of the waveform data over

continuous n addresses to maintain the delay time length of the delay output



by nature, may be constituted only by n stages of delay areas. -76- The

I nventive sound source apparatus has a software nodul e used to conpute
sanpl es of a waveformin response to a sanpling frequency for generating a
nusi cal tone according to performance information. In the inventive
apparatus, a processor device responds7se a variable sanpling frequency to
periodically execute the software nodul e for successively conputing
sanpl es of the waveform so as to generate the nusical tone. A detector
device detects a |l oad of conputation inposed on the processor device
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load is relativety heavy such that “the rate of the conputation of the

sanpl es igif€Yfcehditeddds phely 41 eeewtesread thensample nietbgsd bihaddressessor
device includes a delay device having a nenory for inparting a delay to

the wavefghippinp. deTeisntaestitufionchllost fie delayi oatputotie acesainply ob thbe
performance I nformati on. The del ay device generates a wite pointer for

successi vedperatdd wiyefbamsdatal & dortespandr &sshe ddlayt dwtputead fro dheead
poi nter for successively reading the sanples from adresses of the nenory

t o t her elyddresalscdtivn befarg caddespesidThereforefoadhie alesimgh frastionedelayhe
wite pointer and the read pointer. The delay device is_ responsive to the
fast sampiroghbwerineFIG. 88, datarbefers ohesample forinterpadaion s eead from ane
read pointer by one address for one sanple. Qtherw se, the delay device is
- responsi valdress$ hecationn stagesi (ngaddresses) before thecteadgraintete wite pointer
by one address n tinmes for one sanple and to increnent the read pointer by

n addresses foAlsmédnsamit delaghmeanp poaviceddor afilier and 50 epiartbe plrysical
CODEC 14 is generally . . ]
model sound source, a means generally similar to the above-mentioned delay

circuit is used to prevent the delay time length from being changed even if the
preset sampling frequency is changed. The following explains this unit delay
means with reference to FIG. 39. The unit delay means also uses the delay area
in the RAM 3 as a shift register. A DELAYx 21 shown in FIG. 39 is the unit
delay means composed of the delay area allocated in the RAM 3. The unit
delay amount of this means is obtained by the shift register through n stages
between an address location indicated by a write pointer to which data is
written and an address location indicated by a read pointer from which data is
read.

As described with the delay circuit shown in FIG. 38, one sample is
written into n consecutive addresses (n stages). Therefore, the address
difference between the write pointer and the read pointer is n addresses. In this |
case, the write pointer is set such that the same value of one sample is written
over n addresses. The read f)ointcr is set such that data is read by updating the
read pointer in units of n addresses. It should be noted that the unit delay means,

by nature, may be constituted only by n stages of delay areas.




fixed as described before. If the sanpling frequency of the waveform data
-77- generated by conputation is changed to 1/n, one sanple of the
generated tone waveformdata is repeatedly witten, in units of n pieces,
to the continuous address |locations in the waveform output buffer of the
RAM 3. Consequently, in the present eppodi ment, a series of the waveform
data for one frane is witten into the waveform output buffer WAVEBUF in
t he manner corresponding to the sanpling frequency FS1. The CODEC 14
operates at the sanpling frequency FS1. The CODEC 14 may receive the
contents. of ie ;AR E{)lﬁ%ﬁ %Bhr&'fahﬁéra\m%@ﬁlé':a Woffeatle AlRRIIAE use@digray

perform DA conversion on recelved contents at the sanpling frequency
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t one vvavgl%o m dgt a. B|ence, 'H?e tone control paraneters VATONEPAR of ¥

various phiffhfngicandples of the wavtfuragsonzsits demeratacthe pnmsscdll onsamdl i ng
frequency FS. Am exanple of the arrangement of these paraneters is shown
in FIG ¢Rfectbndebice dutaon! eload TIRERARIA kS jmposed VATENEROBI(EE2CvVaCe t one
control paraneters for piano. VATONEPARK(FS1) and VATONEPARK(FS2) are tone
control dargipether courkerof\deneratin bhuis musiealttone. dvcontiolleardeviceoperdes ng -
voi ce nunbers VATONEPARL t hrough VATONEPARK are a set of paraneters

pr epar ed atesrdingab theretéctgd load fenchanging thevariabie sampbimgArequercityi ng
voi ce nunbers subsequent to VATONEPAR(K+1) provide separate tinbres, and
cor r espoadjust a rate of computation of the samples. %he controller device provides a

fast sampling frequency when the detected load is relatively light, and provides
a slow sampling frequency when the detected load is relatively heavy such that
the rate of the computation of the samples is reduced by 1/n where n denotes an
integer number. The processor device includes a delay device having a
memory for imparting a delay to the waveform to determine a pitch of the
musical tone according to the performance information. The delay device
generates a write pointer for successively writing the samples into addresses of
the memory and a read pointer for successively reading the samples from
adresses of the memory to thereby create the delay corresponding to an address
gap between the write pointer and the fead pointer. The delay device is
responsive to the fast sampling frequency to increment both of the write pointer
and the read pointer by one address for one sample. Otherwise, the delay
device is responsive to the slow sampling frequency to increment the write
pointer by one address n times for one sample and to increment the read pointer
by n addresses for one sample.

- The reproduction sampling ﬁequency of the CODEC 14 is generally

fixed as described before. If the sampling frequency of the waveform data



to one of the sanpling frequency FS1 and the sanpling frequency FS2. -78-
Anot her exanpl e of the arrangenent of the paraneters is shown in FIG 40B.
In this exanple, each piece of the tinbre data for each sanpling frequency
FS that can be set is prepared for the same tone control paraneter
VATONEPARiI . Nanely, for VATONEPARL(FSl547ES2) through VATONEPARN(FS1, FS2),
the paraneters having the sane tinbre for each of the sanpling frequencies
FS1 and FS2 are prepared all in one tone control parameter VATONEPARI . In
this case, the tinbre paraneter corresponding to the sanpling. frequency
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L S SRS S0it pemnen ol gy 3. e 0

and the trgpgoduction sampling frequency of the CODEC 14 is synchronously varied
with the sampling frequency of the waveform data to be generated, the
generated waveform data may be written, a sample by sample, to the waveform
output buffer WAVEBUF in the RAM 3.

In the waveform generation processing shown in FIGS. 34 and 35, the
tone control parameter VATONEPAR adapted to the sampling frequency FSis
read and stored in the buffer VAPARBUF as a parameter to be used for
generating tone waveform data. Hence, the tone control parameters
VATONEPAR of f/arious timbres are stored in a storage means for each
possible sampling frequency FS. An example of the arrangement of these
parameters is shown in FIG. 40A. In this example, VATONEPARI1(FS1) and
VATONEPAR1(FS2) are tone control parameters for piano.
VATONEPARK(FS1) and VATONEPARK(FS2) are tone control parameters
for violin. Thus, the tone control parameters having voice numbers
VATONEPART1 through VATONEPARK are a set of parameters prepared for
each sampling frequency. ’I“he tone control parameters having voice numbers
subsequent to VATONEPAR(K+1) provide separate timbres, and correspond
to one of the sampling frequer:lcy FS1 and the sampling frequency FS2.
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par anet er VATONEPAR stored in the buffer VAPARBUF. Each delay -79-

time length is set as showmn in FIG 38. Then, in step SS121, the

conput ati on

of breath pressure or bow velocity, theg-signal E of enbouchure or bow

pressure, and the tone control paraneter VATONEPAR stored in the buffer

VAPARBUF.  Nanely, the exciter return signal EX INis captured. Then,
on the filter paranmeter FLTPAR corresponding to the operation sanpling
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in the buffer VAPARBUF. l’\lamely, the exciter output signal EX QUT is
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Based on the filter paraneter FLTPAR corresponding to the
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filters

FILTER-R and FILTER-L are al so perforned. Then, the generated
i m rrﬂtﬂ ebutlfer

exciter VATONERARa #0d | theanextractedutparameserl is stgred

outputted. In step SS123, conputation of the tinbre effector as shown in
FIG 25 AP#RBUFed Theetbmen edmralpqazamstersampying thee digise ynembe

and t he

subsequent to VATONEPARm + 1 are the tone control parameters having
independent timbres corresponding to one of the sampling frequency FS1 and
the sampling frequency FS2. Namely, VATONEPARm+1(FS1, *) corresponds
only to the sampling frequency FS1. VATONEPARp(*, FS2) corresponds
only to the sampling frequency FS2. In order to prevent changing of the
sampling frequency from affecting uniqueness of the tone in terms of auditory
sensation, the parameters to be adjusted according to the changed sampling
frequency include the delay parameters of the delay loop section, the filter
coefficients, and the nonlinear characteristics of the nonlinear converter of the
exciter. o

FIG. 36 is a flowchart of the physical model sound source processing to
be performed in step SS110 of the above;mentioned waveform generation
processing. When the physical model sound source processing is started, the
delay length setting processing of each variable delay section is performed in
step SS120 according to the designated pitch frequency, the operation sampling
frequency SAMPFREQ indicating the setting state of each section, and the tone
control parameter VATONEPAR stored in the buffer VAPARBUF. Each delay

processi ng associated with the exciter as shown in FIG 26 is
performed based on the operation sanpling frequency SAMPFREQ the signal

, . e N converter 1 is performed
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par amet er VATONEPAR stored in the buffer VAPARBUF. Nanely, the -80- output
sanple signal OQUT is taken out, and conputations of the envel ope
controller EL, the resonator nodel section RE, and the effector EF are
performed, respectively. Then, the generated final output is outputted as
the tone waveform data TONEQUT. Thi s-v8re waveform data TONEQOUT i s
witten into the wavef orm output buffer WAVEBUF in response to the
sanpling frequency FS as descri bed above. FIG 37 is a flowhart of the
del ay | oop conputation processing perforned in step SS122 of the physical

model  segirheNeASMPIL &t Brshivves é6 HIG.-38. THhenf imsepa$S12hotie compatation onl y
the conputation processing associated with the termnal filter FILTER-R

and the g‘h‘b&ésﬂiihgras%ﬁatemwimmbé)éditams ghrovee $15 F1G. @6 ishperfoiriéhRbasedhd t he
multiplier MJ iS perfornmed in the same manner. \Wen the delay | oop

conput at iy tRe asreration s@mpliapt Adquenopub AMBERESD, the dignal b of dbreath
right-side end i medi ately before the termnal filter FILTER R Iis

per f or negresstan WEsE3@lodibgrthetsignaldipdteanbauchikieprduomipressure; and ke ked
in step SS131. This check is perforned to skip the conputation of the
secti on abnehcemtrobgmrgmieteii & ATGNERARI storedr in thhebuffpr SYARYRBEE: ot al
conput ati on amount. Specifically, there are three conputatiqn skip,

condi t i olNamelyehtiexiter sepurnasigoal EXi BN dseaptured. ikhem hasedomthepfiltest t he
termnal filter FILTER-Ris 0. This condition may, al so be thaj the value O
i s conti mpasamieger dekPRAR dcorrespendingetei ta¢ OPSHRHONFSATHRIRE f HEqyency
predeterm ned tine. Further, the input of the t?,rm' nﬁheiéller FI LTER-R and
the cont SAMPFREQ, ifitasr sampuéatign ok ghet excitgry filter diS PRIIOTRGAi t i on
may al so be satisfied when the final output TQ\IEO.J} i s sufficientl

at t enuat deirthiere contpHation @f the nPBHNSRAT GONYEIHRR  1SPET %"Pﬁ‘i ytthﬁ Illoﬁlé,l.ﬁ%agi gnal
of the termnal filter FILTER-R is not,. substantially changed. .In this
case, theonyiepsion: Characteriskics soarespending & the opetall SFW&%%@%H%BY ately

[ ] | fil FILLTER-R i . .
precedi ngSft\le\/hr’nFln{aEQ. ! Itfe;equire , corr{psutz{iltslgxl{nrgfj tth% nonlinear converter 2 is

performed. Also, computation of portions peripheral to these converters is
performed. Then, the exciter output signal EX OUT is generated and outputted.
In step SS122, computation processing associated with the tube/string
model shown in FIG. 24 is performed based on the operation sampling
frequency SAMPFREQ and the parameter VATONEPAR stored in the buffer
. VAPARBUF. Namely, the exciter output signal EX OUT is captured, and
computation of the junction section is performed based on the junction
parameter JUNCTPAR corresponding to the operation sampling frequency
SAMPFREQ. Further, computation of tﬁe delay loop section is performed.
Based on the filter parameter FLTPAR corresponding to the operation
sampling frequency SAMPFREQ, computations of the terminal filters
FILTER-R and FILTER-L are also performed. Then, the generated exciter
return signal EX IN and the output sample signal OUT are outputted.
In step SS123, computation of the timbre effector as shown in FIG. 25 is
performed based on the operation sampling frequency SAMPFREQ and the
parameter VATONEPAR stored in the buffer VAPARBUF. Namely, the



be the current output value. Further, the i medi ately precedi ng out put
value -81- may be the current output value also in the multiplier M. The
third conputation skip condition is that the multiplication coefficient
TERVER of the nultiplier MJB is zero or nearly zero. In this case, the
conputation is skipped and the right-gpde output is nmade zero. Wen any of
t he above-nenti oned conputation skip conditions that is associated with
the termnal filter FILTER-R has been satisfied, the decisionis nmade YES
in step SS132. Then, in step SS133, processing for passing the output
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found not satistied, conputation tor nultiplying the nmultiplication

coeffici %ahxpiﬁi“%/ﬁ'%gth@nbyqrs Ay deberibed abbBei s performed in step SS138. Wen
t he processi‘ng ep “SS135 or SS138 has been conpl eted, conputation

processing of Hite Bg™ié M Nowdhhay ofotlie rivlay olwop Topgpltationd procedst
SS136, upon which control is returned. Corrpu}t’ati(?n may be ski gped n;ﬁ?gonly

wi t h t he efamdPRPsteptSSi ZDoftidphydiealanodesection demputdiion pfdcessimg. For
t he exci tI%?, whet her Fhe corrputlgc{?o}tl is to be ski ppedp-or notpi S del?grm' ned

by checkiTig fhavehamahowsiinidaai only thecsingaadtiomptdressihg dssoetated iveitled
parameters if the values of the anplitude and the paraneters are nearly
zero. Forthe heriindr filedt ®ILIER R emd fthe omuprplier MEES. edhel opmpudation | er

EL, the resonator nodel section RE, or the effector EF has

' processing of the FILTER-L and the multiplier MU3 is performed in the same
manner. When the delay loop computation processing is started, computation
of the loop up to the right-side end immediately before the terminal filter
FILTER-R is performed in step SS130. Then, the computation skip condition
is checked in step SS131. This check is performed to skip the computation of |
the section of which loop gain is substantially zero, thereby saving the total
computation amount. Specifically, there are three computation skip conditions.
The first computation skip condition is that the output of the terminal filter
FILTER-R is 0. This condition may also be that the value 0 is continuously
outputted from the terminal filter FILTER-R for a predetermined time. Further,
the input of the terminal filter FILTER-R and the contents of the internal delay
register may be checked. This condition may also be satisfied when the final
output TONEOUT is sufficiently attenuated. The second computation skip
condition is that the input signal of the terminal filter FILTER-R is not
substantially changed. In this case, the computation is skipped and the output
value from the immediately preceding terminal filter FILTER-R is assumed to

be the current output value. Further, the immediately preceding output value



been sufficiently attenuated to nearly zero, the conputation for each bl ock
of -82- which output is nearly zero may be skipped to nmake the output val ue
zero. In the second enbodinent described so far, control of changing the
sanpling frequency FS may cause an aliening noise depending on the
nonlinear conversion characteristics_gp_the nonlinear section. This
probl em may be overcone by perform ng over-sanpling on the input side of
the nonlinear conversion and by band-limiting the obtained nonlinear
conversion output by a filter to return the sanpling frequency to the
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nunber of sound channefs 1n the physical” nodel Sound source is one, the

del ay ar eyt waﬁaé?/émn%speﬁaﬁiag' it hegsatisfiett lcandition Ui tserbormbe. phf she al

nodel sound source are cleare and initialized to generate the nusic tone

correspo %hg;mthﬁohhﬂdge@ommn asddciatedewithnties terininal filtehEEOFER R is he
physi cal nodel sound source is plural, the delay area in the RAM 3

cons o I ki1 0 ot ot 5ol ol
initiali 790 TERW igpesortted inustep SSIBT.cWhes thenpliougssingt imestep B33 or
SS137 has been completed, it is determined in step SS134 whether the
computation skip condition associated with the multiplication coefficient
TERMGR is satisfied. If this condition is found satisfied, the decision is YES.
Then, in step SS135, the processing for passing the output value corresponding
to the satisfied condition is performéd. If the condition is found not satisfied,
computation for multiplying the multiplication coefficient TERMGR in the
multiplier MUS8 is performed in step SS138. When the processing of step
SS135 or SS138 has been completed, computation processing of the remaining
delay loop portions is performed in step SS-136, upon which control is returned.
Computation may be skipped not only with the delay loop but also with
the exciter or the timbre effector. For the exciter, whether the computation is to
be skipped or not is determined by checking the signal amplitude of the signal
path and the associated parameters if the values of the amplitude and the
parameters are nearly zcro.l For the timbre effector, when the output of the

envelope controller EL, the resonator model section RE, or the effector EF has

been sufficiently attenuated to nearly zero, the computation for each block of



on is generated. -83- Clearing the delay area in the RAM3 is realized by
witing data "0" to that area, so that the nusic tone generation is
unnaturally delayed by the tine of <clearing. FIG 41 shows a hardware
constitution of a delay circuit that can elimnate the wait tine for
clearing the delay area. As shown in Eg&- 41, the delay circuit is nmade up
of two systens of delay neans. The delay neans of the first delay system
is conposed of a multiplying neans MJ31, a delay neans DELAYa, and a

mul tiplying means MJ32 interconnected in series. The delay neans of the

second dgj, hS t‘ﬁ:&“g ' ﬁeﬁﬂ?%&%m ﬁ@é@kdmeﬂﬁfeﬂéuwﬁw_al@e zEfJ.Yp means

DELAYb, and a yI ng” neans rconnected in “series. Input data
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of both el ay systens are added by an addi ng nea

out put t eqrafRYDFDUHRY! ciadd SUTMghinghAoNe depkyiifie r®arge Mddliriear

provided wth a“nultiplfcation coefficient INGAI Na, the multiplying neans

MJ33 is popvesddnehdradtetiltidsPin ahei aonkeed sedtior. | RN Meoblete may be
mul tiplying nmeans MJ32 is provided with a nultiplication coefficient

QUTGAl Na,ov@'i‘@bﬁlbeb{lulbéﬂf@fmir@ OVRRBA ion phevingad sid¢ rofathemmonllipleacat i on
coefficient OQUTGAI Nb. As shown in FI 41, an input controller is conposed

of the mebnivetsibnantEeybahtidimiting We8sbtadned nenlineht dnversismpoga byfat he
mul tiplying neans MJ32 and MJ34 and the adding nmeans AD31. In FIG 41, the

del ay ci ffiltdrttol retumptiesemphing fréquahearte themroginal sampling frequeney.del ay
circuit is inplenmented by software, namely a delay processing program that
uses the del ajf ar pewi key-oa &adar3.dutieg fthe lcmreng keypbai statet ite the physicah of
the delay circuit shown in FIG 41 with reference to FIGS. 42A and 42B.
FI G 42A modeksamdspurncel showe in FlG 245 processingfon sapnding $he sausiotonet ween
the first and second delay systens in a selective manner. The input data
| NPUT i s doertsppndingitedherng@ekgy-8n isoperfermed. If the sounding is made by
inheriting the music tone corresponding to the preceding key-on, the signals
that circulate inside the physical model, for example, the signals inside the
delay sections such as the tube/string model section may be basically handled
without change. New exciter signals may only be generated according to the
new key-on. If a highly independent music tone is set up without making such
inheritance, or a music tone having a timbre different from that of the
immediately preceding key-on is to be sounded in response to the new key-on,
the delay circuit in the physical model sound source must be initialized or reset
according to the new key-on. In this case, if the number of sound channels in
the physical model sound source is one, the delay area in the RAM 3
constituting all delay circuits on the physical model sound source are cleared
and initialized to generate the music tone corresponding to the new key-on. If
the number of sound channels in the physical model sound source is plural, the
delay area in the RAM 3 constituting the delay circuit for the sound channel
attenuated most is cleared to ‘mute the music tone of that sound channel. Then,
using the initialized delay area, the music tone corresponding to the new key-

on is generated.



del ay nmeans DELAYa or the delay neans DELAYb. Nanely, the above -84-
mentioned i nput controller constitutes the selector 31. The capability of
the selector 31 is inplenmented by setting one of the nmultiplication
coefficient |INGAINa given to the nultiplying nmeans MJ31 and the

mul tiplication coefficient INGAINb gi-88ar to the nmultiplying means MJ33 to
"0" and by setting the other nultiplication coefficient to "1". The del ay
out put data OUTPUT is outputted fromone of the delay means DELAYa and the
del ay means DELAYb. Nanely, the above-nentioned m xer constitutes a

sel ector 32. (hariggPe délay fbatilehe RAM P isSebalizet ) aritingdaby "9etbdi ng
one of the nultiplication Toefficient OUTGAI Na given to the nultiplying
nmeans MJ3Bat #Rd, s6ehdtithe irﬂﬁéi@%h@geﬁeﬁftfdrpi_sﬁmna@fﬁﬂsd ddlaged &y the timhe of

mul tiplying neahns MJ34 to "0" and by setting the other nultiplication

coef fici glf¢aifg. IFIGTHE shows iaphasbvaencemstitutioneof al delalNeirewid thinecan

mul tiplication coefficient OUTGAINa are controlled to be equal to each

ot her. Thairiitdte phé eadit tie ¢oréledacingnthel délay MreandAsishovn in HIG: &li, she
coefficient OQUTGAINb are controlled to be equal to each other. Del ay
anount s [eYay eirduidi¥imadeopofitwe dysterhs ofidetdyemeans.aThegledaly mesins of shes ar e
set to the delay neans DELAYa and the del ay neans DELAYb, respectively.
The fol | divstgettessystoasis compoaed afhe nupléipdyingnmeans MU, delaycmeass

shown in FIG 42A. A nultiplication coefficient INPUTa and a nultiplication
coef fi ci ELANRLARd araultiplying meansAMUB2 intereennasted ve series.ediel b and
a nultiplication coefficient OQUTPUTh are set to "0". In this cage, the

i nput  daneans\pf the secoad dglay Rystem iszampased of @ rultiplyingmgans MUAYaa and
is delayed by a tinme _corresponding to a delay anount DLYa set by the del ay
means DEldetay mhensidDELA ¥putangheamutiplyipg: meansi MYB4 udewonsectesd i
ul Ui pl | ericsn Inpubasiaanga | Npumatéstan badh s frssiandisecondelny sustems.
UTPUT ar’I‘hee SoeuttpL% ';)%"both of the delay systems are added by an adding means
AD31,and outputted as delay output data OUTPUT. The multiplying means
MU31 is provided with a multiplication coefficient INGAINa, the multiplying
means MU33 is provided with a multiplication coefficient INGAIND, the
multiplying means MU32 is provided with a multiplication coefficient
OUTGAINa, and the rﬁultiplying means MU34 is provided with a
multiplication coefficient OUTGAINb. As shown in FIG. 41, an input
controller is composed of the multiplying means MU31 and MU32. A mixer
(MIX) is composed of the multiplying means MU32 and MU34 and the adding
means AD31. In FIG. 41, the delay circuit is répresented in hardware approach.
Actually, the delay circuit is implemented by software, namely a deiay
processing program that uses the delay area in the RAM 3.
The following explains the operation of the delay circuit shown in FIG.
41 with reference to FIGS. 42A and 42B. FIG. 42A shows an equivalent circuit
for controlling the selection‘betw_een the first and second delay systems in a

selective manner. The input data INPUT is led by a selector (SEL) 31 to the
delay means DELAYa or the delay means DELAYb. Namely, the above-



and the nultiplication coefficient INPUTb and the nultiplication
coefficient -85- QUTPUTh are set to "1", the input data INPUT is |led by the
selector 31 to the delay nmeans DELAYb and is delayed by a tine
corresponding to a delay anount DLYb set by the delay nmeans DELAYb. The
del ayed input data is outputted via tBé-sel ector 32 as output data OUTPUT
del ayed by the predetermned tine. The first delay system and the second
del ay system can be switched to each other n a toggle manner. Therefore,
if the first delay systemis in use for exanple when_a new key-on occurs,
t he nul t imeéndenedrnpoetontioler cosstisygas tthe seteator gili. c Aheoeapabakify of dhe
I NPUTa and the nultiplication coefficient OUTPUTa in the first delay
system i sebdciag&d fis amplemented dy. setinghencaak the jmultiplheatian wogffieienit on
coefficient between the nultiplication coefficient |NPUTh and the |
mul ti pl i INGAINsogiveri entthourmliiplyingt meansc Mb3deangd thy smadtiphcatiomged
from"0" to "1". These changing operations allow the use of fhe delay
means DElcaefficient lENGAIN gieemytosther Braltiphiag means MAA3S tpo"0'gandrbye t he
musi ¢ tone corresponding tq {.he new key-on. Bquq,se he I tidol i ¢a ion
coeffici sstting theeotharsmujtipligatign  eogtiicienatRed 't o The delay putput;data
witten to the de|]ay neans LAYa of .the first del y min . one, period
of nusi OUIRUT; ﬁe@@mut@deggmgm@h@% the mmsméfaaen@itﬁetﬁ@ax hown
in FIG 42Ais presented in hardware approgch. \Wen t. above- ) oned
del ay corBgs Dﬁp‘éﬁb PN@@% tE‘S Fé‘?enﬁﬁgeaéﬁlw SPQS%Q&S%E sg@cﬂ(grgii.n ot
be provided on the.inp side,and t out pu si de; The erations
equi val enkN§ & é]étYsé?LiIeél?%rS@‘i‘gﬂr bﬁf per Pg‘Pﬁr@BeB&d A éggt?qg'gorée 19 dhfe| ay
area in the M 3. ever i.me = CUrL.S. n . - 124h he
el ay mednaltgpieaion epLiaSE: CRYTEMARERen 03k ARSI BARE 3207 |
set shifts t he,del.ay..l engt k.. use . [ ' y the
rerory. s e BBl iof AL iERT CIRTCADYY dibn 1 by oRRHtGing frtant
MU34 to "0" and by setting the other multiplication coefficient to "1". The
multiplication coefficient INGAINa and the multiplication coefficient
OUTGAINa are controlled to be equal to each other. The multiplication
coefficient INGAINb and the multiplication coefficient OUTGAIND are
controlled to be equal to each other. Delay amounts DLYa and DLYD
according to the pitches of assigned music tones are set to the delay means
DELAYa and the delay means DELAYD, respectively.

The following describes in detail the operation of the delay circuits
shown in FIG. 42A. A multiplication coefficient INPUTa and a multiplication
coefficient OUTPUTa are set to "1". A mﬁltip]ication coefficient INPUTb and
a multiplication coefficient OUTPUTD are set to "0". In this case, the input
data INPUT is led by the selector 31 to the delay means DELAYa and is
delayed by a time corresponding to a delay amount DLYa set by the delay
means DELAYa. The delay input data is outputted via the selector 32 as output

- data OUTPUT delayed by the predetermined time. If the multiplication
coefficient INPUTa and the multiplication coefficient OUTPUTa are set to "0"

and the multiplication coefficient INPUTb and the multiplication coefficient




data "0" to be cleared. The nenory area may be kept in the wait state until
the -86- sane is allocated with key-on to be generated next. Preferably, a
flag is set on this nenory area indicating that this area is free.

Further, when new key-on occurs, the delay systemrel eased by truncate
processing may be cleared when the |ogg-of the CPU is not heavy. The del ay
circuit shown in FIG 42B is obtained by replacing the selector 32 of the
delay circuit shown in FIG 42A by a mxer (MX) 34. The delay circuit of
FIG 42B can performthe sane delay control as that of the delay <circuit

shown in ggllrﬁglﬁzl‘?‘:a{é Ref iF " f€! iy Slglpggygfra @‘QPWT isnle'a'@]t%&lekgfr W%P t6¥he

systens € switched by t’he and, at e sane

Msz i Eigﬁkaf AR REECAYD BILHS Wty %;&g@{fe@r&b@m% delay or s
N0 ot AUy, DEYS isph Ojth REldY Hfand DEIGAIHOIRE JelapeAtaBH daplis ° be
made frogspg@tﬁt%ael%fa theNgeletGiNFNes- du@%ﬁtheda@@' @XJTP[HUidelﬁsl@&ﬂb'ZntlFé G

41, the | ay system and the second delay system are al wayS operat ed
i n paral ?%déyehhiﬁg@timg.ti plication coefficients | NGAI Na and | NGAI Nb bot h
set to "1" and, every tine key-on occurs, a delay anount DLY is set to the

del ay system qﬁﬁeﬁréthfélayfssrsf@hamd ﬂwﬁmn@saélgzqysmntm be seddiing tey- on

to provide the pitch correSponding to the new key-on. For exanple, if the

first deleayho¥héema ogadsinsmatbr CThérefbres if theefirirdelay dgbieyn dsriunse Bbiyb
corresponding to the pressing key pitch is set to the delay neans DELAYb

of the seggﬂ%}gwm a\fevekeyAin bbeusattes tultiplication wokffipient between the
coefficient GAI Na of the first delay systemis gradually changed from

"1" to "@iuleiplidabiontutoefficient i ANRIGEA f i anicentheOUTaMltifidasionyr adetfidignt
changed from"0" to "1". Wen the first delay system and the second del ay
syst em aQUTPIETe ingheffirse detay spsterdis changtd fpmntdino '63".t Ad thetsame dat a
time, the multiplication coefficient between the multiplication coefficient
INPUTD and the multiplication coefficient OUTPUTD in the second delay
system is changed from "0" to "1". These changing operations allow the use of
the delay means DELAYD in the second delay system. Thus, it is ready to
generate the music tone corresponding to the new key-on. Because the
multiplication coefficient in the first delay system is changed to "0", data "0" is
written to the delay means DELAYa of the first delay system in one period of
music tone, thereby clearing this delay means.
The delay circuit shown in FIG. 42A is represented in hardware
approach. When the above-mentioned deléy control is performed by software,
the selectors 31 and 32 need not be provided on the input side and the output
side. The operations equivalent to these selectors can be performed by
allocating a free delay area in the RAM 3 every time key-on occurs. When new
key-on occurs, the delay means of the delay system to which multiplication
coefficient "0" is set shifts by the delay length used so far by the write pointer

(or by the memory area allocated to the delay concerned) and is written with

data "0" to be cleared. The memory area may be kept in the wait state until the



OQUTPUT out putted fromthe addi ng means AD31 substantially changes from -87-
the delay anbunt DLYa to the delay anmount DLYb snoothly. Nanely,

portanento can be adchieved. Further, a nusic tone of which pitch changes
at any pitch curve may be obtai ned by perform ng cross-fade control on the
first delay systemand the second delgg-systemalternately and repeatedly,
and by changing arbitrarily, every tine cross-fade control is perforned,
the delay anpount DLY set to the delay neans of the delay system of which
mul tiplication coefficient gradually changes to "1". Moreover, the first

del ay syShei0 dfldciifed MAAPREY 4 @VbE SEheritad heteePraferaliyas fhig fkidion

corresponding to erent sanpling~frequencies, and thé del anount s of

these de!tl?ilﬁé.rﬁ'bhﬁﬁkta%eﬁriﬁdi@a‘ﬂﬁlg gftitahid arerihfrebheFurtiRes ivigen net k@ﬁbirﬁum of

the multiplication coefficient INGAINa and the nultiplication coetficient

| NGAI Nb a He kP bi [ fthe el | Na
and the S E B el e D PL SRS hie #05 B¢ Scpied Gt

mul tipli gd | 6PeHd CPIEM nbsheadny.rol l ed appropriately. This mxes tinbres
based on different sanpling frequencies, thereby generating a nusic tone

having a new tihgdday Circuitshoivemén FiGpU2Bid@bihined by roplicipgttheiselddier
physi cal nodel sound source becones snmall, shift fromthe preceding key-on

to the cgorehth&delgncirenitsdliown tin FIe. 42Aaby sy atizer SMIX)gM.he"I‘hé detay
sanpling frequency. Wien the shift has been conpleted, the delay system of
whi ch assirgoniceof Ri6s 42@rcanl perferdncthe semesdélgpesbntmolt ase thathef thizidalay
circuit. The above-nentioned delay circuits are inplenmented by software by
usi ng t heirdaitashawnrdn E€i. 42At Ha themdaytirenit shewneamakl1Gaf 21, ithe delat ed
in FIG 43. As shown in the figure, a predetermned area in the RAM 3 is
assi gnedsystemsheanideagwitched bphihe seleatora32anids atiithe samei ime, £rpssrfade ty of
delay areas to provide unit delay areas (DELAYla, DELAY1b,. ..
DELAYA9, confrobganhe) pefformedrintwhighi thg ipkicatjomeaefficivniss@ URGAING ay
areas are allocated to the . L.

and OUTGAIND set, respectively, to the multipliers MU32 and MU34

constituting the mixer 34 are gradually switched from "1" to "0" or from "0" to

"1". Within one music tone period, gradual shift can be made from one music

tone to another.

In the delay circuit shown in FIG. 41, the first delay system and the
second delay system are always operated in parallel with the multiplication
coefficients INGAINa and INGAIND both set to "1" and, every time key-on
occurs, a delay amount DLY is set to the delay system other than the delay
system assigned to the preceding key-on to provide the pitch corresponding to
the new key-on. For example, if the first delay system is assigned to the last
key-on, a delay amount DLYb corresponding to the pressing key pitch is set to
the delay means DELAYD of the second delay system. At the same time, the
multiplication coefficient OUTGAINa of the first delay system is gradually
changed from "1" to "0" and the multiplication coefficient OUTGAIND is
gradually changed from "0" to "1". When the first delay system and the second
delay system are thus cross-fade controlled, the delay amount of the output data

OUTPUT outputted from the adding means AD31 substantially changes from



del ay neans (DELAY1, ..., DELAYn). A flag area nmay be provided for each of
-88- these unit delay areas. A free flag may be set to this flag area,
indicating that the unit delay area is not used as a delay neans and hence
free. The follow ng explains the allocation of the delay area for

i mpl enenting the delay circuit shown-BA-FIG 41 with reference to FIG 43.
It should be noted that the physical nodel sound source has first del ay
circuit through the n-th delay circuit. By the preceding key-on, the unit
del ay area DELAYa has been allocated to the delay neans of the first delay

syst em ofthé hdelhiy" ainoi@it aPICY4 el the [HElAY larhouneXaIYte snavothiye Hednpelyanount

of the unit delay area DELAYla is set to delay anount DLYi according to
the pitclhorcanentdt esh be tadchivvedpr Behiena megicotoneroff which pitghtdhangesaedi ng
key-on, the unit delay area DELAY9 has been allocated to the del ay neans
of the fiangtpiteh aursy signbefobtiimedrby perfermyingicross-fadiEtaéiirol on thedist e,
and the delay anount of the unit delay area DELAY9 is set to del ay anount
DLYi accaletaygystent laadpihecsecanslodelayesystevnt dlternately eetirepeatedlypandNext
when the current key-on occurs, the unit delay area DELAYlb is allocated
to the dehapgimmrsbitratilye everyndmiecrgsssimiceaontrol e penfermed) ghe clelayi t
DELAY1 for exanple, and the delay anount of the unit delay area DELAYla is
set to demgyunrindlY seitekhedetayimegns of the dplaycsystemiafevbioh multipkgation By
the current key-on, the unit delay area DELAYn is allocated to the del ay
means DEbafficient gredealty changesto £1'5t Meoventhetfirssleday system and ghe
exanpl e, and the delay anmnount of the unit del.ay area DEhAYn S sf?t to

del ay -anseeonddelayasysiem aie tusednas glalay cizawts sostesponding docdifergnt

key-on. This can performthe peration of the delay, circuit,shown in FIG
41, The samplingi{iesmenstsm and theclelay w%t@s&\eﬁﬁﬁeﬁ% CHIGPS AIF %@@
sound source_has a, single sound channel. FIG .44 sho t.he.al |l ocati.on, of
the del #1ualda ash PHTe lqdi‘é, aile syme of dhe (m éIPJIWéObeQ&L!%EFHHde

sound INGAINa and the multiplication coefficient INGAINb becomes "1" and a sum
of the multiplication coefficient OUTGAINa and the multiplication coefficient
OUTGAINb becomes "1", each multiplication coefficient is controlled
appropriately. This mixes timbres based on different sampling frequencies,
thereby generating a music tone having a new timbre. If the signal amplitude of
a branch path in the physical model sound source becomes small, shift from the
preceding key-on to the current key-on may shift to the delay system having the
lower sampling frequency. When the shift has been completed, the delay
system of which assignment has been cleared can be assigned to the other delay
circuit. o
The above-mentioned delay circuits are implemented by software by
using the delay areas set in the RAM 3. This is schematically illustrated in FIG.
43. As shown in the figure, a predetermined area in the RAM 3 is assigned to
the delay area. This delay area is divided into a plurality of delay areas to
provide unit delay areas (DELAY_la, DELAY1b, ..., DELAYAO, ..., DELAYn)
for constituting the delay means. These unit delay areas are allocated to the

delay means (DELAY]1, ..., DELAYn). A flag area may be provided for each of



source has a plurality of sound channels. The foll ow ng explains the
operation -89- of this constitution. Wien the unit delay area DELAYla has
been allocated to the delay neans of the first delay systemin the del ay
circuit DELAY1 of the first channel for exanple by the precedi ng key-on,
the del ay amount of the unit delay ar@88-DELAYla is set to del ay anount
DLYp according to the pitch of the preceding key-on allocated to the first
sound channel . Then, when the current key-on occurs and the unit del ay
area DELAY1b is allocated to the delay neans of the second delay systemin

the del ayhese aHittdddayAYda9l A ﬂ%efﬁlzﬁfm@obe@et ehangdlad aresindivating firatdel ay

anmpunt of the unit delay area DELAYla i's set to delay anount DLY(Q

accor di nght niif@eRiytr6ads noe ustdds W ddlay hgeay arbhehey fr@e. al l ocated to the
first sound channel. If the unit delay area DELAY9 has been allocated to

the del ay nearfhefollbwing esplains the siotation of tiedelalyayrea forimplerhEhtiyy of
t he second sound channel for exanple by the precedi ng key-on, the delay

amount  ofthé lelayncircoitishywar AeFIELAY Yitls refeteriae totld (Gled hyltashouwdd bebloted
according to the pitch associated with the preceding key-on. Then, if the
unit del ahantien phgkidh medel samuad sduree hhe fost dglayeaircubEhayngbfthe eth
second del ay system of the second sound channel for exanple by the current
key-on, tdetayleirepitanByrthe girecedingrkey-oa) the undalebey axen DEIsAYa bas heenlel ay
amount DLYq according to the pitch associated with the current key-on. This
ar r angematlocatéd s tha delay oreans afhthediiest atelay spstennef dhe dirstdelayi ¢iremidwn i n
FIG 41 if the physical nodel sound source has a plurality of sound
channel s DELAAYhdor examples and shedekycamonat of dha anit delayarea ddEbA ¥ilaa t o
be allocated to each delay circuit may be previousl detern%aed,in E fixed
manner . ifl sadr tatdalay yamonat PLodaarceerding tb@rpﬁeﬂe@swwé cwith, the
checking, every tinme key-on occurs, the é&gg flag set to thedf It del ay
area. As precedingedesne, Furthernbynthe dreeedinge key=2m, nthendimb Hrga
h havi f I
e 8 ae B S Scried e TR bals F (O eSS s580h B8 %

n-th delay circuit DELAYn for example, and the delay amount of the unit delay

area DELAYD is set to delay amount DLYi according to the pitch associated

with the preceding key-on.

Next, when the current key-on occurs, the unit delay area DELAY1b is

allocated to the delay means of the second delay system of the first delay circuit

DELAY1 for example, and the delay amount of the unit delay area DELAY1a

is set to delay amount DLYk according to the pitch of the current key-on. By

the current key-on, the unit delay area DELAYn is allocated to the delay means

DELAYn of the second delay system of the nth delay circuit for example, and

the delay amount of the unit delay area DELAYn is set to delay amount DLYk

according to the pitch associated with the current key-on. This can perform the

operation of the delay circuit shown in FIG. 41.

The constitution shown in FIG. 43 indicates that the physical model
sound source has a single sound channel. FIG. 44 shows the allocation of the
delay area for implementing the delay circuit when the physical model sound

source has a plurality of sound channels. The following explains the operation



waveform for generating a nusical tone. The inventive nethod conprises the
-90- steps of periodically providing a trigger signal at a relatively slow
rate to define a frame period between successive trigger signals,
periodically providing a sanpling signal at a relatively fast rate such
that a plurality of sanpling signals -86eur within one frame period,
operating the hardware processor resettable in response to a trigger
signal and operable in response to each sanpling signal to periodically
execute the software nodul e for successively conputing a nunber of sanples

of the wefehpy sandtithtiono W Henatie urfindekgrveatDE{LA¥h hok Hdea alksuaptdsoi nt o
a correspondi ng anal og signal in response to each sanpling signal to

thereby gheeled e mdmsoiilrafirstahelay shstemntinghefdedpy catduiig DEICAYdesf di¢ ayi ng
step using a pair of nenory regions for inparting a delay to the waveform

to det effirshehanneltfoh eahntple byuheqatceding lycondthrgdelay tameoyet éforheantie

I nformation. The delay step successively wites the sanples of the

wavef or mdelayarcarDEILAY 1atisset fondelagauine@sstad] &p aceording be theepitcly of ¢l ons,
and successively reads the sanples from adresses of the sanme nenory region
to t her elprecediagekayronddlanated Tthéhel Eirstysmimshbcharspedndeheh evhem thdrantieat e
processor is reset so that said one nusical tone is switched to another
nusi cal tkeyeori occarscabtiovaniy detay aneg DEEAY dbis eoedtedite thedelayrmeans sai d
anot her nucical tone into addresses of the other_nenory regigon and
successi ofl ther seadindgdelay spstpmedn fthe delay exisast BELAeY 1 pfnthenfinsl sourd)i on
to there%ﬁcreate the delay while clearing the gne neno regjon to
prepar e naek foriaxamples theadelay aanounisef theamitdelpyares & e i@ ound
source that practices_the second preferred enbodigent. of the inyention on
a per sondlelappamaunt DLY q aecording e dhe @E’e@ﬁsoﬁ’fﬁt%d otindhe surreBt X6y s e

For oxamplocamarbiadbe Bystsoi chnandoudhs it delest 41iar BELAYD BAS has e
T e A loohiad e hecmt Gymeans of he Hiftd ddlay "Gt ANGE IRy EI&AD ©

DELAYn of the second sound channel for example by the preceding key-on,

the delay amount of the unit delay area DELAYY is set to the delay amount

DLYp according to the pitch associated with the preceding key-on. Then, if the

unit delay area DELAYn is allocated to the delay means DELAYn of the

second delay system of the- second sound channel for example by the current

key-on, the delay amount of the unit delay area DELAYn is set to the delay

- amount DLY(q according to the pitch associated with the current key-on. This

arrangement allows execution of the operation of the delay circuit shown in

FIG. 41 if the physical model sound source has a plurality of sound channels.

In the constitutions of FIGS. 43 and 44, the unit delay area to be allocated to

each delay circuit may be previously determined in a fixed manner.

Alternatively, the allocation may be performed dynamically by checking, every

time key-on occurs, the free flag set to the unit delay area.
As described above, ‘the inventive tone generating method uses a
hardware processor having a software module used to compute samples of a

waveform for generating a musical tone. ,The inventive method comprises the



-91- The sound source software or the capabilities thereof may be

I ncorporated in another software program such as amusenent software,

kar aoke software, or automatic play and acconpani ment software. Also this
software may be directly incorporated in the operation system GS. The
software according to the present inveswi-on can be supplied in a machine-
readabl e di sk nmedia such as a floppy disk, a nagneto-optical disk, and a
CD- ROMor a nmenory card. Further, the software may be added by neans of a
sem conductor nenory chip (typically ROM which is inserted in a conputer

it. At : Hdi i i ' ] t
uni s@%}gf/‘bg E@hbdléaﬂgf u?l?éﬁ@lr%%'fﬁ aNipnal & arsiegvélyadow fabe tddefingsen

I nvention distri t hrough"the network I/F 11. The above

descri ptipfrdige RAsed ¥Reb dirdceSsivbaraperi sighhls) peiicdicalty sroeidingmaut er
for exanple. Application to anusenent equi pnent such as gane and kar aoke,

el ectr Onis%nip‘llilh% Bitial a@'ﬁ%ﬁﬁ_{\%l?!faﬂ%t@ﬁ@clﬁtlmtar[blmélit}e@lﬂéampﬁh isbgrdl§ 0
practical. I'n addition, application to a sound source board and a sound

sour ce urddcuirSwithtt bhedramdgezivdropexpihg ¢ht ilindivare psocesdos eegeteabledg hi ne
based on software processing using dedicated MPU (DS) is practical. In

this caseespbnseito atdggessignat apdopeyablt inhespoiisei to dachrsampléng aigral ng
frequency can be raised, thereby nultiplying the sanpling frequency by n
when hi glerivdicaHy @xeoatethersofomarpumoidsle fopsucedssikalyt bemputingra aumberal i ty
of sound channels are used on the sound source, variable control on the
sanpl i ng off semplescyfahd wivpfarantwithiwnehfraoeypanditdonvepong ieacht bfithean be
ski pped in the conputation algorithmmay be performed according to the
nunber ofsanuplesirtcsa bermegpendingaahalog signal inaesponsier toezasht Sagaphpng Aignal

frequencies may be set to different performance parts or M D channels.

Still furtbtherebngenerate e musicalitonesi dhesteprohoperating inglndes delayingncy

of the CODEC is fixed. It will be apparent that this sanaking frequency is

vari abl e.stapassagrpl paig of imeqosy ¢ggionsHeddmpartiag a dplay; psthe wayetora to

processi nctlg circuit for matching the ) . .

etermine a pitch of the musical tone according to the performance information.

The delay step successively writes the samples of the waveform of one mucical
tone into addresses of one of the memory regions, and successively reads the
samples from adresses of the same memory region to thereby create the delay.
The delay step responds when the hardware processor is reset so that said one
musical tone is switched to another musical tone for successively writing the
samples of the waveform of said another mucical tone into addresses of the
other memory region and successively reading the samples from adresses of the
same memory region to thereby create the delay while clearing the one memory
region to prepare for a further musical tone.

Described so far is the software sound source that practices the second
preferred embodiment of the invention on a personal computer. In the
computer system, this sound source software can be handled as either
application software or device drive software, for example. The way by which
the sound source software is to be handled may be appropriately determined

according to the system configuration or the operation system OS used.



-92- -sanmpling frequenci es between the waveform out put buffer WAVEBUF and
the CODEC (DAC) by typically oversanpling, downsanpling, or data
i nterpol ati on. The present invention is applicable to a software sound
source in which the CPU operates in synchronization with the sanpling
frequency to periodically execute the93doftware nodule for successively
conputing waveform sanples. For exanple, the CPU conducts an interrupt for
conputing one sanple at a period of 1/(n x fs) where n denotes a nunber of
tones and fs denotes a sanpling frequency. Further, the invention is
appl i cabl e t o Bhe hsoumdr sosmendscfowane osi thy acapabilitins p thereof denay obeeduce
| oad of ALU and in order to use resources of LSl chip for other tasks than
t one gendnabipmratetls ideanotherd safivarec pragragn t suehh eagpraspusement ssaffware, musi ¢
tone waveform generating bl ocks indicated by a preset algorithmare
assi gned kavaokeIseftveates onraiitomaticeplay and ageempastmeant seftveare. wAlssr Hrim
generating bl ocks are conbined by the algorithm and nusic tone waveform
gener at i isgpftveanepmay i dircqtlyr fineorporatedgemhgt eparaiion systemas. or khaat a.
Consequently, the nunmber of nusic waveform generating bi_o&ks for the sound
channel s soffvare aeepnding i toy then pregeat HBVEPHOBoEHY D§gSRRRIGA HBne 1NacC .
This novel constitutioqn allows, accordjng to the capacity,.of a S/
wavef or mrgadableqgdiskrmedigsuainas 2 KlopRy lg(,amm?ﬁm%ﬁmop&caﬁ Hjéglf’oadlfi%tgﬁé of
the nusi c_waveform data generati ans .and the quali,t f the nusjic
wavef or mR@M arca B@en@éﬁ&aé‘geoﬁurfﬁéf’ gﬁ%is@fﬁ"ﬁi‘f@ Ay %Pﬂfiégﬂgf MG ‘Eﬁ Bcks
I ndi cated by, an .al gorithm set, cardj.n he .tinbre o he nusic fone
are assi éﬁ@ﬂcﬂﬁdﬂﬁ%fﬁpwr&ﬁ!iﬁ lcﬁhﬁﬁ?ﬂ@&ﬁ “%d%hé%éﬁl ASH H&i ORBHEeT
wavef orm generati ng bl acks,are copbi ned by the al garithm erfor sic
t one wavéfBbm &eﬁ%ﬁ%ﬁw » dBFAuld SRUES ﬁgi{t“f%eﬁg%ﬁtégtwgﬁnﬁﬁ @??%%?gu
wavet or mig%l?t'ion may be distributed through the network I/F 11.
The above description has been made by using the application on a
personal computer for example. Application to amusement equipment such as
game and karaoke, electronic equipment, and general-purpose electrical
equipment is also practical. In addition, application to a sound source board
and a sound source unit is practical. Moreover, application to a sound source
machine based on software processing using dedicated MPU (DS) is practical.
In this case, if the processing capacity of the MPU is high, the sampling
frequency can be raised, thereby multiplying the sampling frequency by n when
high-precision waveform output is required. Further, when a plurality of sound
channels are used on the sound source, variable control on the sampling
frequency and skip control on the computation portion that can be skipped in
the computation algorithm may be performed according to the number of
channels being sounded. In this case, different sampling frequencies may be
set to different performance parts or MIDI channels. Still further, in the
above-mentioned embodiment, the sampling frequency of the CODEC is fixed.
It will be apparent that this sampling frequency is variable. The sampling

frequency is made variable by inserting the processing circuit for matching the



-93- Preferably, in setting tinbres by a tinbre setting neans, if the
nunmber of music tone waveform generating blocks is set to a perfornance
part concerned by a neans for setting nunber of blocks, the tinbre set to
that performance part 1is changed to a tinbre defined by nusic tone

wavef orm generating bl ocks wthin thadB2aunber of bl ocks. This novel
constitution further enhances the above-nentioned effect. Preferably,
during the music tone waveform generating conmputation in the sound
channel , the nunber of nusic tone waveform generating bl ocks assigned to

t hat SOU@dn@B?ﬁieqh&ncim@mﬂ'eambe sangformaupetieferWAY EBbdand ohe
Consequently, during sounding, the |load state of the nusic tone waveform

data gen€€@DEG nEAC)antlyt hgpicely t pvefsarhplingsi dowensainplingiat ar t aatbe
generated may be changed flexibly according to the capacity of that mnusic
t one waveéfiterpolptivar.at i ng means. Further, according to the present
invention, in a conputer equipnment which often executes a plurality of

t asks such as Fe present asesntpmisiapglioablk tocosofiwarasownd sauragdin whinch o
musi ¢ performance, occurrence of troubles such ~as an interrupted nusic
tone canthe (Rlicepewttes imesymthiopization withocthee gampling efregyracyoto
associ ated W th nusic performance during processing of the software sound
source. Iperidieallywoedecuigorther sofwarn Bwdulele fORKSICCESFIVEYY CREIRUHIL i on
of sound source processing. Since the 8resent i nvention is constitufed as
descri beavaxsfosm mplep‘h&%r@m@mmgdthes RlGeondusds anapteriptios SORRULIRG N be

|t o1  up NG amblE AL Perioshef IR TOHEDEEPD SIRIET & MURDEROFIQRE 38l i ng

[requency Lige, Lhe el el ing KLRkenhl SR Spt K uab R ek o

Sound g ard BuRd s eing B3 8 cRlp S I red i 1330 AP S5F1E"Y-
order to use resources of LSI chip for other tasks than tone generation.

As described and according to the present invention, music tone
waveform generating blocks indicated by a preset algorithm are assigned to
selected sound channels, the assigned music tone waveform generating blocks
are combined by the algorithm, and music tone waveform generating
computation is performed to generate music tone waveform data.
Consequently, the number of music waveform generating blocks for the sound
channels may be arbitrarily changed before sounding assignment is made. This
novel constitution allows, according to the capacity of a music waveform data
generating means, flexible adjustment of tﬁe lbad state of the music waveform
data generating means and the quality of the music waveform data to be
generated.

The music tone waveform generating blocks indicated by an algorithm
set according to the timbre of the music tone are assigned to the selected sound
channels. The assigned music tone waveform generating blocks are combined

by the algorithm to perform music tone waveform generating computation so as

to generate the music tone waveform data.



-94- |f a particular condition is satisfied, correspondi ng conmputati onal
operations are skipped, so that efficient conputation can be perforned,
thereby preventing the CPU |oad fromgetting extrenely high. Consequently,
the tone waveform data can be generated that prevents the sounding of a
music tone frombeing interrupted. FugBher, the efficient conmputation
allows the use of the higher sanpling frequency than the conventi onal
sanpling frequency, resulting in high-precision tone waveformdata. Wile
the preferred enbodi nents of the present invention have been described

usi ng speci fi @réfiraBly, 30 CBtHAS Ambires OY d fnibre seltins nicnsy ¢f thermafBer 80! V.
and it is to be understood that changés and variations nay be made w t hout

depar ti ngnddienbhd evapforn genetsing bdbckis sppeadsstfohaanse patronbietie SHEET
HAS BEEN REPLACED What is clainmed is: 1 A sound source apparatus having

oper ati obyhd pelans fonpesiag mimbepbf blycks, tieednibre sentwitiat peyRirataike part
generating a plurality of nusical tones through a plurality of channels

accor di n§s ichapged awomandimbrefdeficdd by, nuséc tepeavaveforappenesitingy Hoslkd ti ng
device for setting an al gorithm which determ nes a system conposed of
sel ect i vevithiastinft nimbepefablocksbl Thissneyesl eonstitudidny furdher ealaneés theeach
other to conmpute a waveform specific to one of the nusical tones; a
desi gnat abhgvelanentioned pffestve to the performance i nformation for
desi gnating one of the channels to be used for generating said one nusical
tone; and a Qeeferablyygluding the frursialtone ataveformegengratingeompetasianoin
bl ocks to said one channel and for systematically executing the allocated
sel ect i vthepenati channglodhe nwpbeniofigmusie tenewavelionm gengrating bdogks e t he
waveformto thereby ' . . : .
assigned to ‘that sound channel is changed according to a predetermined
condition. Consequently, during sounding, the load state of the music tone
waveform data generating means and the quality of the music waveform data to
be generated may be changed flexibly according to the capacity of that music
tone waveform generating means. |
Further, according to the present invention, in a computer equipment
which often executes a plurality of tasks such as word processing and network
communication in addition to music performance, occurrence of troubles such
as an interrupted music tone can be reduced when the CPU power is allocated
to the tasks not associated with music performance during processing of the
software sound source. In other words, more tasks can be undertaken during
the execution of sound source processing.
Since the present invention is constituted as described above, when the
CPU load is high, the sampling frequency can be lowered, thereby generating
tone waveform data that prevents the interruption of a music tone. When the
CPU load is low, a higher sampling frequency than the normal sampling
frequency can be used, thereby generating high-precision tone waveform data.
In this case, the number of sound channels may be changed instead of changing

the sampling frequency.



generate said one nusical tone through said one channel. 2 A sound source
apparatus according to claim11l, wherein the setting device sets different
al gorithns which determne different systens corresponding to different
tinmbres of the nusical tones, each of the different systens bei ng conposed
of selective ones of the operation bl e@ks which are selectively and
sequentially conbined with each other to conpute a waveform which is
specific to a corresponding one of the different tinbres. 3 A sound source
apparatus according to claim2, wherein the setting device conprises a

det er mi ni ng d4fi gepaiiduldet eondition ds f satisfieslystermesponding reprapytatianahunber
of operation blocks and corresponding to a regular -96- tinbre and that

det er mi ngperaticanrt skipped) swtihitriffigient coaiputatich@andfe perfermedpthebeloy ks
and corresponding to a substitute tinbre, and a changing device operative
when a nyibeentdhg the CRUdoad froksgettiageaiimelyrhighe Consergientlys the toned
under said great nunber and over said small nunber due to a |oad_of the
conput at iveavefortohdataavsi drengéneratdhtiyatnpreveatsitis saunding: of momusie tonegul ar
tinbre to the substitute tinbre so that the second systemis adopted for

t he chanfedmibeippdnteroiptete Furthar, theseffinient computadiarallewsdhe asaolishe
according to claim1, wherein the setting 'device conprises an adjusting
devi ce obghei sempbpgfoequancydhan the eanvesionalsanipng Erequensy, esulting
generating the nusical tone for adjusting a nunber of the operation blocks
to be al lindagbeprecision tepenvascfopmalaldund source apparatus according to
claim4, wherein the adjustin devij.ce conprises a nodi fgi ngreﬂgavi ce that

modi fies the AVhale therprefesradrembadiments adeiher PGSRt ARECRHI V@pEP%‘?i on

bl ocks involved in the systemso as t reduce a n r..of the operation
bl ocks t eleseribedmsing specifiedeEmansiah e&crtp&mwﬁ%ﬂf@%‘?@ttwwm% P> 6 A

sound source apparatus accordj tqQ claim4, wher.ein the,adjustin
and it gpto be understoo tltat c%anges and variations may be Inade wgthout

departing from the spirit or scope of the appended claims.



devi ce operates when the condition indicates that an anplitude envel ope of
the waveform attenuates below a predeterm ned threshold |evel for
conpacting the systemso as to reduce the nunber of the operation bl ocks.
7 A sound source apparatus according to claim4, whereg-i—the g ISt :

devi ce operates when the condition indi9ates that an cuf"f)‘ﬁtﬁmgiﬂ@% %E?g‘t %e
-97- nusical tone is tuned bel ow a predeterm ned threshold Fevé? ot
conpacting the systemso as to reduce the nunber of the operation bl ocks.
8 A sound source apparatus according to claim4, wherein the adjusting

devi ce op@ihat éscldigrediise condition indicates that one of the operation

bl ocks declines to becone inactive in the systemw thout substantially
affecting other operation blocks of the systemfor elimnating said one
operation block so as to reduce the nunber of the operation blocks to be
al l ocat ed to tAesobhadnsbur@® Apparatisshaveeg apperations klocks dcomposedclofi m 1,
wherein the generating device conprises a conputing device responsive to a
vari abl e sodtwhiesgusdd éouemoputeowarefeums for geacopingia phumlite lof masical
successively conpute sanples of the waveformin synchronization to the
vari abl e teaapthrogghrapluality ebchannels ageorsting éo paefosmaneg infaymatiomdhe
controlling device that sets the variable sanpling frequency according to
process cfppacaiistCAMpPrsSUIg:t he wavef orm by the operation blocks. 10 A sound
source apparatus according to claim11, wherein th enerating device

conprises a canpatting) dexice dOF sepangiar algorthym w 'q'éd;‘?éﬁ"ﬁ!illninﬁ@ a {Sys§iBncy

for executing the gperatjon bl ocks to sucgessive conput e npl eg . of the

wavef or maamposesh oéseleativenhones ohdhg aﬁl?edﬁtl@nzt?iﬁﬁ{(g 3y S‘ﬁné%f\lfe"j&/ cggﬁ:ggeql o

generate the nusical tone, and a controlling.device f adj usting the

vari abl e Wﬁhrﬁﬂcilrﬁfﬁﬁf&G@ﬁﬂ%ﬂtﬁé'p‘é{ﬁﬂﬁfﬂr%slé‘?agcltSéH‘eo‘PP&EﬁTBJB'tSLa‘W(San%SP t he
waveform duri ng] t he cour of (F;enerati‘%r/]\ﬁ the rmﬁi cal tone. .11 %.smfnd

" source appar at¥€s Hig eV iFe: FeSRAnsIvE A, e, Pe Qrﬂaﬂg?atlpffb‘ma lon for

designating one of the channels to be used for generating said one musical tone;

and

a generating device for allocating the selective operation blocks to said
one channel and for systematically executing the allocated selective operation
blocks according to the algorithm so as to compute the waveform to thereby

generate said one musical tone through said one channel.

2 A sound source apparatus according to claim 1, wherein the setting
device sets different algorithms which determine different systems
corresponding to different timbres of the ﬁuéical tones, each of the different
systems being composed of selective ones of the operation blocks which are
selectively and sequentially combined with each other to compute a waveform

which is specific to a corresponding one of the different timbres.

3 A sound source apparatus according to claim 2, wherein the setting
device comprises a determining device that determines a first system

combining a great number of operation blocks and corresponding to a regular



device conprises a conputing device responsive to a variable sanpling -98-
frequency for executing the operation blocks to successively conpute
sanples of the waveformin synchronization to the variable sanpling
frequency so as to generate the nusical tone, and a controlling device for
adjusting the variable sanpling frequ@6ey according to result of
conputation of the sanples during the course of generating the nusica
tone. 12 A sound source apparatus having a software nodul e used to conpute
sanples of a waveformin response to a sanpling frequency for generating a
nusi cal thnbreeadr tiagdétermbidsoanssvond sfstermiconmbining @gpalbinusnber of
conprising: a processor device that periodically executes the software
nodul e f @peratics esidicks! and copespogdigmoes sabstite viandire] amdoa relgmginls ng to
a variable sanpling frequency so as to generate the nusical tone; a

det ect or déevteopéativiewhehiangumbeoad opicration b acksoexécutabledinathet dimnnel
processor device during the course of generating the nusical tone; and a
control | gs liskeitéd endpesaid greatcoatttirrend ovehsaidesmall aumberdddeto & beadjpfig

the variable sanpling frequency to adjust a rate of conputation of the
sanpl es. thdé Tomputatibmns ofr the app@farmsicrcebanging the anusieal 2onerzesi the he
controller device provides a fast sanpling frequency when the detected

| oad is megalkartinbre ta the substitups imhresoathar the seeqnd systemetsiadapteddon t he
detected |load is relatively heavy such that the rate of the conputation of
t he sanplthe chennelucplacef the firsh8ysfem.denot es an i nteger nunber. 14 A
sound source apparatus according to cl:aim 13, wherein the processor device
i ncl udes a del ay device having a nenory for inparting a delay to the
waveformto determne a pitch of the nusical tone according to the |,

per f or madce i Mhoiaud sAUIGen@pRarays &&?Pé@m@e%rciﬂm ,a“a}qr i e seting or

-99- successively witing t(Pe sarrpcl es into addresses of the mem)r\t/l. and a
r ead device comprises an adjusting device operative dependently on a condition

during the course of generating the musical tone for adjusting a number of the

operation blocks to be allocated to the channel.

5 A sound source apparatus according to claim 4, wherein the adjusting
device comprises a modifying device that modifies the algorithm to eliminate a
predetermined one of the operation blocks involved in the system so as to
reduce a number of the operation blocks to be loaded into the channel for

adjustment to the condition.

6 A sound source apparatus according to claim 4, wherein the adjusting
device operates when the condition indicates that an amplitude envelope of the
waveform attenuates below a predetermined threshold level for compacting the

system so as to reduce the number of the operation blocks.

7 A sound source apparatus according to claim 4, wherein the adjusting

device operates when the condition indicates that an output volume of the



poi nter for successively reading the sanples from adresses of the nenory to
thereby create the delay corresponding to an address gap between the wite
poi nter and the read pointer, the delay device being responsive to the fast
sanpling frequency to increnent both of the wite pointer and the read

poi nter by one address for one sanple?7otherw se the del ay devi ce being
responsive to the slow sanpling frequency to increnent the wite pointer
by one address n tines for one sanple and to increnent the read pointer by
n addresses for one sanple. 15 A sound source apparatus according to claim
13, wher ajusitileopeds essed belbav b predetermiesd thrdshalyl léee] for doampactieg fes r  of
menory regions for inparting a delay to the waveformto determne a pitch
of the nugsteal so aseoaedocetimgnumben®f theperataor blockwr mat i on, the del ay
devi ce successively witing the sanples of the waveform of one mnuci cal
tone into addresses of one of the nenory regions and successively reading
the sanples from addresses of the same nenory region to thereby create the
del ay, tBe delfagodndisomrbeiappacatus saccoedingeto shaim 4onéhergin the adpusting

swi tched to another nusical tone for successively witing the sanples of

t he wavetlevineodperites whenhthe eondition indicates thataeng of dhe aperathen beeks
menory regi on and successively reading the sanples from addgesses OL t he
sane nendeglinegjtohecomenimastiyedndhe systesm sdthgutgubstantial aﬁgcmg ofher
menory region to prepare for a further nusical, jone. 16 A sound source
appar at usepatationiblarksoofcthgi system tonelsiinating sp %%9813[“&!*/8@19 2t®s the

sof tware npdul e conposed of a plutaljty.sub-nodyles f.or . successjvely
conput i n§eduge W&v’é‘m\%ﬂ Qfﬁgeﬁpﬁ&t&%‘bu i@é’%gﬁﬂﬁat@gépﬂlp anffen one of
t he sub-nodul es declines to beconme inactive without substantially TH' S
SHEET HAS BEEN -100- REPLACED affecting other sub-nodul es during

computatyon oy {Qand Bourel Tppararts hBEbMing 55 € 17 wherdfh the BenStitidP ' ©
device comprises a computing device responsive to a variable sampling
frequency for executing the operation blocks to successively compute samples
of the waveform in synchronization to the variable sampling frequency so as to
generate the musical tone, and a controlling device that sets the variable

sampling frequency accordin_g to process of computation of the waveform by

the operation blocks.

10 A sound source apparatus according to claim 1, wherein the generating
device comprises a coinputing device responsive to a variable sampling
frequency for executing the operation blocks to successively compute samples
of the waveform in synchronization to the variable sampling frequency so as to
generate the musical tone, and a controlling device for adjusting the variable
sampling frequency dependently on a load of computation of the waveform

during the course of generating the musical tone.

11 A sound source apparatus according to claim 1, wherein the generating

device comprises a computing device responsive to a variable sampling



17 A sound source apparatus having a software nodul e used to conpute
sanpl es of a waveform for generating a nusical tone, the apparatus :
conprising: a provider device for variably providing a trigger signal at a
relatively slowrate to define a frame period between successive trigger
signals, and for periodically providr@§-a sanpling signal at a relatively
fast rate such that a plurality of sanpling signals occur within one frane
period; a processor device resettable in response to each trigger signal
and operable to periodically execute the software nodul e for successively

conput i ndrequuntyefor @xesatingahedperbtiondlotks to surcessipaiyicomputetsaenples
sanpling signals within one franme; a detector device for detecting a | oad
of conpuicftthewavgfosmdnwynicheonizatioassdhedaviabde damiphimg frequencys so ak to
generating the nusical tone; a controller device olggr ative according to the
det ect ed.gdemadatbaheviauyioay tondiearid aneomqteoilong devind; lostadjhsting thervariatlée
sanpl es conputed within one frane period, and a converter device

r esponsi seniplirenfiequenpyiacgosdiggato fesultoheempuigtionafhthef sarhplesadipiieg i nt o
a correspondi ng anal og signal to thereby generate the nusical tones. 18 A
sound souhe eoupirapbgencatingniesmbsivalitere.conposed of softwares used to
conpute waveforns for generating a plurality of nusical tones through a
plurality of channels according to performance information, the apparatus
conpri si n% TH' S SHEET HAS BEEN -101-, REPLACED setti (‘i means for setting
an al gor ilZhm vhisoundes@uige rappaiatisdhawing: a %@F%m%ﬁl e ASCHelORRBIPNE t he
subnodul es |l ogically connected to each other_to fcorrpute ? wavef orm

speci f i ¢ samplge obfa ey elQEM dA) TespaBse to a sampling frequency for generating a

musical tone according to performance information, the apparatus comprising:

a processor device that periodically executes the software module for
successively computing samples of the waveform corresponding to a variable
sampling frequency so as to generate the musical tone;

a detector device for detecting a load of computation imposed on the
processor device during the course of generating the musical tone; and

a controller device operative according to the detected load for changing

the variable sampling frequency to adjust a rate of computation of the samples.

13 A sound source apparatus according to claim 12, wherein the controller
device provides a fast sampling frequency when the detected load is relatively
light, and provides a slow sampling freduéncy when the detected load is
relatively heavy.such that the rate of the computation of the samples is reduced

by 1/n where n denotes an integer number.

14 A sound source apparatus according to claim 13, wherein the processor
device includes a delay device having a memory for imparting a delay to the
waveform to determine a pitch of the musical tone according to the

performance information, the delay device generating a write pointer for



desi gnati ng neans responsive to the performance information for

desi gnating one of the channels to be used for generating said one nusical
tone; and generating neans for | oading the selective subnmodules into said
one channel and for logically executing the allocated sel ective subnodul es
according to the algorithmso as to co9®te the waveformto thereby
generate said one nusical tone through said one channel. 19 A sound source
apparatus according to claim 18, wherein the setting neans sets different
al gorithns which determ ne different nodules corresponding to different

timbres ofuddessivedy catitingngr, s@aplesointohaddidstes eftthemnmimhery hadng readposed
of sel ective ones of the subnodul es which are selectively and sequentially

connect edpdinteafir sudeessively ocqding theveamplesfromhaditesses spéhé imemooy a0
correspondi ng one of the different tinbres. 20 A sound source apparatus
accor di ngheeelsy @reatédhewdhelagi corrdspoeting g amealdsessogpp i sdwear| thst wiiie neans
operative dependently on a condition during the course of generating the
nusi cal tpoiatéoanddhesréaty paintenbtire delayhdeviaebboing eespansiee Itoathedfastt o
the channel. 21 A sound source apparatus according to claim 18, wherein the
adj ust i ngsamphing fogpreacystovinercment bothdof thenwiritdipodntes andahe gaad poiintende
envel ope of the waveform attenuates bel ow a predeterm ned threshald | evel
for conpdey ong addsessfarone sample, shewwisedhe wislay dpeicedrcingaesponsiveltes .
-102- 22 A sound source apparatus according to c]aim18, wherein the

adj ust i nghenslams sappliageequency ke igeneanentohe; waite podnter hut oBg agddress n

vol une of ;the nusical tone s tuned bel ow a predeterm neg threshol d | evel
for conpdémieador gae sasplee t(hglqrén@(ﬁﬁg% read PRIHIBE YR addiessep fotiones. 23
A sound source apparatus according to claim 18, wherein the adjusting

means opeﬁﬁétlléb-v\hen the condition indicates that one of the subnodul es

| oses

15 A sound source apparatus according to claim 13, wherein the processor
device includes a delay device having a pair of memory regions for imparting a
delay to the waveform to determine é pitch of the musical tone according to the
performance information, the delay device successively writing the samples of
the waveform of one mucical tone into addresses of one of the memory regions
and successively reading the samples from addresses of the same memory
region to thereby create the delay, the delay device being operative when said
one musical tone is switched to another musical tone for successively writing
the samples of the waveform of said another mucical tone into addresses of the
other memory region and successively reaﬂiﬁg the samples from addresses of
the same memory region to thereby create the delay while clearing the one

memory region to prepare for a further musical tone.

16 A sound source apparatus according to claim 12, wherein the processor
device executes the software module composed of a plurality sub-modules for
successively computing the waveform, the processor device being operative

when one of the sub-modules declines to become inactive without substantially



contribution to conputation of the waveformw t hout substantially affecting
ot her subnodul es for elimnating said one subnodule so as to reduce the
nunber of the subnodul es to be | oaded into the channe 4—A—spUnid source
apparatus having a software nodul e used to conpltmilS SHH; ‘ig a

in response to a sanpling frequency f-diO0generatiing a REFHSI-E5 6
according to performance information, the apparatus conprising: processor
means to periodically execute the software nodule for successively
conputing sanples of the waveform corresponding to a variable sanpling

f r equencyffectiag ¢thegsubrmbduldsedumisg computatipndxtthetwavefoans féoskigpeimggt i ng
a |l oad of conputation inposed on the processor neans during the course of
gener at i egethigomadisaid onersab-moduleont rol | er neans operative according to
the detected |load for changing the variable sanpling frequency to adjust a
rate of conputation of the sanples. 25 A sound source apparatus according
to claim 24, wherein the controller neans provides a fast sanpling

f r equencyl 7wher\ shandesmuce appasatusshavdngt a seftwarei modulangedrioveempute sl ow
sanpling frequency when the detected load is -103- relatively heavy such
that thesampdesfof he wavelorni dar ogengratingma daupical et d th%yappwaﬁmre n
denotes an integer nunber. 26 A sound source apparatus according to claim
25, wher €0MPMANGF ocessor neans i ncl udes del ay nmeans having a nenory for
inparting a delay to the ,waveformto determne g pitch of the nusjical tone
according to @rprovider devigeckor varithiprovidingea duEger signd aenseldtively a
wite pointer for s cces?ively writing the sanpl.es into addzﬁsses f the

menory aflOW rakatp dgbingiaframs psueddaciveen,sucessiiNg tTgges signals, and tor
adresses of, the nory,. ;.0 therehy create the delay.cqrrespondi ng,to an
addr ess Pﬁf‘@ﬂ@‘éﬂlr}g@ﬁ&dﬂ‘ng% S@Huﬁég 5@"&‘5&1 B af‘l’ély gﬁﬂt Bﬁ?rﬁ“&h, tllazea del ay
bei [ ive. he . f | i [ bot h of
the wr i t BRUGIRY GF SarPHE stediads BSru BitHin one frame perid;' © ' Ner ement Poth ©

a processor device resettable in response to each trigger signal and

operable to periodically execute the software module for successively
computing a number of samples of the waveform corresponding to the
sampling signals within one frame;

a detector device for detecting a load of computation imposed on the
processor device during the course of generating the musical tone;

a controller device operative according to the detected load for varying
the frame period to adjust the number of the samples computed within one
frame period, and

a converter device responsive to each sampling signal for converting
each of the samples into a corresponding analog signal to thereby generate the

musical tones.

18 A sound source apparatus having submodules composed of softwares
used to compute waveforms for generating a plurality of musical tones through
a plurality of channels according to performance information, the apparatus

comprising:



by every one address for every one sanple, otherw se the delay neans being
responsive to the sl ow sanpling frequency to increment the wite pointer by

every one address at n tines for repeatedly witi ng——ea_e—&_a;ngL&
consecutive n addresses and to skip the read pointlefByPHEGASESUBERN | n
addresses for reading one sanple. 27-Wkound sourd - |
software nodul e used to conpute sanples of a waveform for generating a
nmusi cal tone, the apparatus conprising: provider means for variably
providing a trigger signal at a relatively slow rate to define a frane
period bet weeregigg emeans fori ggeings agnalgorithng Which pietérmiinesl & ymodule di ng
a sanpling signal at a relatively fast rate such that a plurality of
sanpl i ng congpedes] of welectiverionesnef thasabprdudes lpgmatlysoconnected toesach abl e
in response to each trigger signal and operable based on each sanpling

si gnal t @ther icoddmpluty asxevefoent specifitttommne oflhe- musmal éofigs; successively
conputing a nunber of sanples of the waveform wi thin one frane period,
det ect or meanslebignatirtigecmeags ardspadsife donmple apéxormapos ethformiabhien for
processor means during the course of generating the nusical tone;

cont r ol | elesigmmtingore of thechannrlsiohetsed Her generating sasd ane sausigaltong; t he
frame period to adjust the nunber of the sanples conputed within one franme
period, amd converter means responsive to each sanpling signal for
converting each of the sanples into a corresponding analog,signal to .

t hereby gener gemeraiing meansifor daading thea sgleghiyesshmedulisaipusala0neg a
software nodul e used to conpute sanples of a vvavefornifo_r gen rat(’i rig a
nusi cal chaanel nandipfear dogicallyomxecuting: the allocated selective™ submodules

according to the algorithm so as to compute the waveform to thereby generate -

said one musical tone through said one channel.

19 A sound source apparatus according to claim 18, wherein the setting
means sets different algorithms which determine different modules
corresponding to different timbres of the musical tones, each of the different
modules being composed of selective ones of the submodules which are
selectively and sequentially connected to each other to compute a waveform

which is specific to a corresponding one of the different timbres.

20 A sound source apparatus according to claim 18, wherein the setting
means comprises adjusting means operative dependently on a condition during
the course of generating the musical tone for adjusting a number of the

submodules to be loaded into the channel.

21 A sound source apparatus according to claim 18, wherein the adjusting
means operates when the condition indicates that an amplitude envelope of the
waveform attenuates below a predetermined threshold level for compacting the

module so as to reduce the number of the submodules.



provi der neans for periodically providing a trigger signal at a relatively
slowrate to define a frane period between successive trigger signals, and
for periodically providing a sanpling signal at a relatively fast rate
such that a plurality of sanpling signals occur within one franme peri od;
processor neans resettable in responselGd- a trigger signal and operable in
response to each sanpling signal to periodically execute the software
nodul e for successively conputing a nunber of sanples of the waveform
within one frame period; and converter neans responsive to each sanpling
signal for converting each of the sanples into a correspondi ng anal og
signal to thereby generate the nusical tones, wherein the processor neans
i ncl udes el ayA Rpand dwiteapparaus aetordingrty clafgi I8)swherein rthardd[iﬁlﬂir?g del ay
to the waveformto determne a pitch of the E !%gn -105- nusical tone
accor di ngnésnd bpeptes ovhamabei comditioni dndicafes thek aan ouypst velimessf vied y
witing the sanples of the waveform of one nucical tone into addresses of
one of t kgusieabtonerisguned beluw ayredsternehgd tleedhold level Semqimpacting vhe
adresses of the same nenory region to thereby create the delay, the delay
means beimgdwiessmas weredhme theenymbereeof the sulamodudes: eset so that said one
musi cal tone is swtched to another nusical tone for successively witing
the sanples of the waveform of said another nucical tone into addresses of
the other nenory region and successively reading the sanples from adresses
of the £3ne resonndrsegiros appardius @sgordiogtte claimd,ayherdindhe lachusting t he
one nenory region to prepare for a further nusical tone. 29 A nethod using
subrmodul eseanshppetatesowheofthecondition dodinates thedweceihthe sitbrgedulestioses a
plurality of mnusical tones through a plurality of channels ﬁccording to
per f or macoatiibRPRHO @Qmpuwlmm%daecwﬁﬁﬁf@mgmmut selgfangally affecting

other submodules for eliminating said one submodule so as to reduce the

number of the submodules to be loaded into the channel.

24 A sound source apparatus having a software module used to compute
samples of a waveform in response to a sampling frequency for generating a
musical tone according to performance information, the apparatus comprising:

processor means to periodically execute the software module for
successively computing samples of the waveform corresponding to a variable
sampling frequency so as to generate the musical tone;

detector means for detecting a load of computation imposed on the
processor means during the course of genefatfng the musical tone; and

controller means operative according to the detected load for changing

the variable sampling frequency to adjust a rate of computation of the samples.

25 A sound source apparatus according to claim 24, wherein the controller
means provides a fast samplihg frequency when the detected load is relatively

light, and provides a slow sampling frequency when the detected load is



setting an al gorithm which determ nes a nodul e conposed of selective ones
of the subnodul es logically connected to each other to conpute a waveform
specific to one of the nusical tones; designating one of the channels to be
used for generating said one nusical tone in response to the performance

i nformation; |oading the sel ective suldfddul es into said one channel; and

| ogi cally executing the | oaded sel ective subnodul es according to the

al gorithmso as to conpute the waveformto thereby generate said one

musi cal tone through said one channel. 30 A nethod according to claim 29,
wher ei n r¢lativebphedvgsuch thptthe satti 6f theecompatagorn ohtle sdmplesdestreduced

di fferent nodul es corresponding to different -106- tinbres of the nusical

t ones, ebyghl/afwhere didenetesman imtdgeenubieng conposed of sel ective ones of

t he subnodul es which are selectively and sequentially connected to each
other to conpute a waveformwhich is specific to a correspondi ng one of
the different tinbres. 31 A nethod according to claim?29, wherein the step
of settidf codpsdurd sonngasppargtes Acereing o haim Jopwehgretn the peogesaoed
into the channel dependently on a condition during the, course of

gener at i mpanseinglgdesdelayh seangohaving: adaeauy rngnpartingandelay (nthein
the step of adjusting conprises .conpacting the npdule so as_.to reduce the
number oWaveEoETH kO d et miAGn at patc cﬂfditilﬁomlilﬁiﬁﬂcéﬁ)% PREPTAZa k| theude
envel ope of the waveform attenuates, bel ow a predeterm ned threshold |evel.
33 A net petfosmtascsi Hformation; g1 delgyemaeans EEnsTaNS 2 MBS RHGLLMN i ses

conpacting the, dul e, so to reduce, t he nunber of the subnodules when the
condi t | oRUPGRASIEAIESWIIE Ahe SAMRIES JBIQ AIBPSSoR ot JRFMASHANS & Tt

%L(r)\évi ﬁ pfgfgletg? &gg gpgggﬁsﬁl\glgﬁgglgg}gl) Veg !glgm?fﬁesA 155 e 5 % f.hrégmte(l)n(():rlya{om 3L,
thereby create the delay corresponding to an address interval between the write
pointer and the read pointer, the delay means being responsive to the fast
sampling frequency to increment both of the write pointer and the read pointer
by evéry one address for every one sample, otherwise the delay means being
responsive to the slow sampling frequency to increment the write pointer by
every one address at n times for repeatedly writing one sample into consecutive

n addresses and to skip the read pointer by consecutive n addresses for reading

one sample.

27 A sound source apparatus having a software module used to compute
samples of a waveform for generating a musical tone, the apparatus
comprising:

provider means for variably providing a trigger signal at a relatively slow
rate to define a frame period between successive trigger signals, and for
periodically providing a sampling signal at a relatively fast rate such that a
plurality of sampling signals occur within one frame period,;

processor means resettable in response to each trigger signal and

operable based on each sampling signal to periodically execute the software




el imnating one subnmodul e so as to reduce the nunber of the subnodules to
be |oaded into the channel when the condition indicates that said one
subnodul e 1 o0ses contribution to conputation of the waveform wi t hout
substantially affecting other subnodules. 35 A nethod using a hardware
processor and a software nmodule to colde sanples of a waveformin
response to a sanpling frequency for generating a -107- nusical tone
according to performance information, the method conprising the steps of:
periodically operating the hardware processor to execute the software
nodul e f modulecfysswetessivelpuzamputingpa syrober 98 samplesr of dbe reapeieamng t o
a variable sanpling frequency so as to generate the nusical tone; detecting
a | oad ofwithimponeafriaore perioded on the hardware processor during the course
of generating the nusical tone; and changing the variabl e sanpljng
frequency accdetiotgr teeante faptdsateiing adoad Ofagpmputation ienpesesheputhe i on
of the sanples. 36 A nethod according . to claim35, wherein the step of
changi ng ppeesssae meansidiring she COHEser Olgersralingis myscabied | oad i s
relatively |ight

nd provides .a slow sanpli frequenc en the detected
load is rel at COBIT ?]ﬁ"éWnSSQP@(aHEPWGGO Pgéoéﬂgél?&‘?ﬁg?‘gi}ﬁ%%s%ﬁ”% g a
software nodul e used tqQ. conpute sa s of a, wavefor or...generating a
st cal £ERa PEROM Rt Sbaguabdigot e SaraplesciomBufid Bt ks trede o
trigger signal at a relatively slowrate to define a frane period between

successi PETOM; 886r signals; periodically providing a sanpling signal at a
relatively fast rate such that

e et S o B s TSP ARG ,
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musical tones.

28 A sound source apparatus having a software module used to compute
samples of a waveform for generating a musical tone, the apparatus
comprising:

provider means for periodically providing a trigger signal at a relatively
slow rate to define a frame period between successive trigger signals, and for
periodically providing a sampling signal at a relatively fast rate such that a
plurality of sampling signals occur within one frame period;

processor means resettable in response to a trigger signal and operable in

response to each sampling signal to periodicaﬂy execute the software module
for successively computing a number of samples of the waveform within one
frame period; and

converter means responsive to each sampling signal for converting each
of the samples into a corresponding analog signal to thereby generate the
musical tones, wherein '

the processor means includes delay means having a pair of memory

regions for imparting a delay to the waveform to determine a pitch of the



sof tware nodul e for successively conputing a nunber of sanples of the
waveformw thin one frame period; detecting a |oad of conputation inposed
on the software processor during the course of generating the nusical
tone; -108- varying the frame period according to the |detsghed T
adj ust the nunber of the sanples conpd®&d within one firane peiiedy
converting each of the sanples into a correspondi ng anal og—si |
response to each sanpling signal to thereby generate the nusical tones. 38
A net hod using a hardware processor having a software nodul e used to

conput e mamstas taric aosavding to fihe genfermancg infonsiagian, t hee deldye meansod
conprising the steps of: periodically providing a trigger signal at a

rel ati vefycadssivelptwritingddfe samples oﬁrtgepwavoﬂ)rnmfem smucieakiore infoyger
signal s; periodically providing a sanpling signal ,at a relatively fast rate
such t haaddeespesiofiloneyofothesaemonygregionsrad sucaessivelyi iading thesemples od;
operating the hardware processor resettable in response to a trjgger

si gnal afrdmpdresses of dkedame mevIPryaegiomtp thejaby creatpdhe éélaé’alth?%él@é’c ute
the software nodul e for, K successively conputing a .hunber of sanples of the
wavef or nmadansi beipge operatiyvepsrhesy ,th%lrmoeﬁﬁ%rmeggs dadigset spHbat QW6 nto a
correspondi ng anal og signal .in

gener at eMUKCEh fONEIS § %l%f?d tW@@F’ 3 Oﬁ’gi‘gﬁégggf Oigggééq%ﬁ&%gﬁg@gﬂ{fgfgby
o fet or RAmeIGS of (Bn vHvalnmn oL sauT angfier Bl ige: 9t midsSsserohiie
waver or nPBITIREATE region antbsesressady ecadibhe Samnlfs SRETafissts OF g ons
and s “CCSSI%L"IELP{IJU? ?gigl%% ttoht%e%%r?l:reesété [l?emdea:l%ryev%rﬁﬁg char}rpge the one memory

region to prepare for a further musical tone.

29 A method using submodules composed of softwares to compute
waveforms for generating a plurality of musical tones through a plurality of
channels according to performance information, the method comprising the
steps of: B

setting an algorithm which determines a module composed of selective
ones of the submodules logically connected to each other to compute a
waveform specific to one of the musical tones;

designating one of the channels to be used for generating said one
musical tone in response to the performan(;e iﬁformation;

loading the selective submodules into said one channel; and

logically executing the loaded selective submodules according to the
algofithm so as to compute the waveform to thereby generate said one musical

tone through said one channel.

30 A method according to claim 29, wherein the step of setting sets different

algorithms which determine different modules corresponding to different




sanme nenory region to thereby create the delay, the delay step respondi ng
when the hardware processor is reset so that said one nusical tone is
switched to another nusical tone for successively witing the sanpl es of
the waveform -109- TH S SHEET HAS BEEN REPLACED of said anot her nuci cal
tone into addresses of the other nenoryogegi on and successively reading
the sanples from adresses of the sane nenory region to thereby create the
delay while clearing the one nmenory region to prepare for a further

musi cal tone. 39 A machine readable nmedia for use in a prrocessor machine

i ncl udi ngirAbresfdf thedintsid it8n & Warhri M eRIi PR &M mmae@béﬁ@c@mg@gé@wfe by

said CPU for causing the processor machi ne having subnodul’es conposed of

sof t war egefeltive0 BRkt cofathel QubtddilePwhiiiNdie SelecavERN fid geqaeatihng a
plurality of nusical tones through a plurality of channels according™to

per f or mappAnetRidotIREACH othBEr ® onfsuterar tavefoAnwHisksist BpeSifRP 00k
setting an al gorithmwhich determ nes a nodul e conposed of selective ones

of the s@bﬁi@@pbﬁaiﬂ%)ghec’dﬂtheqﬁfﬁee@me[(ﬂmweﬁach other to conpute a waveform
specific to one of the nusical tones; designating one of the channels to be

used for generating said one nusical tone in response to the performance

I nformati on; |oading the selective subnodul es into said one channel; and

| ogi cal | Blexedumethodhecdorditegl te elaiat R9¢ weheven the stepcodseliting comiprises

al gorithmso as to conpute the waveformto thereby generate said one

nusi cal atdjustirngrougbmbeird ofnthe rarbmoduled £o mhehiloadedandb| therechannel
according to claim39, wherein the step of setting sets different

al gori t hdepehdeitly erea condition tHarieg theounires of genceatpag the usicali toher ent
tinbres of the nusical tones, each of the different nodul es being conposed
of selective ones of the subnodul es which are )

32 A method according to claim 31, wherein the step of adjusting comprises
compacting the module so as to reduce the number of the submodules when the
condition indicates that an amplitude envelope of the waveform attenuates

below a predetermined threshold level.

33 A method according to claim 31, wherein the step of adjusting comprises
compacting the module so as to reduce the number of the submodules when the
condition indicates that an output volume of the musical tone is tuned below a

predetermined threshold level.

34 A method according to claim 31, whérein the step of adjusting comprises
eliminating one submodule so as to reduce the number of the submodules to be
loaded into the channel when the condition indicates that said one submodule
loses contribution to computation of the waveform without substantially

affecting other submodules.

35 A method using a hardware processor and a software module to compute

samples of a waveform in response to a sampling frequency for generating a



selectively and sequentially connected to each other to conpute a waveform
which is specific to a corresponding one of the different tinbres. -110- 41
A machi ne readabl e nedia according to claim 39, wherein the step of

setting conprises adjusting a nunber of the subnodules to be |oaded into
the channel dependently on a conditi-d®@7duri ng the course of generating the
musi cal tone. 42 A machi ne readabl e nedia according to claim4l, wherein
the step of adjusting conprises conpacting the nodule so as to reduce the
nunber of the subnodul es when the condition indicates that an anplitude
envel opennfsi¢dldoneacedndimgad tpenformemdedndormatporctheeneihoebcampeising thd evel .
43 A nmachi ne readabl e nedia according to claim41l, wherein the step of

adj ust i ngtepsrft i ses conpacting the nodule so as to reduce the nunmber of the
subnodul es when the condition indicates that an output volune of the

nusi cal  tonepedotlicedly bpemting phe dardwaie puoctnses fol exdamelthe soffwarechi ne
readabl e nmedi a according to claim4l, wherein the step of adjusting

conpr i sematlileifonsuccessively compiuting samples of theawaweform aaresponding tee
subnmodul es to be | oaded into the channel when the condition indicates that
sai d oneasabiablie semipdingsfrequencp e iastotgenesatgthemuesicak tange wavef or m

w thout substantially affecting other subnodules. 45 A machi ne readabl e
medi a for usedetecting ackoadopf momputationc imppsed £n ¢the) hardwargepracessor

cont ai ning programinstructions executable by said CPU for causing the

pr ocessofURBEHNECOWESE Bl gensrtingthe mysigad toae; ute samples of a
waveformin response to a s ling. freguency for tform.ng ,operatjon, of
-111- gener at ch@ngm@.tiuea@na b Sap e rﬁgu%csbéqsq@rﬁh%&th%d%ﬁeﬁﬁﬁ& lgpa *
wherein the  operation conprises the ste of : periodically operating the
processok’ﬁﬁbﬁ?ﬁéaﬁbogﬁgﬂﬂ¥ga@ﬂﬁ(géﬁ?ﬁéﬂﬁﬁe&

36 A method according to claim 35, wherein the step of changing provides a
fast sampling frequency when the detected load is relatively light, and provides

a slow sampling frequency when the detected load is relatively heavy.

37 A method using a hardware processor having a software module used to
compute samples of a waveform for generating a musical tone, the method
comprising the steps of:

variably providing a trigger signal at a relatively slow rate to define a
frame period between successive trigger signals;

periodically providing a sampling signai at a relatively fast rate such that
a plurality of sampling signals occur within one frame period;

operating the hardware processor resettable in response to each trigger
signal and operable based on each sampling signal to periodically execute the
software module for successively computing a number of samples of the
waveform within one frame beri'od;

detecting a load of computation imposed on the software processor

during the course of generating the musical tone;




nodul e for successively conputing sanples of the waveform corresponding to
a vari able sanpling frequency so as to generate the nusical tone; detecting
a |l oad of conputation inposed on the processor nachine during the course
of generating the nusical tone; and changi ng the variabl e sanpling
frequency according to the detected | “to adjust a rate of conputation
of the sanples. 46 A nmachi ne readabl e nedia according to claim45, wherein
the step of changing provides a fast sanpling frequency when the detected
load is relatively light, and provides a slow sanpling frequency when the
det ect ed | oadvargingethst fraeng mm@acﬂmdmngd@hthﬁadg&lﬂ@gﬂ@adé@i adpust thee in
a processor nmachine including a CPU, said nedia containing program
i nst r uct numsbenacihesanepleg coanputeduvithin opgfsamg pasiodraibssor machi ne
having a software nodul e used to conpute sanples of wavef orm for_
perform ng opepavetmgicaghnet the samplesdntnp erEesporHageanalpgesigpal ani on
conprises the steps of: variably providing a trigger signal at a relatively
sl ow r at gesponseftoraach smphngﬁegmaidoﬂb@v@éhggmr@g%ﬂwmlt&1¢a;}g}@ne§-i gnal s;
periodically providing a sanpling signal at a relatively fast rate such
that a plurality of sanpling signals occur within one frame period,
operating the processor ,machine resettable in r.espon% to eac trig&zr

Qut e

si gnal ad® opéds muthodising rhardurare PrPCesRer diaying asotpuaremodyle s

the -112- software dul ¢ for syccessively conmputing .a nber,,of s l,es of
the wavEPBHMIG qugﬁ’én fAr WAV CHIR ,rgfé{eéﬁrtlﬁgga én‘f?%ﬁap g‘?n%o%uffﬁﬁ@ﬂ

| nposed on the .groBessor ichine during the course of generating the B
nusi cal COMPIIYIBLINESERROFr ane period according to the detected |oad to

adj ust the mfarétr)iec'\)rdigz];ll)tf B?o%%%)lg %Strlcg%e g{gen%l\ﬁ'it El%f]atﬁlré‘fy SeWTaRYo &inéld

frame period between successive trigger signals;

periodically providing a sampling signal at a relatively fast rate such that
a plurality of sampling signals occur within one frame period;

operating the hardware processor resettable in response to a trigger
signal and operable based on each sampling signal to periodically execute the
software module for successively computing a number of samples of the
waveform within one frame period; and

converting each of the samples into a corresponding analog signal in
response to each sampling signal to thereby generate the musical tones,
wherein |

the step of operating includes delay étep using a pair of memory regions
for imparting a delay to the waveform to determine a pitch of the musical tone
according to the performance information, the delay step successively writing
the samples of the waveform of one mucical tone into addresses of one of the
memory regions and successively reading.the samples from adresses of the
same memory region to thefeby create the delay, the delay step responding
when the hardware processor is reset so that said one musical tone is switched

to another musical tone for successively writing the samples of the waveform




converting each of the sanples into a correspondi ng anal og signal in
response to each sanpling signal to thereby generate the nusical tones. 48
A machi ne readabl e nedia for use in a processor nmachine including a CPU,
said nedi a containing programinstructions executabl-g, by-sa+d-CPU for
causi ng the processor machi ne havi ng -d0%ftware no ) ffl HoS aerpUL e
sanmpl es of a waveform for perform ng operation of Gererali b 8D nusi ca

tone, wherein the operation conprises the steps of: periodically providing
a trigger signal at a relatively slowrate to define a frame period

bet ween sficass sinother mupecalsiopeaingo askdressdiscefl the pthar memory giphiangd
signal at a relatively fast rate such that a plurality of sanpling signals
occur w sheeessinely readingethicosgmplesrizoimadressepob s same memony regioat taabl e
in response to a trigger signal and operable based on_each sanpling signa
to peri odieraby}cre&t@d%ﬂeietlhﬁwmlﬁ cleariagnibgine memarydegsen @ pyepaadorisg a
nunber of sanples of the waveformw thin one frame; and converting each of
t he sanmpfeghenmusicaldonespondi ng anal og signal in response to each
sanpling signal to thereby generate the nusical tones, wherein the step of
operating includes delaying step using a pair of nenory regions for

I nparting a delay tqQ the veformto determne a pitch of the -113- nusica
t one accg9di nds Maghiae ﬁ@?é\%lﬁéﬁég}q fﬁro‘#srﬁam 8rDITQ¢EsSQEMIching gncludipg sk vel y

witing the sanples of the.waveform of, one nucical t into . ses of
one of t ke esitymedin 6ABIAARMEPRASIAE) INSIINGHOLS; Wct“ﬁ&ﬁ?at?ﬁbﬁ%@a @iﬁ?r
adresses of the sanme nenory region tp thereb reate the  del ay, the dela
o ep T copaHHNEEBrOGRBO, ACBLAG Rk, PHamoduieS Bomnp e dctt Whwarto =
musi cal tone is sw té}hedéio an?t her nmusi C%t:i tone for %uccess' velﬁ witing
t he sanpFEEIHC WR¥CIRRNRS dPh RATIQUNNE OPCH Oli‘nfg' ESPETHME &, PRy Ok es of

the ot he;nuns?car)fones through a plurality of channels according to performance

information, wherein the operation comprises the steps of:

setting an algorithm which determines a module composed of selective
ones of the submodules logically connected to each other to compute a
waveform specific to one of the musical tones;

designating one of the channels to be used for generating said one
musical tone in response to the performance information;

loading the selective submodules into said one channel; and

logically executing the loaded selective submodules according to the
algorithm so as to compute the waveform to thereby generate said one musical

tone through said one channel.

40 A machine readable media according to claim 39, wherein the step of
setting sets different algorithms which determine different modules
corresponding to different timbres of the musical tones, each of the different
modules being composed of selective ones of the submodules which are
selectively and sequentially connected to each other to compute a waveform

which is specific to a corresponding one of the different timbres.



region and successively reading the sanples fromadresses of the sane
menory region to thereby create the delay while clearing the one nmenory
region to prepare for a further nusical tone.

-110-

41 A machine readable media according to claim 39, wherein the step of
setting comprises adjusting a number of the submodules to be loaded into the
channel dependently on a condition during the course of generating the musical

tone.

42 A machine readable media according to claim 41, wherein the step of
adjusting comprises compacting the module so as to reduce the number of the
submodules when the condition indicates that an amplitude envelope of the

waveform attenuates below a predetermined threshold level.

43 A machine readable media according to claim 41, wherein the step of
adjusting comprises compacting the module so as to reduce the number of the
submodules when the condition indicates that an output volume of the musical

tone is tuned below a predetermined threshold level.

44 A machine readable media according to claim 41, wherein the step of
adjusting comprises eliminating one submodule so as to reduce the number of
the submodules to be loaded into the channel when the condition indicates that
said one submodule loses contribution to cémputation of the waveform without

substantially affecting other submodules.

45 A machine readable media for use in a processor machine including a
CPU, said media containing program instructions executable by said CPU for
causing the processor machine having a software module to compute samples

of a waveform in response to a sampling frequency for performing operation of



-111-

generating a musical tone according to performance information, wherein the
operation comprises the steps of:

periodically operating the processor machine to execute the software
module for successively computing samples of the waveform corresponding to
a variable sampling frequency so as to generate the musical tone;

detecting a load of computation imposed on the processor machine
during the course of generating the musical tone; and

changing the variable sampling frequency according to the detected load

to adjust a rate of computation of the samples.

46 A machine readable media according to claim 45, wherein the step of
changing provides a fast sampling frequency when the detected load is
relatively light, and provides a slow sampling frequency when the detected load

is relatively heavy.

47 A machine readable media for use in a processor machine including a
CPU, said media containing program instructions executable by said CPU for
causing the processor machine having a software module used to compute
samples of a waveform for performing operation of generating a musical tone,
wherein the operation comprises the steps ;)f: |

variably providing a trigger signal at a relatively slow rate to define a
frame period between successive trigger signals;

periodically providing a sampling signal at a relatively fast rate such that
a plurality of sampling signals occur within one frame period;

operating the processor machine resettable in response to each trigger

signal and operable based on each sampling signal to periodically execute the



-112-

software module for successively computing a number of samples of the
waveform within one frame period;

detecting a load of computation imposed on the processor machine
during the cou.rse of generating the musical tone;

varying the frame period according to the detected load to adjust the
number of the samples computed within one frame period, and

converting each of the samples into a corresponding analog signal in

response to each sampling signal to thereby generate the musical tones.

48 A machine readable media for use in a processor machine including a
CPU, said media containing program instructions executable by said CPU for
causing the processor machine having a software module used to compute
samples of a waveform for performing operation of generating a musical tone,
wherein the operation comprises the steps of:
| periodically providing a trigger signal at a relatively slow rate to define a

frame period between successive trigger signals;

periodically providing a sampling signal at a relatively fast rate such that
a plurality of sampling signals occur within one frame period;

operating the processor machine resettable in response to a trigger signal
and operable based on each sampling éigﬁal to periodically execute the
software module for successively computing a number of samples of the
waveform within one frame; and

converting each of the samples into a corresponding analog signal in
response to each sampling signal to thereby generate the musical tones,
wherein

the step of operating includes delaying step using a pair of memory

regions for imparting a delay to the waveform to determine a pitch of the



-113-

musical tone according to the performance information, the delay step
successively writing the samples of the waveform of one mucical tone into
addresses of one of the memory regions and successively reading the samples
from adresses of the same memory region to thereby create the delay, the delay
step responding when the processor machine is reset so that said one musical
tone is switched to another musical tone for successively writing the samples of
the waveform of said another mucical tone into addresses of the other memory
region and successively reading the samples from adresses of the same memory
region to thereby create the delay while clearing the one .memory region to

prepare for a further musical tone.




