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1 M XI NG APPARATUS W TH COMPATI BLE MULTI PLEXI NG OF 031 1%~ S

T NTERNAL AND EXTERNAL VO CE Sl GNALS BACK ND OF THE
| NVENTI ON The'present invention generally rel atest a m xing
apparatus suitable for use in inparting effects to voice signals of

pl ural channel s generated by ti.me-divi sional rmultipl exing.
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el ectronic nusical instrunents. In this application, the DSP is used to

formul ate effect bl ocksﬁ&cﬁ mGpmmwsi c tones or
voi ces (hereinafter, "'vorce refers to any type of sounds treated in audio
t echnol ogy) . Nanely, the DSP is adapted to inpart different sound

ffects t i ; i ' bt |
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of the effect blocks. nera i nstrunents

are equi pPRy uielih img%%?%tgeeﬂgﬁg% Foke § nM@?Pﬁir‘aP@hé‘nﬁéﬁigenfe%l@d%y voi ce.

The tone generator S in a time-diviston nultiplex manner t'o

gener at e ngiinel divisionalifilfiphixingl ce signal s sinmultaneously. In such a
case, a predeterm ned sound efféect is created by the DSP as foll ows.
Nanely, the tone generator accunul ates pl ural channels of voice signals
. at _every sanpl eReedntdyl, di itdlsigmﬂ?cécssserd (BSPs) hivé besn asaderavailable to the
DSP t hrough the plural channel's. The DSP executes a predeterm ned effect
al gor i t hmforpeafdrsinpgedaricusnumeericalioomputatiéesos andnputtedaigitakbsignal
accurrul ation results in a parallel manner, and accunul ates the voice
si gnal s ‘i rippexecuting iplutad controd programs imvarioas fields with advances in

semiconductor fabrication technologies. For example, the DSP is used in
electronic musical instruments. In this application, the DSP is used to
formulate effect blocks for imparting sound effects to music tones or voices
(hereinafter, voice refers to any type of sounds treated in audio technology).
Namely, the DSP is adapted to impart different sound effects to voices in a

parallel manner by means of desired combination of the effect blocks.

Generally, electronic musical instruments are equipped with a tone
generator for generating a music tone or voice. The tone generator operates
in a time-division multiplex manner to generate multiple channels of voice
signals simultaneously. In such a case, a predetermined sound effect is
created by the DSP as follows. Namely, the tone generator accumulates
plural channels of voice signals at every sample period, and supplies results
of this accumulation to the DSP through the plural channels. The DSP
executes a predetermined effect algorithm, imparts predetermined sound
effects to the received accumulation results in a parallel manner, and

accumulates the voice signals imparted with the sound effects at every
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2 sanmple period. The digital voice signals resulted fromthe accunul ation
by the DSP are converted by a DA conveRter into anal og voice signals,

whi ch are then sounded. As described, the prior-art constitution
requires a mxing circuit for accunulating the voice signals for each of

t he channels in the tone generator and another mxing circuit for

accunul at i sgmpheperiode Fhgdigitalfwwice signalé resulted fronethe accurhulabiem by every
sanpl e period. Each mxing circuit is conmposed of a nultiplier and an
accunul at othe PSIsare conyerted bylabyAfconveategdnto analog woice signalsswhichi be
noted here that sharing the accumul ator between the tone generator and the
DSP is di f arecthen smndesk t he tone generator operates in the tinme-division
mul ti pl ex manner. Meanwhil e, in effect inparting by the DSP, it
shoul d be noted that the conputation capability of the DSP is, obviously
limted. Ther ef dscdescribed, the peervrt constityhionsquinesia mixmng eirewid€ort o be

ot el | ai | SRS HoICRITBRAS fof pAFiHahE GFANELS MLIeIOnS ESACTHOr o
misi cal | nRY ARBHIS IRRRE R Iofacuutaing e §Rie<gnals o cacB atibhc and
ot ovi i ng. VRHAISaa dhe SF B Be siBRle neriod BalB BHEE QLY i ng -
berf o mancEOBRORG ot mpaigfier and 3l Hlshoume pieseaiiecs profitin o5,
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external 1 pRblEtGHGPetePin’ e ime §RASioASARIEIIRE manner.

Meanwhile, in effect imparting by the DSP, it should be noted that the
computation capability of the DSP is obviously limited. Therefore,
installation of only one DSP limits the effects to be imparted. To overcome
this problem, several measures are possible, such as installation of the DSP
of higher performance and installation of plural DSPs. These measures are
suitable for only professional-use of electronic musical instruments because
of the resulting high-level specifications and tradeoff of increased
fabrication cost. This problem may be circumvented by providing hardware
extensibility such that an extra DSP satisfying professional users can be
added as required to a main DSP that has performance enough for general
users. However, this additive method requires considering compatibility of
the extra DSP to the output of the tone generator and the input/output of the
DSP installed as standard. Namely, extra DSPs cannot be added simply.

Recently, there are demands for imparting effects by the electronic

musical instrument also to external inputs such as a voice signal generated
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3 by another electronic nusical instrument and a voice signal inputted
froma mcrophone. However, it is diffigult to handl e these external voice
signals the sane way as the internal voice signals generated by the tone
generator operating in the time-division multiplex manner.

SUMVARY OF THE | NVENTI ON It is therefore an object of the present

i nvent i on by apotherdtdleetronic mysigab anstr umenhandiasvaimlsﬁ%mai iaputted fronrai t
scal e, easy in functional expansion, and easy in handling of external input
voi ce si grmfisrophone. Howevienyitis difficndutechandlierthesppxteanakvoicesignalsuct ed
for synthesizing Mchannels of output voice signals from m channels of

i nput ~ voi cthessameveay asithehintemad veics signals generatédiby dhentome gpnesatars n
channel s of input voice_ signals at a sanple period or frane period that is
arranged vPperatinginde timerdiyisipatmultiple¥spam@grat e the n channel s of the

I nput voice signals. Rearrangi ng neans rearranges the tineslots so as to

I ncrease the nunber of the t}J r 1thin. the frame period,
and then distributes the n WQWWQ% ghals to the
rearranged tinmeslots so as to create mn nunber of free tineslots within
the frame periag.. cond provjdi ans is disposed, separajely fromthe
st providi nottis SRererare & Sbiast 6 ThE Dretsnt nHEERGER S PEORle 2 I c.o
signals in additio 0 the.n _channel.s of the input ¥oice sikagnals,.

Al Pocat i ngeeabis b g el digialt stple fbin HicHan) EhBatsion, ce

the 1rame S Faty i BeRihe e el it (RE 48nd8: & gnal S provi ded from

both of the first providing nmeans and the second providing means. M xi ng

i o divi o1 on AR IRV aditnd REPabpHRICI RN tor SRRNBSRIAET

out put voi e R4S Bf output voice signals from m channels of input voice signals.

In the apparatus, first providing means provides n channels of input voice
signals at a sample period or frame period that is arranged with n number of
timeslots to accommodate the n channels of the input voice signals.
Rearranging means rearranges the timeslots so as to increase the number of
the timeslots from n to m within the frame period, and then distributes the n
channels of the input voice signals to the rearranged timeslots so as to create
m-n number of free timeslots within the frame period. Second providing
means is disposed separately from the first providing means for providing at
most m-n channels of input voice signals in addition to the n channels of the
input voice signals. Allocating means allocates at most the m-n channels of
the input voice signals to the m-n number of the free timeslots so as to
accommodate within the frame period the m channels of the input voice
signals provided from both of the first providing means and the second
providing means. Mixing means mixes the m channels of the input voice
signals with one another by time-division manner of the m channels to

produce the M channels of the output voice signals. : - .
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4 According to the present invention, for the sake of tine
conversion, the rearrangi ng neans conpréssively increases the n tineslots
corresponding to the n channels of the voice signals inputted by the first
providing nmeans to the mtineslots, which are greater than the n tineslots.
The all ocating neans allocates or assigns the voice signal inputted by the
second provi di n4coerlingtto thbprésert invesfian efari thre sake oftimd womvebsionhe ti me
conversion. The m xi ng nmeans outputs the voice signals assigned to each

ti mesl ot tthetrearranging mdsmsrcompressivedy mcreasesthe n timeslotsve of the out put
destination. In the mxing neans, accunul ating neans accunul ates the input
voi ce si greorsespondingto thempchanneds of thewoigessignalssinputteddy thenfisstuent |y,
the voice signals inputted by the first and second providing neans are
accunul at eproviding-means tothe matimeslotspwhich aze greataythancthecs timeslotsag neans
to be shared. This arrangenent contributes to a_sinplified overal

const i t ut i bhe sllocatingimeans allpeatas 0 assignsiibe voiee sigmahinpuitedibyitheent i on,
the internal vaice signals inputted by the fifst providjng ans and the
ext ernal \ASCOBAPIGVAnNgG msamg@t!w&eﬁ@rsﬁ@@ﬁdnpeﬂwﬂp w@@ﬁn@umcessed
mutual ly equally. Thi.s holds true for, the_ output channels, This artangenent
Al ows  hectmisrSion. ¢ KBe MixiRg means QHpYIS thecvaicsisignals assigned eaciout and

cxphnsi on WRes s aniths AUBRehaisls anconding o 286 HGCORRE T Ehe ot mpuc s
Tt vor ciescinghion: S i indoinebh e BRiRanEdob Gl SEd b A | g ot
i cal | nOBER SoRe Seuls bty erh bRl ol Sl BB HEAREL ) U heCor i ng
accumil at | GROSARSHESE B P SERRE R TR it G Broviddd 0 1 "°

means are accumulated in each output channel, thereby allowing the

accumulating means to be shared. This arrangement contributes to a
simplified overall constitution of the mixing apparatus. Further, according
to the invention, the internal voice signals inputted by the first providing
means and the external voice signals inputted by the second providing
means are processed mutually equally. This holds true for the output
channels. This arrangement allows the user to facilitate setting of the
mixing. Because the input and output channels are compatible to the first
and second providing means, the expansion of capabilities may be made
with ease and other external inputs may be handled with ease. In addition,
according to the invention, the input voice signals can be processed a stereo
basis, so that handling of the mixing apparatus is simplified for both the user
and the electronic musical instrument associated with the present invention.
Lastly, according to the invention, overflow is detected for each output

channel during the accumulation of the input voice signals, thereby
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5 preventing the distortion due to the overflow fromoccurring on all
of the output channels. 5BRI EF DESCRI PTI ON OF THE DRAW NGS
FIG 1 is a block diagramillustrating constitution of an el ectronic

nusi cal instrument practiced as one preferred embodi ment of the invention;
FIG 2 is a block diagramillustrating constitution of a sound source for
use in theprventingetite distattienbdut tethe overflow ffomg oursing dr allofdhegr am
illustrating constitution of a mxing apparatus for use in the

above- ment outpat channdlssour ce; FIG 4 is a block diagramillustrating
constitution of an accunul ator for use in the above-nenti oned m xi ng

appar at us; FIG_51s a bl ock diia ram descrl bi_ ng i nput/ out put
channel s of the above BRIERY BHESC 1@ W(IJN §IG 6(a) is a

di agram descri bing control infor rrat i on about settl ng for processing each

I nput channel h tioned. m Xxin ar,at us; FIG 6(b) is
a di agram descrh)é g ﬁﬂppﬂeﬁﬂ %%%tﬂgggpgﬁﬁlmt@%@fﬁﬁleé‘?qu by the
i nformati on aboyt, settin ra scy i bi

contents. oLl dnsEhinet psasisacas ope prefebsdspOuilent bt ficinvenfdn;

di agram il | ust rat! ng an equivalent circuit of mxing process in the
above-ment i onedgfgsxhig aat%%f(a&igéram illustrating constitution of a sound source

-for use in the above-mentioned embodiment;

FIG. 3 is a block diagram illustrating constitution of a mixing

apparatus for use in the above-mentioned sound source;

FIG. 4 is a block diagram illustrating constitution of an accumulator

for use in the above-mentioned mixing apparatus;

FIG. 5 is a block diagram describing input/output channels of the

above-mentioned mixing apparatus;

FIG. 6(a) is a diagram describing control information about setting for

processing each input channel of the above-mentioned mixing apparatus;

FIG. 6(b) is a diagram describing a multiplication coefficient to be

determined by the information about setting;

FIG. 6(c) is a diagram describing contents of assignment information

of the setting;

FIG. 7 is a diagram illustrating an equivalent circuit of mixing process

in the above-mentioned mixing apparatus;
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6 FIG 8 is a timng chart describing a tineslot converting

operation in the above-nentioned m xi ngéappar at us; FIG 9 is a
timng chart describing a m xing operation in the above- nentioned m xi ng
appar at us; FIG 10 is a flowhart indicative of overall operation of
t he above- mentioned el ectronic nusical instrunment; FIG 11 is a

fl owchart indi cEIGv8 ist tinimg shatalescribing e titheslet conwerting opetation imi ¢
musi cal instrunent; . FIG 12 is a block diagramillustrating one
exanpl e of thef dhove-mentionadmiging-apparatitssd by t he above- nentioned i xi ng

apparatus together with an internal DSP and an external circuit; and
FIG 13 is a bl ock di,agram describjng relatiopship between tge | nt ernal DSP
in the above- meRlGoHds atinaing cChar describing a mixing apsraiaon dn t @Jaimve-
DETAI LED DESCRI PTI ON, QF PREFERRED ENMBCDI MENTS This invention will be
descri bed SN{ODEAIAIKBEANPAI SRy of exanple with reference to the

acconpanyi ng draw ngs. 1. Overall constitution First, an
el ectroni c mnusi kRSt nt. i NGALPor.at i a_ ImXi n arat us . associ at ed
W ih the preseniTondik piibREnartiBaRELYeE dorerdll e RBR MR A L o <
shown a bl ock,.di agram,llustrati quverall], constitution of this electronic
nmusi cal in@?P&‘rqgﬁ .cei?ﬁtrf)ﬂgr&]lug{ﬁa@?n%&@ﬁng’o control s ot her conponents of
the el ectronic nusical instrument through a bus B. It should

FIG. 11 is a flowchart indicative of flag process of the above-

mentioned electronic musical instrument;

FIG. 12 is a block diagram illustrating one example of effect blocks to
be constructed by the above-mentioned mixing apparatus together with an

internal DSP and an external circuit; and

FIG. 13 is a block diagram describing relationship between the
internal DSP in the above-mentioned mixing apparatus and the external

circuit.
DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS

This invention will be described in further detail by way of example

with reference to the accompanying drawings.
1. Overall constitution

First, an electronic musical instrument incorporating a mixing
apparatus associated with the present invention will be described. Referring
to FIG. 1, there is shown a block diagram illustrating overall constitution of
this electronic musical instrument. In the figure, a CPU 10 controls other

components of the electronic musical instrument through a bus B. It should
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7 be noted that the bus B includes a control bus, a data bus, and an
address bus. A ROM 11 stores a basic prohram and various data to be used by
the CPU 10. A RAM 12 tenporarily stores various data that are treated
during the course of control operation by the CPU 10. A switch panel 13 is
conposed of switches for selecting.tinbres of nusic tones to be generated
and for sethbd motedahabibe bugiBinchides acontrblaisaadat bus, @Godl diPhddieke bt i on
set by this switch panel 13 is supplied to the CPU 10 through the bus B. A
di spl ay 14 AROM41li storesia bysic ESgram @nd varidds dapsteebe dised byythea@PU  and
di splays the control information inputted fromthe switch panel 13 and the
currently st AnRé&Mzel2 temporsrilytsteresorariaits ditatthat @Rl iréatedidyréng afhley, t he
di splay 14 displays an output channel suffering fromoverfl ow caused in the
i nventive rqox:irsﬁﬂéppatr@ﬂ operation by the{RPWrlds Awswitch pahelidBds esmpdsegboar d
havi ng 88 nunber of keys., Each of these keys is provided with a key sensor
(not ghown)0 frsavitehassiariselecing timhres of spesiaitones ty be gensgatedand for keyboar d
15. The key sensor supplies, to the CPU 10 through the bus B, key

i nf or mat i oSCHURE VAEOHS %Seé&atﬁs:andmaéamemofcmt@%mformatlom@t dyer at ed

k k IK d ff KOFF, i ndicative of turnin
on ana of | tHBpEReh pan ?%sn?@gﬁnéd?@ﬂﬁc%mggamﬁ thabes B o4 display

pec. An iﬁléa%%txg&sﬁ i gggwouc @é@é@?ﬁ%ﬁ‘eﬁ" “gA Sopleheve
Feadabl o neAnHOl SofarmRoR iAmifiAd tBem oSk T 3 A Bie, AHTRBL 68 am

const 1 5 ut outigrrt, EhESh IR bt o e CPLL T FéP&P@uXeit@esﬁ@ﬂﬂﬂxﬁs‘f’ {hr ough
each of thg;iaPeahduthl Eﬂﬁiﬁél%ffetrﬂ?g M dverflow caused in the inventive

mixing apparatus.

Reference numeral 15 denotes a keyboard having 88 number of keys.
Each of these keys is provided with a key sensor (not shown) for detecting
performance operation by a player on the keyboard 15. The key sensor
supplies, to the CPU 10 through the bus B, key information such as a key
code KC indicative of the pitch of the operated key, a key-on signal KON
and a key-off signal KOFF, indicative of turning on and off respectively of a
music tone in response to pressing and releasing of a key, and a key touch
signal KT corresponding to key pressing speed. An external storage device
16 is composed of a floppy disk drive (FDD) or a hard disk drive (HDD) for
storing various data. A machine readable medium such as a floppy disk 16a
is used for installing program instructions to the electronic music

instrument.

A sound source 200 constitutes 64 channels by time division to

generate voice signals through each of the channels. In addition, the sound
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source 200 executes a predeterm ned algorithmto inpart effects. To carry
Qut these operations, the sound source 300 incorporates a DSP (Digital
Signal Processor) for inparting effects, in addition to a tone generator or
voi ce signal generating circuit. A waveform nmenmory 250 stores plural pieces
of basic waveforns for each tinbre. An external circuit 260 includes an

external ssgurde 200 execites aspredeiermuinedialgodtionabingidieeffeban TH

generated by the sound source 200 and an externally connected effector. A

del ay nmenooyt Avesei eperationsythersoundcsoyroe 20inebFporatesa BISB(Digitabener at ed

by the sound source 200 is converted by a DA converter 17 into an anal og
si gnal , whiSignalProsessnr) foy impartingleffects; in a88jticiBte artpne génefaten or
anplifier, a, |oudspeaker, and so on. 1-1. Sound source The
fol | owi ng Weisersigaal gmmn%]¢1mlbf gxmvsﬁmm mmnoln:%zmsm{qs{;d?eadce ;g EI G
2. As shown in t figure, the sound source generally constitutes a [
portion of Pa¢ES iogilé‘ﬁiq Wévﬁfmf%&ﬁ?&iﬁ?}mbg;b 1O¢Ptd§mallmhgilﬁbﬁgﬁan%h{lea
| st 201, i to the CPU 1( rou e bus o]
Cont ol of ABEXEETRAL Higal SOHNGe A SuPPY G Volée S0gnaln atberthan ose 202 r cads
f dat specified tinbr romthe waveform nmenory 250 by
operat1 ng Genaed BiEE soundsourcs 200 aRGL 8 FEiERsLly SonBeele offectarpia ch
ified Kk d is obtained., A volu change controll er
contr ol ot ARlaXBpRRTIL B Sasreh By &@mcoorpea;'e*&pﬁemmmg 202 suct
hat th | pdi cat ed by the touch signal KT,is obtaingd. The thus
E)b'zle ai neg ﬁ%ﬁFﬂgf‘?ﬁ 59‘6’#5%‘9@ ﬁé}quﬁB@ﬂr}mﬁ ﬁﬁwgﬁﬁrt@r @)2}‘1?%31;{) 1; ects
are inpart a i i nd t he yol une n controlle
oper a{ne) onﬁgalf)-é %zg@\’/ %@85335“@}%&&%% sybaag?‘g,ld F@P%mﬂgmqw

amplifier, a loudspeaker, and so on.
1-1. Sound source

The following describes constitution of the sound source with
reference to FIG. 2. As shown in the figure, the sound source generally
constitutes a main portion of the inventive mixing apparatus. In the mixing
apparatus, a control register 201 is connected to the CPU 10 through the bus
B to control other components of the sound source 200. A read circuit 202
reads waveform data of a specified timbre from the waveform memory 250
by operating memory addresses of the waveform memory 250 such that a
pitch specified by key code KC is obtained. A volume change controller
203 controls the amplitude of waveform data read by the read circuit 202
such that the volume indicated by the key touch signal KT is obtained. The
thus obtained waveform data provides internal input voice signals before
effects are imparted. The read circuit 202 and the volume change controller

203 operate on a time-divided 64-channel basis, thereby constituting an
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9 internal tone generator for generating different voice signals through
t.he different channels. Wien a néte-on event such as key pressing
occurs, the CPU 10 assigns a corresponding note to one of the 64 channels,
and wites mnusic tone control data for controlling occurrence of a nusic
tone corresponding to the note-on event to the control register 201 at the
assi gned cinfenadl tenegendaated fongeherating differentvoicersignalsrthrotglithe, t he
read circuit 202 and the volume change controller 203 cooperate to generate
t he corresédﬁ@ﬁﬂ@chaan@k%one. It should be noted here that the vol une
change control |l er 203 outputs the generated ngsic }one throggg each channel
directly to a mxer 210 in every sanple, period,or frane period on a

time- di ii ded 641 Ad10tg=00 gvegt Sucrlrlpasrlﬁ%' pressing oocuzse the/ €PWAO voi ce
signals from.the volume change controller 203, other voice signals fromthe

i nternal DRS1gB83 COTE BB Nofe Fe eneiofthe H4 ehpnncly and wiiies musieui t 260.
S gnal o, alRPESRERLOR GOl RS PCGRCE Gk ERGIS fans coespIndiog and
Signal of @ Ue/aRamavent fo i ednigaliesinier 201 she thsiznsttomnel 02 can
few vaver opArdAPE PO Afed Bt foleicoBerd) iy he Tead SR 202 aRuBE ) -
(o1 et ence 4o Cridosd Lot 28, OBl gbibiaR R BlufiiRliag, Lo o
The 1t er nBRSBETshERd bo St el Bhay R Sajyme.chargh GO 08 0T
Conver t or TPESNR Befiafel HRC ORR itGopReaff bitficP iRl to s rdiRE: ™

210 in every sample period or frame period on a time-divided 64-channel

basis.

The mixer 210 receives the voice signals from the volume change
controller 203, other voice signals from the internal DSP 205, and external
voice signals from the external circuit 260. The mixer 210 performs
predetermined processing on these input voice signals, and outputs resultant
mixed signals to the internal DSP 205 and the external circuit 260. Also, the
mixer 210 returns a specific voice signal of a given channel to the read
circuit 202. The read circuit 202 can write the returned voice signal to the
RAM area of the waveform memory as new waveform data. Details of the
mixer 210 will be described later with reference to FIG. 3. It should be
noted that the numeral attached to each signal line in FIGS. 2 and 3 denotes

the number of channels of voice signals to be transmitted by that signal line.

As described above, the internal DSP 205 imparts an effect to the
voice signal. Four channels of the voice signals outputted from the DSP 205
are supplied to the DA converter 17 shown in FIG. 1 to provide the final
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10 output of this electronic nusical instrunment. This el ectronic nusical

i.nstrunent uses the internal DSP 205 asllits final output stage in order to
make the final output stage in the electronic nusical instrunent operate as
an equalizer. This equalizer is one of the effect blocks constituted in the

internal DSP 205. 1-2: M xer The foll ow ng describes the
ni xer 210 outpidtofithis Slectromic emisicaldnsfrudesntr iThis electtdwicnnasieasi ng to be
executed in the mxer 210 will be described before the constitution

thereof . instrumentuses thetinteraal PSR 26Siasgtofinaheutputstage in ordedgoshown in
FIG 5, the mixer 210 receives a total of 96 channels of voice signals, 64
channel s fmaketthe fimalcoutput stage indheredectronicanubisahinstriment operataasr nal
DSP, and 16 channels fromthe external circuit 260. Then, the m xer 210
performs nef eApalizer. Thisequaligends opg ofdhereffeat Mocksiconstituted imtlesl by
setting #1.to s éﬂéﬂ 6 on the voice signal of each channel. Further, the
m xer 210 Hgﬁﬂﬁﬁ t | of 32 channels, 16 channels to the internal DSP
205 and 16 channels to the external circuit 260. The setting #1 to setting
#96 are witten 2% the CPU 10 to the control register 201. Setting #1 to
setting #64 corl’ Tt o sound channel chl to sound channel ché4,
respectively, of the internal tone generator. Setting #65 to setting #80

The DoP 205 o | B HIGHAREHssCahe} P inifet 20038 REriE 05 cobvRBamsient »
The: pr ocesSppirH 36e picchsba it 6F RRegu el th iR BRRE 270 i e RBEERELC | bea

later. before the constitution thereof.

1-2-1: Internal processing of the mixer

As shown in FIG. 5, the mixer 210 receives a total of 96 channels of
voice signals, 64 channels from the internal tone generator, 16 channels
from the internal DSP, and 16 channels from the external circuit 260. Then,
the mixer 210 performs multiplication determined by control information
presented by setting #1 to setting #96 on the voice signal of each channel.
Further, the mixer 210 assigns a total of 32 channels, 16 channels to the
internal DSP 205 and 16 channels to the external circuit 260. The setting #1
to setting #96 are written by the CPU 10 to the control register 201. Setting
#1 to setting #64 correspond to sound channel chl to sound channel ch64,
respectively, of the internal tone generator. Setting #65 to setting #80
correspond to output channel chl to output channel ch16, respectively, of
the DSP 205 to the mixer 210. Setting #81 to setting #96 correspond to
external input channel ch1 to external input channel ch16, respectively. The
processing to be executed according to each setting # will be described later.

It should be noted that coefficient multiplication processing corresponding

TN




It should be noted that coefficient nultiplication processing correspondi ng
t.o the setting # is not executed sequenilally in the order of setting
nunbers. For exanple, this processing is executed in the order of #1, #2,
#65, #3, #4, #66, #5, ..., #34, #81, #35, #36, #82, #37, ... as shown in
FIG 8. O the input/output channels of the internal DSP 205 and the
external cito ¢he settig #1is aot daecutedsequentiallydhthe ozdesof settihgt muinberst er eo
L (left) signal and the even-nunbered channels are assigned to the stereo R
(right) st feaiexamplecthis progessing s executediinthe wadeDSF¥# DA 465 1 #3;, #4t er nal
circuit 260 has stereo 8 channels (CHs) for the input/output thereof.

It shoul ¢ H&OnEDed.,tH3A, #8lo#350 #36n#8Rc#33; "mdmwﬁimvﬁl(% 8roOithel

i nput/out put channel is represented in_ | owercase "ch" ile a stereo

i nBut / out p%ﬂp%ﬂlz@m chanpels-efsthetiaternal DHR 203 aad the extemal efiroudt 2602

stereo input/o ut chanpel (CH) consi,sts_of two nonaural input/output
channel s F QHa%é‘Hngﬁrq ghannals gre assigned fo the stepee Lo{lef) signal @nd ti)m

stereo, the stereo, ch els to be syppljed fromthe internal DSP 205 are
represent eGV?%'qqﬁh?r%W %B[ﬁa@lgg tq theslgreq Bi(right) sigral. 210. . The

Tnput G ConstauPh ey St O e e mal S 208 aref e extersal oiciot 60 Mdnd, |
210 aro r oeeO R ainibp (CHEY tot it by Bb kTR i owed from the m xer
210. The stereo channels to be outputted to the external gi¥$ghftﬁ60n$;:r
210, For the | nbutk 9?%%%%@#%@&haﬁ“ﬁ?ﬁ@eagﬁé?gcf%é’ibﬁﬁe,maaga onel

| . ecause
panni ng. et bsoutBpr BASAS isTepudsnfetk h INPHEAE (B Wiile'a Sferbd)

panni ng has *no een execu
input/output channel is represented in uppercase "CH." Therefore, one

stereo input/output channel (CH) consists of two monaural input/output
channels (ch). When an input/output channel is represented as "CH" in
stereo, the stereo channels to be supplied from the internal DSP 205 are
represented in input CH1 to input CHS8 as viewed from the mixer 210. The
stereo channels inputted from the external circuit 260 are represented in
input CH9 to input CH16 as viewed from the mixer 210. On the other hand,
the stereo channels to be inputted in the internal DSP 205 from the mixer
210 are represented in output CH1 to output CHS as viewed from the mixer
210. The stereo channels to be outputted to the external circuit 260 are
represented in output CH9 to output channel CH16 as viewed from the
mixer 210. For the inputs from the internal tone generator, the input
channels are represented in monaural ch1 to ch64 (sound channels 1 to 64)

because panning has not yet been executed on these inputs.

1-2-2: Setting #(1)

This Sheet Has Been Replaced
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1-2-2: Setting #(i) _ 12

The foll owi ng describes the processing 0 be determ ned by setting #1 to
setting #96 with reference to FIGS. 6(a), 6(b), and 6(c). This processing
I s executed for each of the 96 channels to be inputted. The contents of the
processing for a given input channel i (i being an integer 1 to 96) are
deterni ned by vdhedoowiagaesofibesthe ptodessmytbedetetminéd bypgettingH#pwn in
FIG 6(a). The information of each of setting #1 to setting #64 is set
accor di ng tosething #hpmithreferencs to FIGS. 6(a)y 6(k) and 6(6)86&1151?!10@88

sound chanpel. Nanely, the nusic tone control data of each of the above-
nent i oned W%ﬁ%ﬂ “h ot theiB6 chaonelsi torbminputted. Thetcomgertsiof theor
exanpl e, assune _th% separate performances be sinultaneously nmade in piano

tinbre andPERﬁ%&n& mgwwm shanzel i ¢(idbeing andategerchtmB6) are he nusi c
channel | s0cteriRgd Dy arious pibes f contiol aptormatiomof settiag A shawndne
nfor mat 1 oR1Gr oy TG igtees %61 o0 o eaghop bR B8 é'éemngg#%t eSS sl separ at ol y
ciroutt ocRtaBa tafil mﬁéﬁiﬁtﬁ@ﬁlﬁ ORGOE OISO TSIy faclheowna t ch
ban i n or ety Nifhelshdng i30S foRudl dataot 98015& 16, 8bGHE. of st er eo L

: 32? erRmsir1ig]n eﬁHgﬁéé#g%Ma%&%h%@&g é}?}dl%g‘illg Qilg el I %il)sézsqrgnnent

the mult i Sff**‘?éﬂg%g?%?%{*@%‘fédé‘?%r Ofiafie b SRS ARy Fapid it “pan "
out put chaagp WEBHEHRY ﬁaﬁéﬁ?“’*éﬁ?%“?ﬁngﬁ%swﬁ‘?@%@%@ﬁ%ﬂﬁn@% eaeh

| nfor mat i GfusfStonR SotitPOl dhth CorREpBhBIRP IO HPHIMBBIB VR SertdihtdPintibe-

sound channel is set. Namely, a different setting #(i) is set according the

timbre of a music tone assigned to that channel. On the other hand, the
information of setting #65 to the information of setting #96 are separately
set for each effect to be executed by the DSP 205 or for each external circuit
260 to be connected according to an operation made on the switch panel 13.
The information or parameters of setting #(i) is composed of (1) pan
information L and pan information R indicative of a weight of stereo L and
R signals, (2) level information S1 to level information S4 for determining
the send level of these L and R signals, and (3) assignment information Al
to assignment information A16 for determining how to assign the
multiplication results determined by these pan information L and pan
information R and level information S1 to level information S4 to each
output channel,. The assignment information Al to the assignment

information A16 correspond to the stereo output channels CH1 to CH16.

“ﬂﬁ‘iiﬁ‘fii‘imiﬂ“ i




13 The foll ow ng describes an equivalent circuit of the m xer 210
with reference to FIG 7. In the circuit3 shown in this figure, as for each
i nput channel, a total of 5 channels of stereo signals are obtained, these
stereo signals being conposed of those obtained by weighting the input

voi ce signal according to the pan information L and R and then mul tiplying
the wei ghted i nfllie fobloweing desribes)ant dpuivalesit dirdudr oRtHeomidr 200 heirk!

i nformati on S4, and those obtai ned by dividing the input voice signhal into
the L and referepce to RIGh@uldnrthe tciywiuys slg)WheinthispftigumiaSEfoﬁbaﬁhlinpm any
mul tiplication coefficient. One of these 5 channels of stereo signals is
sel ected fchannelhadotaliof ohannels nfisteres sipfials arCidblaingd] tieesestegorent

i nformation, The simlar processing is executed on all of the input voice
signal s of signelobeingeompesed of thosd obtatined bytvecighting theanpubeojce anet er s
or coefficients of the pan information L and R_and the |level information S1
to S4 are Sighabaeeeuting todbe pasdnbenmation L, anth&and then myltiptyingthe
coeffici ents,l\gtﬁto_ MB ean be represented in conbinations for adding the pan
i nf or mat i oWeigkisd 1RPUL VoI signals by the lavel snfagmatiorsS14e leveln in FI G

6(b). The input chanpel vpice signal js multiplied by the 8 pultiplication
coefficCi eni‘&gwaf@n at@fgmﬁﬁ?&ﬁ& by, dividing thejinputreice signal dptoni ¢

e A bR s Bt r
esults oripiiplitsng Sostrgents Uiie ok thesa chamels Ol stmosenlsis 7. O
gEEER e e o
the assi oryiRBimbibA "Pd SinihPpRicessil S ¥xeeald'Sh 3 §fthe input voice

signals of the 96 channels.

It should be noted that the parameters or coefficients of the pan
information L and R and the level information S1 to S4 are represented in
dB (decibel) unit. Then, 8 multiplication coefficients M1 to M8 can be
represented in combinations for adding the pan information L and R to the
level information S1 to S4 as shown in FIG. 6(b). The input channel voice
signal is multiplied by the 8 multiplication coefficients M1 to M8 to produce
eight number of different stereophonic variations. Each input voice signal is
multiplied by the multiplication coefficients M1 to M8 represented as
shown in FIG. 6(b) in a time division manner by constitution to be described
later, so that the 8 multiplication results or variations can be obtained

equivalently shown in FIG. 7.

The following describes the assignment information Al to A16
included in the control information of setting #(i). The assignment

information A1l to the assignment information A16 are set corresponding to
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14 the stereo output channels CH1 to CH16. The assignnment information
each consisting of 3 bits determ nes selective assignnent of those

vari ati ons obtained without nultiplication of the coefficients and those
obtained by nultiplication by the coefficients to the stereo output channel
CH concerned. In detail, the contents of assignnent information A(j) for a
gi ven st er ¢éhe sterpanutpaincieinnels CiEl tg CHi16 .1 Thecassignenpinféimationsdaehn i n
FIG 6(c). For exanple, if the assignnment information A(10) of setting
#(79) is " consistingref3 bitsadeterhirigsl seleativenassignmens of thoseovatifdonsput ch79
by multiplication coefficient M3 is assigned to the L channel of the stereo
out put CH10btaingdawithout mudtiplication wfithe copfiicientsand thesesobtaimedbyt he

i nput ch79 by multiplication coefficient M4 is assigned to the R channel of
the same sDapgiplisation:bythecosfiaients torthe stereprouspuirchannslyCHg t he i nput f
voi ce signal fromthe channel of the stereo input CH8 (the output chl5 o
the int e?nﬁpnﬁﬁlﬂeﬂeg}l Cli’;t iGontentsiof assigamentiintermatior A(Hfogiagiven t he
external output ch3 of the ezlier,nal circuit 260, gnd the other_result of

mul ti pl yi n§terF@ OUEpRt channely & Reing;agnintegsr ohl to p6) ara showedeHIGi6ée). M i s
153 37" W xBor E5aGIHIE R T assiBhment iformiation AGIObsksetipa ARPEIHOL" 2
br ocessi ngrentihor BrafphEbeesitics Siemal filfe fngur <7 by rRabipicabiate: « er
rom the | foettiaeh{ BiL i3 Bisincd IO Tae L it of o lsTen gt CHIIQ, S8 Tre”
o each of Ayes FefkhEIRERIAT BRI FolleSieul of e dpbhERE O re " Sampi o
Cel ector 2ETRRcAonTRBHERT R4 i citntd td i R Hatnbl St e e Sferdo
output CH10. Namely, the result of multiplying the input voice signal from
the L channel of the stereo input CH8 (the output ch15 of the internal DSP

205) by multiplication coefficient M3 is assigned to the external output ch3
of the external circuit 260, and the other result of multiplying the same input
voice signal by multiplication coefficient M4 is assigned to the external

output ch4 of the external circuit 260.
1-2-3: Mixer constitution

The following describes internal constitution of the mixer for
executing the above-mentioned internal processing with reference to FIG. 3.
In the figure, a timeslot converter 211 receives the input voice signals
through the time-divided 64 channels from the internal tone generator as

- shown in a time chart of FIG. 8. The timeslot converter 211 compresses the
width of each timeslot corresponding to each of the 64 channels by the ratio
of 2/3. Therefore, in one sample period, 96 timeslots are created, which is

1.5 times the 64 channels. A selector 212 makes selection of the channels ch
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15 such that the total of 96 channels ch are distributed to the converted
96 timeslots in one to one correspondende. The total of 96 channels are
conposed of 64 channels of the internal tone generator, 16 channels from
the internal DSP 205 supplied through a DSP output port 213, and 16
channels fromthe external circuit 260 supplied through an interface 204
and an ext suchathatthetotad of 9%lchannels ch afe disixibatedito the cohvedéd 96onst i t ut es
providing means for inputting a voice signal generated by another tone
gener at or . titieslgfs dniatientp omercermesyondgrce. Fhe ¢dtad of Mockannelsarsi gnal . I n
the present enbodinent, an AD converter 261 is selected as one o the

above- nent ¢empesed oficd channels of the internaltone generaton) b chanmels fsomh as

m crophone i nput into a digital_ voice signal. The above-nentioned providing
means f ur t Hérinteraal RSP 205mupplicd GaavghadpSPemutpub pets213, and 16he

above- nentioned pr.ovi dj ng neans, the _present, enbodi ment .assunes_ a physi cal
model ton&lb@m@rlgﬁ’&mi externalsrenit 20 supplisdithreugh mmﬂerfmea’m«e@niy

si mul ati ng sound chani sm gf an acoustic rnusical instrunment to synthesize

the nusic %ﬁliteépgfm‘-’é(ﬂﬁlg # nusical instrument, and an external DSP 264
for inmparting an effect separately fromthe internal DSP 205. The physical

Mmstrumont |1 kelhe aarecaal SPLEFOusls rayidiedsans S%y?{tgt%ﬁ%%k?%ﬁdof
and 8. der PR IR ey e i & wéf aﬁq&lﬁé P 'Asitgérfgf fiegn seaaassfb;'r o
of the stri t !t 8 esgéﬁ il};'l]l[@ﬁcﬁrggg %{ﬁgg . nng e si mul ating
;Pgngry;géﬁ%ﬁiﬁiifgﬁl ré'?“i @f? t ﬁg A _&paﬁ g“ﬁ? ng a \égl ge
! Edferter 26 Pidsedited as dlie S dtitdhe or
kind of excrting signal Thto taﬁ: C e 00 (I nen ! xer
- - - - > b a
gilghafutc p;&cqﬁvabgphgwgﬁ@ﬁg?égﬂﬁ sich dd'hiCloptithe iBpRt ind W aipitd1diBg
signal. The above-mentioned providing means further includes an FM tone

generator 263. Moreover, for the above-mentioned providing means, the
present embodiment assumes a physical model tone generator 262 for
operating an electrical model obtained by simulating sound mechanism of
an acoustic musical instrument to synthesize the music tone of the acoustic
musical instrument, and an external DSP 264 for imparting an effect
separately from the internal DSP 205. The physical model tone generator
262 synthesizes a music tone generated by a stringed instrument like a guitar
for example. The tone generator 262 is composed of a nonlinear device
simulating the elasticity characteristic of the string and a delay circuit
providing a delay equivalent to the oscillation period of the string, both
being connected in a closed loop. An effect simulating the physical
characteristic of the guitar is imparted by inputting a voice signal generated
by any one of the above-mentioned 64 sound channels as a kind of exciting
signal into this closed loop (when viewed from the mixer 210, outputting the

voice signal to the closed loop), and by taking a signal circulating the closed
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16 | oop as an out put signal (when viewed fromthe m xer 210, this is an
i.nput signal). In this case, an excitint waveformrecorded with a picking
pul se of the guitar is provisionally stored in the waveform nenory 250. The
above-nentioned exciting voice signal is generated in the above-nentioned
sound channel when this exciting waveformdata is read out fromthe

wavef or m mioap gs an output sipnal (when viewed fronethieadixer 216; thiseraiits a

mul ti-bit parallel, signal and the signal provided fromthe external circuit
260 is a ssignal).simthis caserancexcitingiwaveformerezogdédiwith ppicking pulse ofr i al
converting capability of converting the parallel signal fromthe m xer 210
into the st guitar improvisionallystoradiin thei waveforasmemony 250. The
serial-to-parallel converting capability of converting the serial signal
fromthe efbevermentioned excbmg veisetsignalds generated gnahe mbovhementioned10.
Thi s arrangenent, reduces the, nunmher of termnals of the sound source 200
(refer to g‘?@ Q;laﬁ,@é:]sw enthis exciting; wayefosm datais sgadout fromdhet . 1t
shoul d be noted that the external circuit 260 may be arranged on the nain
board of tWVEIYIRIMHDOFrusi ¢ i nstrument, on which the sound source 200 is
mounted. Alternatively, the external circuit 260 may be connected to a

can change t ho ABfGce FEzal bealsd By faemizen 850 Adnalfy bik aralel Slggl

may be opt KRS @j@ﬁbﬁé&%ﬁﬁﬁpﬂm' 5 %ﬁcﬁ&égﬁﬁﬁ“ S e : 200

el ectronic LCal, cordi tQ t he.,nunmber o

ext er nal cﬁggg#’t @ez'ég&%%%g@%é%% ?-@19- l@T ﬁpﬂﬁgﬂg}%f:a HY ion, the

ror e for SR Beifitalel cigtahrolP N RteF £10 11D BB kspil %féq«(zﬁ? 3&%31 or
. = . . . ¢

Cont | gur at eEL GRATPD60; Ad B SHAR0- pira Bl CorPl IR AR OFC ' 10" he

converting the serial signal from the external circuit 260 into the parallel

signal to the mixer 210. This arrangement reduces the number of terminals
of the sound source 200 (refer to FIG. 2) constituted by a single-chip
integrated circuit. It should be noted that the external circuit 260 may be
arranged on the main board of the electronic music instrument, on which the
sound source 200 is mounted. Alternatively, the external circuit 260 may be
connected to a connector arranged in the interface 204 of the main board.
This arrangement can change the number of external circuits 260, thereby
diversifying capabilities of the electronic musical instrument. The external
circuit 260 may be optionally arranged on the main board, hence the grade of
the electronic musical instrument can be changed according to the number
of external circuits 260 connected. Namely, for a high-level application, the
number of external circuits 260 or optional devices may be set to three or
more; for a medium-level application, it may be set to one or two; and for a
low-level application, the external circuit 260 may be omitted from the

configuration. In case that the external circuit 260 is connected to the
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17 connector of the main board, two or nore boards havi ng external
circuits 260 having different capabilitli’es are prepared ans sel ectively
connected as required so as to change the grades of the el ectronic nusical

i nstrument. Now, in each of eight timngs or sub tineslots obtained
by dividing one tineslot after the conversion, a nultiplier 215 multiplies
the voi ce ¢ompeptonef thexmain boayd,diwe or meerefboards havimg externaléizciits t hat
tinmeslot by the nultiplication coefficients ML to MB determ ned by the
setting #(460 bawing d@éerem D&p&bﬁltIIaScaIBtprzpﬂeldaanSMwﬂﬁeelycdmmeﬂ@as (2)1‘1 7t he
sanme channel as it is without the nultiplying. A latch circuit group

| at ches trr@qgﬁr@dtsw {9 gharge thmgraéi.emqf&hereémtmmummi tnstrgment.t o 2104
correspond to L and R of output CHL to output CH8 and L and R of output CH9

to out put CH16...In qther ds, . t.he accunu|ator 2101 cqrresponds_to the
odd. nunbered dNGWhdnEaEh Qlreight HRHRES BEU mesloteahtained by dividing: hs,

cccuml ai SmARESRR 1A 8&%&%’@5?@35&?&&;%4&%&%%?&Hgko?epi et nal
i h h14, 6
suppl | od (OERRCT Frami GeuBgid ﬁ%ﬁﬁéﬁ%‘é i réfl%ieé;asﬁ‘rﬂegﬁsivg; : ht: he
i . . , ch7,
cho, "on1 1 AT efdfeigfiSiln MR elemingd B (Be Refting #0) ¢ 260, The
out put choRercedoA G iRt 2t faeHETHHY YRS Wb O e e Shatiip”
ouppl {9 8 t ew R TAL siulfiling R Jae ARG IDRREIZ R Bt oo
'n each tifigfiflication results: Néxt, ACEHTIALHS 2567331604 E8rrblpddiftdLxe’
and R of output CH1 to output CH8 and L and R of output CH9 to output

CHI16. In other words, the accumulator 2101 corresponds to the odd-
numbered channels ch of internal DSP input channels chl, ch3, chS, ch7,
ch9, chl1l, ch13, and ch15 to be supplied to the internal DSP 205. The
accumulator 2102 corresponds to the even-numbered channels ch of internal
DSP input channels ch2, ch4, ch6, ch8, chl10, ch12, ch14, and ch16 to be
supplied to the internal DSP 205. The accumulator 2103 corresponds to the
odd-numbered channels ch of external output channels ch1, ch3, chS, ch7,
ch9, chl1, chl3, and ch15 to be supplied to the external circuit 260. The
accumulator 2104 corresponds to the even-numbered channels ch of
external output channels ch2, ch4, ch6, ch8, ch10, ch12, ch14, and ch16 to
be supplied to the external circuit 260. The accumulators 2101 to 2104
concurrently execute processing for different output CH of the same channel

in each timeslot.

1-2-4: Accumulator constitution in the mixer
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The follow ng describes constitution of the accunul ators 2101 to 2104. The
accunul ator 2101 is exenplified with ref8erence to FIG 4. The latch circuit
216 and the latch circuit group 217 latch a total of 9 conmputation results
for one tineslot as described above. The conputation results includes those
obtained without performng nmultiplication on the voice signal and those

obt ai ned by nul The!fpllewingedeseribes @onstititiorabf e avdumpldtoss 2001 to
coefficients ML to MB. A selector 2111 sequentially selects the

mul ti pl i ca2l84. rBmiaccumulatori2hl tis exemplifishwitinteferdnoertot Fih, 41 The A8 of
setting #(n) with the sane tim as the timng of the nultiplication by

t he nulti pldteh cirwit 2b6nand thbdalo?lm' tingpid groupad 7Hatoh a toiahgf One ti mesl ot by
8. The selector 2111 supplies the selection results to one input term nal
of an addeeomputation gsesults forgng Emeslatassdepcribedaatioves HThe conputatienl t s of
the addition Ahe adder 2112 in synchronization with the selection timng
of the sel 5 lnozmsﬁ%s s¢ obtained without perfaruing mudtipbicatiopomithey t o t he

A e T T
Lader 511 ameRlicatian soetticients MTTa M8, A sclictonel Tk sedusntially scleats ci oses
The” addi 1 B¢ multipfcaton iR Apriing Wette BRI gubhbilermation bk Ao

adber 21155t ing R wiBRte sags biding asshe Sibinent Bl eRiGuby B 11 nal
"h one sarugipfiF FISChaeRy i (RuBE WsaERA Py (GdiE ophirbrsior Byl ot er

28 1s sel oEnESefE TR TLL Blobfise e SEEHnBENIY 14 B TRLERTRIN 8800 "

stage of iy i12." A% KitEregddttr 213 354G0bhAINY IhifS the results of the

addition by the adder 2112 in synchronization with the selection timing of

the selector 2111. The number of shift stages is 8 corresponding to the L
channgls (ch1, ch3, chS5, ch7, ch9, ch11, ch13, and ch15) of output channels
(CH1 to CHS8). The addition results outputted from the shift register 2113
are sequentially supplied to the other input terminal of the adder 2112
through a gate circuit 2114,

The gate circuit 2114 closes only in the first of 96 timeslots in one
sample period in order to prevent the addition result corresponding to the
last sample period from being supplied to the other input terminal of the
adder 2112. Consequently, the adder 2112 accumulates 96 timeslots of data’
in one sample period. The final output of the accumulator 2101 is provided
at the last of the 96 timeslots in one sample period as the data set to each
stage of the shift register 2113 after the computation result determined by
the assignment information A8 is selected by the selector 2111. The final
data accumulated in each stage of the shift register 2113 is supplied to the
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19 i nternal DSP 205 (refer to FIG 2)|qthrough the DSP i nput port 218
(refer to FIG 3) as the L part of the output channels H to H3 of the
m xer 210 in one sanple period. It should be noted that, in the
accurrul ation in one sanple period, any of the output channels may cause an
overflow. Therefore, the adder 2112 outputs, as overflow information, a

flag that istepnil DSP 205 (Fefor enFiGe2 ltmmmnesnsmﬁllgrpaﬁ 278 gféfeﬁté‘lb

timesl ot at which the overflow flag has bé€en turned can indicate the
out put chaiNi@. 3)aswhe Ipid of o€ bltpiy dhanneRIHEN t8/HR of tHdmiker21 0t dmens of

t he accunul ators 2102 to 2104 are the sane as that of the accunul ator 2101.
However , tbanﬂ@gnmknmors 2103 and 2104 process the output channels CHI to
CH16, so that the assignment information A9 to Al6 are supplied to the

sel ector 2111. The output of the selector 2111 is supplied to the external
circuit 260 thrfshoulddenotedrthat,dnttheacoumulion imdneisaniple etk adg4
(refer to FIG 3). As descri bed above, in one aspect of the

i nvent i on, of ithe ontput channels mhyncaiseqpmoyerflows Therefors; thecadderf 2112

synt hesi zing M=32 channel s of output voice signals from m=96 channel s of

i nput voi coutpusaasoverflowdnfomaation,sa flagithat is-setitdi"i] whemanioverflowosed of
the read circuit 202 and the volunme control circuit 203 to constitute an

i nternal t oacuxsedeterarination pf @sub timesladat svhichdhe overflapuflag hiasbeengnal s
at a franme period that,is arranged with n nunber, of tinmeslots to
~accommmdat timgd " eanindieateshefoutput channelinivebick theoverflove hrs takeny means
I s conposed, of the tinesl ot cq&gg&;er 211 for rearranﬂbng the tinmeslots so

as to i ncrBlase. thae somsitutians apcumpilatars (R o2 FV4vare the samerasane
period, angd for_ distributing e n=64 channels of the in voi.ce signals
to the r eaa'#aé et@ﬁﬂ@?@?@f VGESs &Wmuwa? andd 04 nesl ot s
wthint hep;orc%gg the ou d1'1t gﬂfnnse?g 2&29 to CH16, so that the assignment

information A9 to A16 are supplied to the selector 2111. The output of the

selector 2111 is supplied to the external circuit 260 through the external
output port 219 and the interface 204 (refer to FIG. 3).

As described above, in one aspect of the invention, the inventive
sound mixing apparatus is constructed for synthesizing M=32 channels of
output voice signals from m=96 channels of input voice signals. In the
apparatus, first providing means is composed of the read circuit 202 and the
volume control circuit 203 to constitute an internal tone generator for
providing n=64 channels of input voice signals at a frame period that is
arranged with n number of timeslots to accommodate the n=64 channels of
the input voice signals. Rearranging means is composed of the timeslot
converter 211 for rearranging the timeslots so as to increase the number of
the timeslots from n to m within the frame period, and for distributing the

=64 channels of the input voice signals to the rearranged timeslots so as to

create m-n=32 number of free timeslots within the frame period. The second
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20 . providing nmeans is disposed in thed@ormof the external circuit 260
separately fromthe first providing neans for providing at nost m n=32
channel s of input voice signals in addition to the n=64 channels of the

i nput voice signals. Allocating neans is conposed of the selector 212 for
al l ocating at nost the mn=32 channels of the input voice signals to the m

n=32 nunbeprotidihg rheass 19 dispbséd irs therforn® of the BRRIAAECHELR GG he frame

period the m=96 channels of the input voice signals provided from both of
the first geparatebyofromntire first grbvicﬁﬁgqndamprﬁ oM ifi-pg32eans is
conposed of the multiplier 215, the [atches 216 and Z17,. and the

accunul at ochagnels ofinpi®#oice sighalsip addition36 thbar6d chaindldef ithe ipwioi ce
signals with one another to produce the M=32 channels of the output voice
signals. voice signaisr Ablocatingemsansis compoged: pftheselector212for ncl udes
setting neans in the formof the control register 201 for setting control
i nf or mat i oallpcatinglat anostithermas=32 chantels of the dnpupvoicesigralsitgrtheam- The
control information setting# contains a pai'r of pan parameters L and R

ef fective ns32inumbpenofithe freg timestots saas toraccommodateswithin th feameinber  of
| evel parameters S1-S4 effective to determ ne different volunmes of each

i nput voi cperipgriie meR6 ohannelsoftheinpid siojeersignalsprovitded from-bath of
effective to assign each input voice signal tqQ M2 nunber of stereo .
channel s ¢ r%tdaoai&mﬁernma% the seconst provading means.oMixing gpeans is| n

such a case, the mixj means.nulfiplies each_input voice_sjignal by 2k=8
nunber of Emséabyfttg%l‘muﬁﬂﬁé@rﬁ/iéhﬁﬁ@‘ﬁ%@§%é 3l’90mdﬁbepair of the
pan paraneters and th = er of, the ] evel anet er o,produce 2k=8
nunber of dermp) 958’31&3@&%@@@ ¢ P96 Chanalh ok the ikptt veicp
2551 90° g TOWRHBEE aRbihdYho ot 153 Ni2a5 WanBd Feré Sutpiiveios” '™

signals,

Preferably, the sound mixing apparatus further includes setting
means in the form of the control register 201 for setting control information
to each of the m=96 channels of the input voice signals. The control
information setting# contains a pair of pan parameters L and R effective to
stereophonically locate each input voice signal, k=4 number of level
parameters S1-S4 effective to determine different volumes of each input
voice signal, and M/2 number of assignment parameters A1-A16 effective
to assign each input voice signal to M/2 number of stereo channels
comprised of the M=32 channels of the output voice signals. In such a case,
the mixing means multiplies each input voice signal by 2k=8 number of
coefficients M1-M8 derived from combination of the pair of the pan
parameters and the k=4 number of the level parameters to produce 2k=8
number of variations of each input voice signal, and then selectively assigns

the 2k=8 number of the variations to each of the M/2 number of the stereo
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21 channel s according to each of th&lM 2 nunber of the assignment
paraneters Al-AlG6. Preferably, the m xing neans successively
accurul ates the n=96 channel s of the input voice signals throughout the
frame period for each of the M=32 channels to produce the output voice
signals. In such a case, detecting nmeans is provided in the formof the

adder 2112channelstaecbrdingwoasach\sfithe M/Daattitier Jf the assioniidit piraiieeery=32

channel s during successive accunul ati on of the input voOice signals in order
to remove AdeAoMer fl ow. Preferably, The sound m xi ng apparatus has
the setting neans in the formof the control register 201 as descri bed
before for setting control information setting# to each of the nm=96

channel s of t hePrefiesablyythe mikingheanSisaccessively aoctunmutatesothesat=06ng# i s
conpatible to all of the input voice signals. In such a case, the m Xxing
nmeans m xechanrelsefaheinputveicstsighalsithpenghattdbe framelperiad forgachaobt her
to produce the M=32 channels of the output voice_signals according to the
cont rol i nthe Ms32 chennelsitgproduce she outputivoise Stgné&r Insucha ¢asgyt voi ce
signals provided by the second providing neans can be treated by the m xing
nmeans equi defieshingymeans isprovideddn the form afthatadder 2d12ifgnaletegtingi ded by
the first providing neans. Accordi ng to another aspect of the

i nvent i on, Whiea @ W PeCcurR alene er moreqf thedw32channeds duringusi ¢
application. In the integrated gircuit deyice, a tone generator section is
conposed &UWSW&%F%HWE&UP the@puh ¥oies sigaa c& $AdEBIQVErthen3 f or
internally generating nusic tone signals through a plurality of

time-divis? OWhannel s. An input section is conposed of the interface 204
for receiving nusic tone signals that are externally inputted fromthe

external circul i’reztglgablfr‘, &soun rmfﬁ%tgi fprbe{rgm‘ss%rgjsotﬁg%e&finé r1‘1$eans in the
form of the control register 201 as described before for setting control
information setting# to each of the m=96 channels of the input voice signals.
The control information setting# is compatible to all of the input voice
signals. In such a case, the mixing means mixes the m=96 channels of the
input voice signals with one another to produce the M=32 channels of the
output voice signals according to the control information setting# so that the
m-n=32 number of the input voice signals provided by the second providing
means can be treated by the mixing means equivalently to the n number of

the input voice signals provided by the first providing means.

According to another aspect of the invention, the inventive integrated
circuit device is used in music application. In the integrated circuit device, a
tone generator section is composed of the read circuit 202 and the volume
change controller 203 for internally generating music tone signals through a
plurality of time-divisional channels. An input section is composed of the
interface 204 for receiving music tone signals that are externally inputted

from the external circuit 260. A processor section is composed of the
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22 .internal DSP 205 for nodifying yaveforms of the nusic tone signals

ei ther being generated by the tone generator or being received by the input
section. A register section is conposed of the control register 201 for
regi stering control information setting# conpatible to all of the mnusic
tone signals being generated by the tone generator, being received by the

i nput sect tersdldDSP DAS #oeiio 1h Wi RIRRUTIRE MESic Bfie sf%ﬂmé%&ﬂfeect i on
is conposed of the multiplier 2 the | at ches 216 and 217

accunul at Obemag fénérated By thetore gemtdlfbrrbéing rée¢ivedibynile Eu

anot her according to the control "information Setting# such that the nixer
section calA m%stealseotlbn is conipoved off thetoomtoliregister261 forregibterivg
generated by the tone generator, being received by the input section and
bei ng nodi t:onttobynﬁdrmatromsstﬁng#mnpmbleﬂm alliof tite sarsic doné sigmadposed of
the ports 218 and 219 for externally transmtting the nusic tone signals
m xed by tbeing gememsted byrthe tone genérator,dieing received hyhthe inpuésectibnt he
invention, the mixing apparatus is constructed for mxing input voice
signal's w mdémhgmmé:fxambytwpmasaopsncﬁm cA miigensectiomist¢amposedt i ve
m xi ng appar at us, enerator is osed of the read circuit 202 and the
Vol ume. chaabihesilphes 13 the lehesil.and 217 endihe dcoummsatoss 2408 dona
channel s for |nternaIIy enerating the predeterm ned nunber of input voice
signal s at 24@éfox mngpge mslq tone signals witheng agothasraacesding fiethe of
timeslots to ac date the det erm ned nynber of the input _ voice
signal s wi @ﬂnﬂoiﬂbﬁn?mlbs tin § Cﬁ HBatthe mixer serftoncean equivalentlyi on of

the sanple periQd sp as to increase total nunber of the tinmeslots within
each sanpl @epbaﬁ&f- tﬁ&rﬂ“ﬁlﬁs’@ﬂﬁ@éﬂ%@s%@&%ﬂ@t@&ﬁé&eﬁgﬁﬁ@m@fa@ﬁe i nput
Voi ce 5|gnlstothe ased nunber of .the tine as to create an
extra nunbBf rq%\@d BX@E é@E“W qlﬂ%%ﬂ:i? Oésléﬁé%o&e‘lﬂf@@ﬁﬁ@'rface 204
e oGkt Ru REErPh 4 BBHiposBa St e ks 208 Qs fom the extra

externally transmitting the music tone signals mixed by the mixer section.

According to a further aspect of the invention, the mixing apparatus is
constructed for mixing input voice signals with each other to produce output
voice signals. In the inventive mixing apparatus, a generator is composed of
the read circuit 202 and the volume change controller 230 that has a
predetermined number of internal channels for internally generating the
predetermined number of input voice signals at each sample period divided
into the predetermined number of timeslots to accommodate the
predetermined number of the input voice signals within each sample period.
'The converter 211 converts division of the sample period so as to increase a
total number of the timeslots within each sample period, and distributes the
predetermined number of the input voice signals to the increased number of
the timeslots so as to create an extra number of free timeslots within each
sample period. The interface 204 can receive the extra number of input

voice signals provided from the extra number of external channels of an
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23 . external signal source disposgd in the formof the external circuit
260 separately fromthe generator. The selector 212 allocates the extra
nunber of the input voice signals to the extra nunber of the free
timeslots so as to accomobdate within each sanple period the total nunber
of the input voice signals provided concurrently fromboth of the

gener at or ] . di ' esfen I plier
215, the Igtﬁ%#elgpgl%tagEg&fﬁf,hsﬁgé&?ﬁg%{%tﬁngfg’?%r S Zl%lfld?gﬁg?ogg for m xing

the total telfronfthe BatieratoR! The $é188iot 2172 Ml6E e B BrfralmufAbegiuce

t he out put vol ce 5ignals. Preferably, the processor weights the

i nput voi cgf ghafifhst voieBSigiks 1o #hé exfraGRufibenst thefiee Hiaeslutaseas the i nput

voi ce signals to produce each of stereophonic output voice signals. Each of

the accunujedsrhmoddié withivedrh’ddidplepéried tiotstabmimbes of $hé wsput voice

accunul ates the total nunber of" the i'nput voice signals throughout the
sanpl e per ipghatoprovided wonduerentcfrond bbtteobthengéneratereasd thraimterfacesuch a
case, a detector is provided in the adder 2112 for detecting when overfl ow
occurs dur Anprooessesisi composedof the nmltiplieh215thetlatches216 amh247, andr der
to save the output voice signal fromthe overfl ow Preferably, in

t he i nvent thecacourulaters2101 ts 2104<for anixing the gotal anmber ofrtheiigput set ti ng
control information setting# to each of the input voice signals. The
control i ntoicessignalsswithi ongranstheotp produee the attputivoice signals. voi ce
signals wi thout discrimnation between the internally generated input voice
signals and the_externally provided input voice signhals. The processor

ni xes all of thBrefepablyythe pragesser weights the dnpubvoise signglsoparstheach of

t he out put_ voice signals according to the contro] information setting# so
that the elnput vaigesignals apd acepmulatesdbe inputveicssignalsdomproduee €aehr nal

si gnal

of stereophonic output voice signals. Each of the accumulators 2101
through 2104 in the processor successively accumulates the total number of
the input voice signals throughout the sample period so as to produce each
of the output voice signals. In such a case, a detector is provided in the
adder 2112 for detecting when overflow occurs during successive
accumulation of the input voice signals in order to save the output voice

signal from the overflow.

Preferably, in the inventive mixing apparatus, the control register 201
provides setting control information setting# to each of the input voice
signals. The control information setting# is compatible to all of the input
voice signals without discrimination between the internally generated input
voice signals and the externally provided input voice signals. The processor
mixes all of the input voice signals with one another to produce each of the
output voice signals according to the control information setting# so that the

extra number of the input voice signals provided by the external signal

o i



24 . source can be treated by the g{%cessor equivalently to the
predet erm ned nunber of the input voOlce signals generated internally by the
gener at or. Preferably, the interface 204 is connectable to the
external signal source conposed of an optional device selected fromthe
external tone generator 262 or 263 for generating an input voice signal,

the anal ogsé@rcedtiai b@ltre@md/b the 6desisor eqaivalenily do 2he prediterained si gnal

fromanalog to digital, and igital signal processor 264 for digitally

processi ngnambermfctheqnpat voimadlgnals generdied intérnaliyrtyy tirsgendrasomper at i on
of the above-mentioned electronic nusical instrument. FIG 10 is a

flowhart indicative of main operation of the el ectronic nusical

i nstrunent. Fi r Preferatedy, theinterface @0dcisroonneatable o therexternal sigmal ed on,
the CPU 10 executes |n|t|aI|zat|on process in step Sal. In this

i ni tiali zasouncegasnpescd ofianrptional deviesselecteddrent ther@:tgrmletoncor ed in
the external stora e device 16 in the |last processing is read to use this
setting stgememator 262 or A63:far ganerating ag. inwk voicensigual) the apaleg4of or a
trigger in step Sa2. The trigger is caused by any one of the follow ng
events:  digi (cppverweaﬁelfqrmmg@armpnsvm@ mabéd)mtamle&ﬁe as the
occurrence of an event in state of the swtch
panel 13 hdigitHanndthe dlgltal SIgsal Hosce‘m% ally pracessing ammen
reached; .(4), the power switch has been tur ned of f; and (5)
other eveny@ice signal.

The following describes operation of the above-mentioned electronic
musical instrument. FIG. 10 is a flowchart indicative of main operation of |
the electronic musical instrument. First, when the electronic musical
instrument is powered on, the CPU 10 executes initialization process in step
Sal. In this initialization process, the RAM 12 is reset, the setting state
stored in the external storage device 16 in the last processing is read to use
this setting state for the current processing. Next, the CPU 10 checks for a
trigger in step Sa2. The trigger is caused by any one of the following events:

(1) a state of the keyboard 15 has changed (the same as the occurrence

of an event in MIDI);
(2) a setting state of the switch panel 13 has changed,;
(3) a predetermined time interval has been reached;
(4) the power switch has been turned off; and

(5) other events.
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25 For the status changes)¢f (1), (2), and (4), the CPU 10
sequentially checks the state of each corresponding portion, and stores the
check results into the RAM 12. Then, the CPU 10 reads the state of each
portion stored in the |ast check, and conpares it with the result of the
current check. If a change is found between these checking operations, it

I ndi cates that § iy k ) VETO n be
caused by the sggfe%%ﬁ%gcfdlz. | f dﬁﬁ@?bg@? aihg((fq?)’ut?ligqi}ﬁ stegeé%%ﬁ?l%% CPU 10

returns tccldoks thedstaterst edvhi corréponding paetionOand stbres She checkréqiltrand,
if atrigger is found, the CPU 10 deterfrines in step Sa4 as to which of the

events (1)inte th&RAMI$2s THea, thé GPY 10 reads the ftafe ofeadhopodion stoesd img
If the trigger is caused by the event (1), the CPU 10 executes keyboard

pr ocessi ngherlast elpediy andi¢wmmnpasasdamdthp the rsulthof thecturdenst chistks elf-&ey
processi ng and rel eased-key processing. In the pressed-key processing, the
CPU 10 t r acheingesisifeyndrbstwieenrthesochecRing mpeeations, tihindiegtesthata status t he
sound source 200. At the sane tine, in order to execute sounding of a note
associ at ecchange has takienyplacesThegventeof (Pleabesauspdby the systetrecldtksound
channels that is free to this key gressin . I f the sound channel s of the
sound sourlfmetiiggarasfoundinystep ba3cthe CPU dPretums toisteprSalcandveaits a
channel in which the sounding has progressed nost or a channel in which the
soundi ng Heg astriggardocaauy. L therethasihand, ifa &riggeris found, the 10
~forcefully provide a free channel. This free channel is assigned to the

soundi ng igterminesdnftep Sadasdeywhichsef the. events (1) te(S3mauses the triggerisi c
tone control data corresponding to the specified tinbre and correspondi ng
to the key code_&ﬁ&ka d kgy touch KT indicated by the above-nentioned
key-on i nf or mat4-dn KeyRomdRIREeSSiBEca of the control register 201
corresponding to the assigned sound channel .

If the trigger is caused by the event (1), the CPU 10 executes
keyboard processing in step Sa5. The keyboard processing includes
pressed-key processing and released-key processing. In the pressed-key
processing, the CPU 10 transfers key-on information KON caused by the
key pressing to the sound source 200. At the same time, in order to execute
sounding of a note associated with this key pressing, the CPU 10 assigns one
of the 64 sound channels that is free to this key pressing. If the sound
channels of the sound source 200 are all busy, the CPU 10 turns off the
music tone of a channel in which the sounding has progressed most or a
channel in which the sounding has started early and the volume is smallest,
to thereby forcefully provide a free channel. This free channel is assigned to
the sounding associated with the key pressing. Then, the CPU 10 writes
music tone control data corresponding to the specified timbre and
corresponding to the key code KON and key touch KT indicated by the
above-mentioned key-on information to the memory area of the control

register 201 corresponding to the assigned sound channel.

i



26 In the sound source 200, ?‘ﬁe read circuit 202 reads out the
wavef orm data of the specified tinbre fromthe waveform nenory 250 based on
this music tone control data set to the control register 201 by operating

t he address of the waveform nenory 250 such that the pitch specified by the
key code KC acconpanying this key-on signal KON is obtained. Al so based on
the music tone EpfHd eurtfscuie!200) thetesd irchlt 2P0 o Ghe viefoph! T

change controller 203 controls the envel ope o s waveform such that the

vol une spegathigfths Bﬁi&?ﬁrﬁlﬁ%?ﬂoiﬁ&ﬂéwﬁbéﬁirﬁ?ﬁaeﬂ@gﬁzsti) Bas¥@ opethis gnal

corresponding to thrs key pressing begins to be generated. The generated

voi ce si gnusictdiie’Eonted] dataldee to'the tontBl régisteh Q01chy opepitask thwgt , as
descri bed above, the nusic tone control data of the sound channel i ncludes
setting #laddreseof ithe wiveformithemory 2507%th thiat thepitehispecifiedbytthe
soundi ng, the setting #(n) for the sound channel nis set. On the
ot her handkey coddK® ammpanzing;this kepom siFhal KON i9obtained e Adst basedy - of f

i nformati on KOFF caused by this key-releasing to the sound source 200. In

t he sound cmwthe midiO tond eontreli data setito tHé Zoatml cbgister 20 4hesoldnmhannel s
for one that is generating the nusic tone corres%c;gdi ng to the rel eased
key. |f thchangeacontroller 203 controle theenvelope wfithiO®ave stich thatoiheg of

the waveform data bei ng executed by the key-on KON corresponding to this

key- of f KGroluime specifieddynthekey teuch Kitisthtaimed. ndhusctheeveicatsigmalof t he

voice signal. It should be noted that, after the above- nentioned keyboard
pr ocessi ngcorresponRlingdorthis ke pressing pegins tode gentratedst The genecgated
2-1-1: Mxing operation The foll owi ng describes m xing operation to

be execut eichsignalrissupplicddoithe mixeri2dd. 1§ shouldbgmoted thatriasst | t he
[ [ I f 64
voree sie n(?esséricl))ed above, the music tone control data of the sound channel includes
setting #1 to setting #64 of the mixer 210. At the beginning of the sounding,

the setting #(n) for the sound channel n is set.

On the other hand, in the key-releasing process, the CPU 10 transfers
the key-off information KOFF caused by this key-releasing to the sound
source 200. In the sound source 200, the read circuit 202 searches the 64
sound channels for one that is generating the music tone corresponding to
the released key. If that channel is found, the read circuit 202 stops the
reading of the waveform data being executed by the key-on KON
corresponding to this key-off KOFF for this sound channel, thereby ending
the generation of the voice signal. It should be noted that, after the above-
mentioned keyboard processing, the CPU 10 returns to step Sa2 to check
another trigger.

2-1-1: Mixing operation

The following describes mixing operation to be executed when a

music tone is supplied to the mixer 210. First, the voice signals of 64

This Sheet Has Been Reﬂlaced

[T



27 channel's are processed such thatysthe anplitudes thereof have been
controll ed by the volune change controller 203 (refer to FIG 2) so that

t he vol une specified by the key-touch*KT signal is obtained. Thereafter,
the voice signals are inputted in the tinmeslot converter 211 (refer to FIG
3) of the m xer 210. The tinmeslot converter 211 conpresses a width of the

ti | ot ' ' 2/3 with th
start poi nEEEEREOR PbceRsar el ihdt tho MRS MeltohMfE Dl v sion
creat es O%x{tﬁﬂfecfb?tstHE%ﬂuﬁfé ARrSIIE03 freféofo 2756 fHa the t 0! al

of 32 free slots as own I n Fl ) e selector 212 selects internal DSP

oULPUC S © il 4HGRIARETHRAHY Re9 Aol KTPTtel RSB Afean Theséafagine nout

chl to chl6 com t'he external circmt 260. The selector 212

sequent i alygic@sfdiiil§ atd Bfsuttstlid tindinealstobtiverte? zme?ef ' tocFEG o8 pof Thus, a

total of 96 charmmels including the 64 internal channels, the 16 channel s

out put t ed the efixer 2101t The aiméXiBt 20avener21 heohfprexsey awtidtihafides s i nputted

fromthe external circuit 260 are assigned, respectively, to the 96

tinesl ot s tihbslionedriesponding iseach bl thé64tinternabelsannels to 2/3ewith there

mul tiplier 215 (refer'to FIG 3) operates in each timng obtained by

di vi di ng atertpoinsobeadly oddtmurebersthsliosléfy umchanged. This conversiognal of the
channel assigned to the tinmeslot by the multiplication coefficients ML to
MB det er migreatesyne fees skot neyt to echeevsnynambered Skat, amonsiting tosa tatalwf i n

FIG 9. Then, the latch circuit group 217 (refer to FIG 3) latches the 8
mul ti pl i c&2 freersbots assshowm in FIG. 8. (Fhe iselector 212 selecthinterntal DSBi ce si gnal
as it is. Therefore, the latch circuit group 217 and the latch-circuit 216
| at ch a t endputs clél twochil6aoming fron the intetnadiDSP 206sandexternakinpyuts

mul tiplying and not nultiplying the voice signal by the nultiplication
coef fi ci erohd tonchl6 nemmgfwmﬁ%nmxtema&mmﬁ%&nﬁcimtorm erefore, for

one input channel_ ch, the conputation results before selection by the
sequentially assigns these additional channels to these free slots. Thus, a

total of 96 channels including the 64 internal channels, the 16 channels
outputted from the internal DSP 205, and the 16 external channels inputted
from the external circuit 260 are assigned, respectively, to the 96 timeslots
obtained by compressing the 64 timeslots.

Next, the multiplier 215 (refer to FIG. 3) operates in each timing
obtained by dividing one timeslot by 8 to sequentially multiply the voice
signal of the channel assigned to the ﬁ;neslot by the multiplication
coefficients M1 to M8 determined by the setting #(n) assigned to that
timeslot as shown in FIG. 9. Then, the latch circuit group 217 (refer to FIG.
3) latches the 8 multiplication results, and the latch circuit 216 latches that
voice signal as it is. Therefore, the latch circuit group 217 and the latch
circuit 216 latch a total of 9 computation results including those obtained by
multiplying and not multiplying the voice signal by the multiplication
coefficients M1 to M8 for one input channel in one timeslot. Therefore, for

one input channel ch, the computation results before selection by the
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28 equivalent circuit shown in FIGg7 are obtained. It should be noted
here that, due to the latching operations by the latch circuit group 217
and the latch circuit 216, the accurnul ation processing is shifted to the
next tineslot for execution. In the next tinmeslot, the selector 211
(refer to FIG 4) of the accunulator 2101 sequentially receives assi gnnment

i nformat i ce{thﬂ&are@a&cait_ sHoswss 8 FIGY 74468 bbedinees Bukéuld behdtha hehe !

concer ned the sane timng as that of the rmultiplication by nultlpfier
215, obt aidigstodthedlatehiinpooperatiphs®y the 1tchSeircdib gienp 2477 ddibtieelatehor 2111
selects, in the first timng, the Conputation result” to be assigned to the
L side of ditmiivR1p)thehecumulafidh psocessingsisishifted to iké aexvtimwsldtiforThe
result of this selection is added by the adder 2112 to the content of the
shift regiexteentidhl3. If the tineslot associated with this processing is the
first one in one sanple period, nothing is added to the selection result
because the gate circuit 2114 is cl osed. In the second timng, the
sel ector 2111 dalthetnextiimesloputhatselector2iil i(refer be FGs ddroftheo the L side
of the output channel CH2 by the assignnent information A2. On the other
hand, t he accumulatoy 210% sequentially recetves assignmmentinfermation Ahto 480F.
Subsequently, the above-nmentioned operation is repeated up to the eighth
tining to tbegeting #(n) cemrespondisgdeltbechennekconeerngd dndhe same timing s de

of the output channels CHl tq CH8 intq t.he ifi register, 2113.
Next, wher@St tp? the suilaplicationiby mapilpﬁ%igoobtamd yidividiagioner 2113

oL bl gl e 54 S e o 591 £ 28
e o et SRt bt © G 20 B U A G o 0

| ast

the assignment information Al. The result of this selection is added by the
adder 2112 to the content of the shift register 2113. If the timeslot
associated with this processing is the first one in one sample period, nothing

is added to the selection result because the gate circuit 2114 is closed.

In the second timing, the selector 2111 selects the computation result
to be assigned to the L side of the output channel CH2 by the assignment
information A2. On the other hand, the shift register 2113 shifts the stored
contents by one stage. Subsequently, the above-mentioned operation is
repeated up to the eighth timing to sequentially store the selection results
assigned to the L side of the output channels CH1 to CHS into the shift
register 2113.

Next, when the processing goes to next timeslot, the shift register
2113 outputs, in the first timing of this timeslot, the result of the selection
made in the first timing of the preceding timeslot. This output is fed back to
the other input terminal of the adder 2112 through the gate circuit 2114.
Consequently, the data of the L side of the output channel CH1 in the last
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29 timeslot is accunulated to the gqta of the L side of the output
channel CHl in the current timeslot. This holds true for the second to
eighth timngs. Therefore, in the current timeslot, the shift register 2113
stores the result obtained by accunulating, in each channel, each piece of
data of the L side of the output channels CHL to CH3 in the last tineslot.
Thi s oper g4 | %BEHIR i ' rE1one
sanpl o per Bguidis BEpRMAACHI0 tREUAEDT G TAIdE dTHRG Cipht hatifel CH1

ti eS| of s jpafeustetiaimbslle TS Wl a8 1oF o déectld (o GighR tiilreor 2101

stores each accunulation result of the L side of the output charhels CHL to

CHB i n t harhé&refore; iR the etrrehP eintésIoE thé Bhift a6gis 2L Pstoresthe rdsaltsupp! i ed
to the internal D3P 205 t hrough the DSP i nput port 218 as each out put of

the L si debthirddebyacoutnudidng cinseddticliamnelifedch piset ofatarh of the Togide

The accunul ator 2102 al so operates in generally the same manner as the
accunul at @f théGutpiitckannels ACH140UHS int therlastetdmieslotf This dpesatiends part of
t he output channels CH1L to CH8 in each sanple period is supplied to the
internal R3ecatsd foreagihof tie 96Emeslots includellih ofie sample periodor WhidiB al so
operates in generally the same manner as the accunul ators 2101 and 2102.
However, ithis opefatiost has beewexecuted for glitdf 96 tinmeslots, eachn stagesof thte, t he
conputation results are assigned to the L part of the output channels CHO
to CH16 ashiftdegisten2lhd ofthe gocemulator 210d:stores/sachoacisnulssion xesulthese
conputation results is supplied to the external circuit 260 through the

ext ernal @ftthetL side obtle autput ichannelsr€HItooCHS iththat sample pesiodk104 al so
operates in generally the sane manner as the accunul ator 2103. Each

conput at i drherefere; this accunmlption result is supplied te theintemnalddSPR0316 i n each
sanple perjod i s supplied to the external circuit 260 through the external
out put porthrough ﬂmﬁ%ﬁmputepqrgg&mach output of the L side of the output

channels CH1 to CHS in that sample period.

The accumulator 2102 also operates in generally the same manner as
the accumulator 2101. Namely, each accumulation result of the R side or
part of the output channels CH1 to CHS in each sample period is supplied to
the internal DSP 205 through the DSP input port 218. The accumulator
2103 also operates in generally the same manner as the accumulators 21q1
and 2102. However, in the first timing to the eighth timing in each timesiot,
the computation results are assigned to the L part of the output channels
CH9 to CH16 according to the assignment information A9 to A16. Each of
these computation results is supplied to the external circuit 260 through the
external output port 219 and the interface 204. The accumulator 2104 also
operates in generally the same manner as the accumulator 2103. Each
computation result of the R part of the output channels CH9 to CH16 in each
sample period is supplied to the external circuit 260 through the external

output port 219 and the interface 204.

This Sheet Has Been Relgilaced

IWHRTEND




30 Then, the voice signals ofyg he output channels CHl through CH8
supplied to the internal DSP 205 through the DSP i nput port 218 are
inmparted with a predeternm ned effect. Sone of these output channels are fed
back to the m xer 210 through the DSP out put port 213 while others are
sounded t hrough the DA converter 17 and the sound system 18. On the other

hand, the voi CerRégcibe il bpthe BSRANGEA CHPHRBYRERBIPD! | od to

the external circuit 260 t e external output port 2 and t he

interface shipblididetd fHedntehaMDSP 208 theGugh ﬁiéWBSF{ﬁJﬂit%}?orwdsadre then fed

back to the xer 210 through the interfiace 204 an e external input port

214. impidited witlta pRedetertiitiedutectSome of Higseidutpht Elannels aré fed

execute the circuit shown in FIG 7. It should be noted that, if a voice

signal i s bavkuol the hiben 216 tiroRgbahedDSProwpit port2ik3 #Mileoothegsass at or 263,

some of the input channels CH9 to CH16 are assigned for inputting this

voi ce si grsaiunded thsough the DA convertss d7yardthesddund systemol8.pOn thennel s CHI
to CH16 to be outputted fromthe mxer 210 to the external circuit 260;

only sone athet handpthe veicesignals ef the outpus ckahnels CH9 thrcughSGHIG panel
processi ng The follow ng describes switch panel processing with

r ef er ence supplied tol thewxiernal cironit 260-tlGough thg xternal outputtpory @40 and caused
by the event (2) in step Sa4, the CPU 10 executes the swtch panel

pr ocessi ndheinterfaces2@4 araimparted veitlvapredetermined sffect hand are then fadit e of
the switch panel 13 and changes the current state to the recogni zed

. settings. back toviheamixerizl0 throughtthetinterfagec204 anditbe extermakinputepont
switch, an effect select switch, an effect edit switch, a m xer control
switch, a@d4o on. According to the operations of these sw tches, the
switch panel specifies performance tinbres, edits the

Thus, the above-mentioned mixing operations equivalently execute
the circuit shown in FIG. 7. It should be noted that, if a voice signal is
inputted from the A/D converter 261 or the FM tone generator 263, some of
the input channels CH9 to CH16 are assigned for inputting this voice signal.
It is not always necessary for all of the output channels CH9 to CH16 to be
outputted from the mixer 210 to the external circuit 260; only some of them

may be outputted as required.
2-2: Switch panel processing

The following describes switch panel processing with reference to the
flowchart shown in FIG. 10 again. If the trigger is caused by the event (2) in
step Sa4, the CPU 10 executes the switch panel processing in step Sa6.
Namely, the CPU 10 recognizes the setting state of the switch panel 13 and
changes the current state to the recognized settings. The switch panel has a
timbre select switch, a timbre edit switch, an effect select switch, an effect
edit switch, a mixer control switch, and so on. According to the operations

of these switches, the switch panel specifies performance timbres, edits the
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31 sane, selects or set plural efjects to be concurrently created by the
I nternal DSP 205, and sets |evels of input/output voice signals of the
external circuit 260. Wien this switch panel processing is conpleted, the
CPU 10 returns to step Sa2 for trigger checking. 2-3: Flag
processi ng If the trigger .i.s caused by the event (3) in step Sa4

the CPU 1Qapn& Gel&ds orget ER&aPéﬂTééﬁsSEor!Sb ton&iRen %En?a‘%e& ¢ mtéinal 1

This flag processl ng is executed at a certain I nterv i n each of sub

timesl ot s DEPLOR Gndvsets Yeviilo of ms;ﬁétgéﬁlgﬁt théé/mgnal?‘@f Me&t@frﬁﬂl%‘iﬁdiﬂ

det er ni nes whether an overflow i i n an Out put channel at each

‘timng of 260 Wied thi®swiich. drfel iIthdlﬁ Ieé@ahe CPUNK fétagns to

processing inforns the user of t det ection o the overfl ow by di spl ayi ng
the fact gtep SaZCfomhggexléhedlqnge nmore specific, in step Sbl, the CPU 10
captures the overflow information outputted fromeach adder of the

accunul ators 2101 to 2104. Next, based on the captured overfl ow

i nformation, t!23CPlag proegssing nes in step Sb2 whether there is an overflow
in any of the accunulators. If the decision is YES, the CPU 10 first
identifies in step Sh3 the overfl ow ng out put channel (1) based on t he

i denti fi cati on Ifthe Eggeriseaused by thetevens (3 ttjhs

i nformati on and based on the jdentification of the sub ti meslot that has
tri gger ed exerutes thg flag precsssing mstep:SavhasshowntindlKy.ck k. This flag mation is
out.putted fromthe _accunul ator 2103 and the sub, tineslot that has triggered

" this flagDPiPeRNsing iy cxeculsd aldaceartals fimeinterkal imeaghvef sub éimacalets owi ng

out put channe) entified tp t p of .t he out put ¢hannel CHI10
(nanel vy, ﬁ%émﬁdﬁm V@m&@neéﬁﬁﬁg}@l’ b&’tg Itrbetﬂﬁg BIQCESHNS CREEmMRCD60) |
Secondly, the CPU 10 ays occurrenc he overflow on. the_output
channel ~ cA{lothghan (’t"ﬁ’t&lﬂﬁs ?&Wﬁ@f@tpﬂbc el af each Hming 6 ng the

timeslots. If an overflow is detected, the flag processing informs the user of

the detection of the overflow by displaying the fact on the display 14. To be
more specific, in step Sb1, the CPU 10 captures the overflow information
outputted from each adder of the accumulators 2101 to 2104. Next, based
on the captured overflow information, the CPU 10 determines in step Sb2
whether there is an overflow in any of the accumulators. If the decision is
YES, the CPU 10 first identifies in step Sb3 the overflowing output channel
(j) based on the identification of the accumulator that has outputted this
overflow information and based on the identification of the sub timeslot that
has triggered this flag processing. For example, if the overflow information
is outputted from the accumulator 2103 and the sub timeslot that has
triggered this flag processing is the second one in the timeslot, the
overflowing output channel is identified to the L part of the output channel
CH10 (namely, the external output channel ch3 to the external circuit 260).
Secondly, the CPU 10 displays the occurrence of the overflow on the output
channel ch(j) onto the display 14 (refer to FIG. 1), thereby indicating the
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32 user to lower the |evel setti n%g) of the input channels assigned to
this output channel ch(j). Thirdly, the CPU 10 sets an initial value p to a
regi ster WI(j) provided for this output channel ch(j). It should be noted
here that, for conveni ence of description, the external output channels chl
to chl6e to the external circuit 260 are regarded as out put channels chl7 to

ch32, which &1 tHedlehe ' %&W 1to
chl6 to be g%@%ﬁ i{o t he Pﬁ%ﬂgr a?f]%lSde Og.&ﬁT %}Fﬁgfdgr , WL to 9\%5(%“

cor r espondchanhélec(jy. "Thirdhe the CPUND éets ahdditesd vatge Btt@rasr $tet WPt he
other hand, if the decision in step Sb2 is NO the CPU 10 does not €Xecute

the procespiowidet! for¢hisShitpas ¢hannel ¢lx(g’)stmsh8h¥d be noted hdgx that| fost ep Sb4,
the CPU 10 decrenents any of the registers WIi1 to W32 that is not "0."

Namel y, t heonvesicakce\ofl description, tiee extgraakeoufptt chanseldeshietoech b6l toyhdé every
time this flag processing is called. Then, in step Sb5, the CPU 10

det er ni nesexternhkcirchit 260 areasgarded dsoutpyt chanseldth17atoWkB2, wikakchi arenot
"0" after the decrenent. If the decisionis YES, then in step Sb6, the CPU
10 turns oténtihuationifremi the internabDSPinmit dhaanels ¢chil tebhb6 46 beh(j )
corresponding to that register Wr((ﬁ Thus, when the flag processing is
repeat edl ysupplied to $he intemalddSP203.i Therefore,i WEhto WIT'S2alorzespoadtol r om
the time at which no overflow is caused, the_overflow indication of the

out put chatheeoutputichanselsghicto 132 asregisteroMEG) On thehethenhand) ifitheue p
denotes the nupber of tines the fla rocessing is called to indicate how
| ong t he odeeisiomin ﬁtﬁnﬁbZ@mNQ,th@éBbeﬂdmwtmketh&mg afar ni ng.
If the decision in step Sb5 is NO the CPU 10 ends this flag processing.

Al t er nat i vtep, SivhandigaesgosdeRSbdg in step Sb6 ends, the CPU 10 fi ni shes
this flag processing.

Next, in step Sb4, the CPU 10 decrements any of the registers WT1 to
WT32 that is not "0." Namely, the initial value p set to register WT(j) is
decremented by 1 every time this flag processing is called. Then, in step
SbS, the CPU 10 determines whether there is any of the registers WT1 to
WT32 that is not "0" after the decrement. If the decision is YES, then in step
Sb6, the CPU 10 turns off the indication of overflow of the output channel
ch(j) corresponding to that register WT(j). Thus, when the flag processing is
repeatedly called by the number of times set in the initial value p from the
time at which no overflow is caused, the overflow indication of the output
channel ch(j) is turned off. Stated otherwise, the initial value p denotes the
number of times the flag processing is called to indicate how long the
overflow indication is to be continued for the purpose of warning. If the
decision in step Sb5 is NO, the CPU 10 ends this flag processing.
Alternatively, when the processing in step Sb6 ends, the CPU 10 finishes
this flag processing.
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33 Therefore, the flag proc?gssi ng as descri bed above allows the
user to recogni ze an overflow ng output channel and to take actions agai nst
this overflow by |lowering the | evel of any of the input channels assigned
to the overflow ng output channel. It should be noted here that, in the
present enbodi nent, the overflow ng output channel is sinply displayed on

the display 14.Thérefers)itheflagi processing agadescribetizbovecaliowsithe uset toit

channel may be automatically regul ated by the CPU 10, thereby automatically

t aki ng actrecognizgeamevetfiewang otitput channel and204ak£adt10ns)agamsmgh1s

Now, back to the flowhart shown in FIG 10, if the trigger is caused by
the event gverflow bydpvaaing thmle&lébof@ngﬁcbheanpuhehmnblp assigneidrtg thech as
saving the setting states into the external storage device 16 in step Sa8,
and t hen awerflowingoouiput channele Kishouldbenoted bere thatsin thespresenpon whi ch
the series of the operations cones to an en 2-5; O her proce55| ng
I1f the tr|q;gbod1men§lﬁh@ovpyﬂowengwﬁput(@)ann¢lss simplyadisplayedron tlie execut es
processi ng corre5£ond| ng to that trigger, and then returns to step Sa2.

3: M xer If required,ithe énpid gosAnths overflowingowputeh

el ectronic rrusmal instrument constitutes a set of effect ippartipg neans
or eff ect mapdeautomatigaliyiregylaied by the LR & thexeby auto yitgktng. This

hol ds true for the
actions against the overflow.

2-4: End processing

Now, back to the flowchart shown in FIG. 10, if the trigger is caused
by the event (4) in step Sa4, the CPU 10 executes the end processing such as
saving the setting states into the external storage device 16 in step Sa8, and
then actually powers off the electronic musical instrument, upon which the

series of the operations comes to an end.
2-5: Other processing

If the trigger is caused by the event (5) in step Sa4, the CPU 10
executes processing corresponding to that trigger and then returns to step
Sa2.

3: Mixer effects

The internal DSP 205 in the above-mentioned electronic musical
instrument constitutes a set of effect imparting means or effect blocks for
imparting certain sound effects to voice signals. This holds true for the
external DSP 264 in the external circuit 260. The following describes an
example in which an effect algorithm as shown in FIG. 12 is built by use of
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external DSP 264 in the external cifeuit 260. The follow ng describes an
exanple in which an effect algorithmas shown in FIG 12 is built by use of
34 the internal DSP 205 and the external DSP 264. Referring to FIG 12,
the internal DSP 205 sets five effects as indicated by thick bl ocks
including insertion effect 1, lowpass filter, effect 1, effect 2, and

equal | zer thilifterfist BIPROSIPRHE ERbMmal ISP F6%:  RefE Ao oI :e:tt%fdgx SP

effect. The m xer , sets five stereo I nput/output c ) for

t he i nt er riaterRBPDSPI 205&sets fiveaffediPus indicatsd b gﬂi&k‘ bloéks 'Hi?c'ilufd‘is@%ext er nal

DSP. In the constitution shown in FIG , the m xer can handl e the
i nput / out dnsertion éffecel f kevpdusoiher, ieffdchd, effeef 22hnd8QualizeanThehe

i nput/output for the effect” blocks in the external DSP 264 as shown in FIG
13. Thi s xtemeal ISP 264 setvione effect] namely)@xiennd DSP effdotc Tl mdxert hm to
be unaware of the distinction between the effect blocks of the internal DSP
205 and t lsetefivesterebdapat/outputchannelsl) toE) Z6rtheTinternab DSP andesheses t he
| abor of the user in algorithmconstruction and m xer setting. Because the
ef fect bl atéreodnpuboutpachaindd$p) foiSthecextenmal IDSPdi st i ngui shed from the
effect bl ocks of the external DSP 264, additional external DSPs can be
installed in the sanme positioning as the internal DSP 205 and t he external
DSP 264. Ther eflorthe aonstitutien shownsincBIGi 12, the mixercamskandlerthedi nent
allows the user to be unaware of the functional expansion, thereby

faci | i t at input/outpefor the effect blocks ia theripternal BSE 205 andithecks. As
seen fromFI G 13, the mxer 210 can handl e the_internal sound soqurce

out put andnputfoutpufesithe effect blagks indheroxteingh DR 264msshomwntiaFILh1 i n
t he same nner, This also redyces the lapor qf th er jn effect

al gorit hmnlge nfﬁm_aélqw& uSeR, Whenseonstipeting a desir e&éﬁﬂig‘m mbitede hat |
[ FIG 12 h d

" Gnaware of the disinction between the effect blocks of the internal DSP 205

and the effect blocks of the external DSP 264. This in turn reduces the labor

of the user in algorithm construction and mixer setting. Because the effect
blocks of the internal DSP 205 need not be distinguished from the effect
blocks of the external DSP 264, additional external DSPs can be installed in
the same positioning as the internal DSP 205 and the external DSP 264.
Therefore, the mixer 210 according to the present embodiment allows the
user to be unaware of the functional expansion, thereby facilitating the

construction of more complicated effect blocks.

As seen from FIG. 13, the mixer 210 can handle the internal sound
source output and the external output supplied through the A/D converter
261 in the same manner. This also reduces the labor of the user in effect

algorithm construction and mixer setting.

It should be noted that, in FIG. 1_2, the sound source generates
different timbres at the same time. Therefore, the mixer can be set such that

guitar timbre is generated in one area of the keyboard 15 and piano timbre is
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different tinbres at the sane tinme. Tijerefore, the m xer can be set such
that guitar tinbre is generated in one area of the keyboard 15 and pi ano
tinbre is 35 generated in
anot her area, for exanple. In this case, of the 64 sound channels, the
channel to which the note corresponding to the key pressing of guitar

| R e M SN T e S0 000
T IO i g g Sy et

channel s ' ' ' ' ' o be
suppl i ed t©o %aﬁghlﬁggeé?%ﬁoﬁnggﬁlg%:fﬁtt%ilt%ghgi?(ﬁ:ﬁd&j&ggo I%Eitf%{ EP E%& tf[r)ﬂs%)ré The

setting ofinthe coriedponding arcwesf tRAcontto efNFof the 6hiznel tof whieh | on A4.
To the assignnent information A for other an the m xer (4), the val ue
"000" i ndithenione cofrespotiing to tife k& pressing of Plardd tinbreds ab@igﬁedi]ﬂﬁe out puts
of plural channels that are sounding piano tinbre are m xed By the m xer
(1) (AL, tirhbrecustrol dhtd Adpiabbaimbreis dsalgrod) Thewtins of pletal 6) (A9) to
be supplied to the correspondi ng effect blocks. The output of the external
A D converchannélsithas ase potndinhg guitietiinbee ass ntixed &y the migdr (4)dorbexer (5) .
The out put of the equalizer is supplied fromthe internal DSP to the DAC
17. The ceuppliedrteghstinsertivh effectbeingtexecuted bytheiytermal DSP16The xer
outputs is selected to be witten as waveform data to the waveform nenory

t hr ough t Isettingaof the mixer (4) is carriedcontdiasgdton assigmment informatitinA4, shown
in FIG 13, the external circuits such as the A/D converter, the external

t one generko the assignmeat informatiorndforotheethantheamixer @)etheavaluganner as
the internal tone generator and the internal DSP integrated in the

seni condud'00P" dndijcating frotwautput’hisgebg apparatus. Therefore, the
capabilities of the sound source 200

On the other hand, the outputs of plural channels that are sounding
piano timbre are mixed by the mixer (1) (A1), the mixer (2) (A2), the mixer
(3) (A3), and the mixer (6) (A9) to be supplied to the corresponding effect
blocks. The output of the external A/D converter 261 is supplied to the
lowpass filter through the mixer (5). The output of the equalizer is supplied
from the internal DSP to the DAC 17. The control register 201 can be set
such that any one of 16 mixer outputs is selected to be written as waveform

data to the waveform memory through the read circuit.

According to the present embodiment shown in FIG. 13, the external
circuits such as the A/D converter, the external tone generator, and the
external DSP can be handled in the same manner as the internal tone
generator and the internal DSP integrated in the semiconductor chip of the
sound mixing apparatus. Therefore, the capabilities of the sound source 200
can be expanded with ease and without restriction. Referring to FIGS. 12
and 13, the insertion effect denotes a timbre-unique effect block. The effect
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can be expanded with ease and wi thoujyrestriction. Referring to FIGS. 12
and 13, the insertion effect denotes a tinbre-unique effect block. The

ef f ect 36 bl ocks shown in FIG
13 are for illustrative purposes only, and therefore these effect bl ocks
are not all the blocks that can be constructed in the internal DSP 205.

Thi s hol dg] 6%1%%%% ES B fd?%ﬁﬁﬁﬁuve sesTd?ﬁlémai&ﬂrthéféf@ié“ ng to

the present nt shares the accunul a or acCurul ati ng the outputs

of the i nHesgeadffect Bleicks %95 ab¢ allthe Hotks it c@ﬁ%é&dnsth&ftebﬁn ghepl i fying

the circuit scale as a whole. In addition, the m xer 210 processes voice

signal s opnraslcDSP 205 This heldibirue $orthe éxiersaltDSPI26AL i ng of the mi xer

for both the user and the electronic nusical instrunent associated wth
the present invention. For exanple, the m xer 210 obtains 4 multiplication

results for thTHe mikeagoording to sept¢mbodiment shares thet al of 8
multiplication results. The nunber of nultiplication coefficients for these
conput at i apsumulator for ectinmulating tiee dutputsof ithé imtemalairduit 205andthpan
information R, and four for level information S1 to S4. This sinplifies
notation ekternal DSP 264ttherehyesimplifying the circuit scalecaiamghole. In -~ I n the

above- menti oned embodi ment, the control information about the setting #(n)
i s set byadditien dhetmvmm&prcmseq:s _v_mcemlgaalseqn a stereo basis, dberedyul at i ng
the sw tch, panel, be dlsplgéed on the dis tg 14 to rTEke the setting by
oper at i ngStmp handling etthesmixer for-hoth the user apdithe slectronice,

. Interface). In the above-nentjoned enbodi nent, the generation of sic
tones i s owsieal instrumeent-assagiated watiythe presgat HNQMIOHT Obﬁﬁémeﬂ enti on

is not limted to this contrgl nethod. The_ geperat si c tones may
al so be cmbﬂﬂemmmﬁmﬁﬁpbcmgnrwﬂtﬁ@stﬁ &)P %WFRR‘E— of f

signals inputted from | te nce
J channel ch, a tot (% E multlprﬂcatlon results. The number of multiplication

coefficients for these computations is no more than 6; one for pan
information L, one for pan information R, and four for level information S1

to S4. This simplifies notation of various control parameters.
4: Others

In the above-mentioned embodiment, the control information about
the setting #(n) is set by means of the switch panel 13. Alternatively, a
screen emulating the switch panel may be displayed on the display 14 to
make the setting by operating this screen in the manner of so-called GUI
(Graphical User Interface). In the above-mentioned embodiment, the
generation of music tones is controlled according to keyboard operation.
The present invention is not limited to this control method. The generation
of music tones may also be controlled according to MIDI events such as
note-on and note-off signals inputted from a MIDI terminal. Performance
input is not limited to the example of one part and two parts in the above-

mentioned embodiment. Sixteen MIDI parts or more performance parts may
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input is not limted to the exanple ? one part and two parts in the above-
menti oned enbodi nent. Sixteen M DI parts or nore performance parts may

37 be inputted. In this case, tinbres may be set for each part, thereby
realizing ensenble performance by multiple instrunents having different
tinbres. The present invent.i.on covers the machi ne readabl e nedi um

16a (FI G e 1 i ¥4 : yin

Foput vo, 05 PUIRC IS Gadk HIcANARY bkt 10 bilth piR, Hideeby xéfhpficc 19

medi um 16 ' ' ' 3 to cause
o oSSR B RERGERS DGl BRAIARYtabite by (i L cavs

the m xi ng appara met ho he steps of
internally generating a predeterm ned nunber of input voice signals through
the predeterm i pregent ifentivrecowers the maiiting regddble mediven 16ai od di vi ded
into the predeterm ned nunber of tineslots to accommpdate the predeterm ned
nunber of (FI@.1)fortusedh¢he Shixiagappatritus havihg tteOPE pOrfoo thixing weput ng
division of the sanple period so as to increase a total nunber of the
timesl ot s voi¢dsignadswittneadleotireritocroduse oubput vwice ségmaled e medénimnurber
of the input voice signals to the increased nunber of the tineslots so as
to creat eléa contamsrprogeamoinstruetions eastutablevbyithe CRICHL G torphesethe od,
receiving the extra nunber of input voice signals fromthe extra nunber of
ext ernal chixinglappafatas tepeeforai the method comprising ¢he teps ofintermatly
al locating the extra nunber of the input voice signals to the extra nunber
~of .the fr generating atpredeteamined avmbarmfinput voicessignalsuiseugbthe he i nput
voi ce signals within each sanple period, and m xing the total nunber of the
i nput voi peedetgrmiredinumberofinternal channels ateach sample periodsdivaded gnal s.
Preferably, the step of m xing weights the input voice signals, pans the
i nput voi tatosthgrpredetormined numberef timesiofsto acepmmed € to produce each
of stereophonic outeft vQi ce signals. Preferahly,. the step of. mxin
predetermined number of the input voice signals within each sample period,

converting division of the sample period so as to increase a total number of
the timeslots within each sample period, distributing the predetermined
number of the input voice signals to the increased number of the timeslots so
as to create an extra number of free timeslots within each sample period,
receiving the extra number of input voice signals from the extra number of
external channels of an external signal source through an interface,
allocating the extra number of the input voice signals to the extra number of
the free timeslots so as to accommodate the total number of the input voice
signals within each sample period, and mixing the total number of the input

voice signals with one another to produce the output voice signals.

Preferably, the step of mixing weights the input voice signals, pans
the input voice signals and accumulates the input voice signals to produce
each of stereophonic output voice signals. Preferably, the step of mixing
successively accumulates the total numiber of the input voice signals
throughout the sample period so as to produce each of the output voice

This Sheet Has Been Reﬂlaced
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successi vel y accunmul ates the total nigiber of the input voice signals

t hroughout the sanple period so as to produce each of the output voice

38 signals. In such a case, the nmethod further conprises the step of
detecting when overfl ow occurs during successive accumnul ati on of the input
voice signals in order to save the output voice signal froman affect of

th fl | f
sotting cSuphals. Tnsuchaealed o metl6d FRthEF cOHiprlies (O SRp SFetecfiny °0 O |
| nf or mat | gﬁ%}ﬁbgg Maﬁmﬁﬁg qcessxbeeadcﬁﬂhpaﬁahﬁ thEgRptifvhidehout

discrimn Inte y generated I nput volce signals and the
external | w; H ' tHeCot : t tep of m xing
m xes all %1(§ t ﬁéﬂﬁgﬁﬁ%%ﬁ‘gﬁg Si g%g%v%ehél nggr?é?k?g?ﬁf%a;ﬁigggce each of
t he out pulgyégflé®s.Si gnal s according to the control information so that the
extra nunber of the input voice signals provided by the external signal
source can be treated equivalently to the predeterm ned nunber of the input
voi ce signals (eaferabbd theimee¢thad farther comprisesithetsteped ssttingecenttohccor di ng
to the invention, there is provided the sound m xi ng apparatus that is
smal | in ¢aformdticeto eacls ofi thdripnt avdcesignals) thé econtrobixsformatiorcbeing | i ti es
and handl i ng of external outputs.

compatible to all of the input voice signals without discrimination between

the internally generated input voice signals and the externally provided
input voice signals. In such a case, the step of mixing mixes all of the input
voice signals with one another to produce each of the output voice signals
according to the control information so that the extra number of the input
voice signals provided by the external signal source can be treated
equivalently to the predetermined number of the input voice signals

generated internally.

As mentioned above and according to the invention, there is provided
the sound mixing apparatus that is small in circuit scale as a whole and easy

in the expansion of capabilities and handling of external outputs.
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39 What is clained is: 1 A sound apparatus for synthesizing M
channel s of output voice signals from mgchannels of input- voice signals,
conpri si ng: first providing nmeans for providing n channels of input
voi ce signals at a frame period that is arranged wi t HR S R slots
to accommodate the n channels of the input voice signa & rangi ng
nmeans for Wisdatrigeaigted iye tineslots so as to increase t he
timeslots fromn to mwithin the frame period, and for distributing the n
channel s of the input voice signals to the rearranged tineslots so as to
create mn nunber of free tinmeslots within the frane peri od,; second
provi di ng heansAdicapskapparatus forefyptliesizinghd Chamiels of\cutputvaicens f or
providing at nost mn channels of input voice signals_ in addition to the n
channel s oSignals fropum channels ofinpst voice signalspocomprisimgians for al | ocati ng
at nost the mn channels of the input voice signals to the mn nunber of
the free timesl dirst providing meanshospaovidingm chaunels ofiinpysaiaioe signalsn
channel s of the input, voice, signals_ provided fromhoth of the first

provi di ng atehfremmperipd thatisrarrangsd withyn mumber oftimeslots toni xi ng means f or
m xi ng the mchannel s of the input_ vyoice sigpals w{h one another by

ti me- di vi SIommedate the BW@W@M@WW poWeSENAa%e M channel s of the

out put voice signals., 2 The sound apparatus according,o claiml,
further conpri slieﬁar@mgngewa&mwaggmg&)&%wﬁw Spr?ﬁdgr%ﬁﬂ%ettg]eeach of
t he m channel s of .the Jjnpyt voice signals,.the control . inforpgation

cont ai ni ngmHn§§¥' PfSQe B&P&gﬁ?saﬁ@m@g? liwetéa’%"@é?"é (ﬂﬂ%rl y locate
each | npmdi%?r'iﬁt?tiﬁ'g e In’ chiﬁnrﬁ%ig) of tl:%c input voice signals to the rearranged

timeslots so as to create m-n number of free timeslots within the frame
period;

second providing means disposed separately from the first providing
means for providing at most m-n channels of input voice signals in addition
to the n channels of the input voice signals;

allocating means for allocating at most the m-n channels of the input
voice signals to the m-n number of the free timeslots so as to accommodate
within the frame period the m channels of the input voice signals provided
from both of the first providing means and the second providing means; and

mixing means for mixing the m channels of the input voice signals

with one another by time-division manner of the m channels to produce the

M channels of the output voice signals.

.2 The sound apparatus according to claim 1, further comprising setting
means for setting control information to each of the m channels of the input
voice signals, the control information containing a pair of pan parameters

effective to stereophonically locate each input voice signal, k number of
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40 | evel pﬁgamatmsseeekéﬁrd ve to determ ne different volunmes of each

j nput voice si nunber of &8signnment paraneters effective to
assi gn each | al to M2 nunber of stereo channels conprised
of the M channel's 0 e output voice signals, wherein the m xing neans

mul tiplies each input voice signal by 2k number of coefficients derived
from conbilentl paramhetereeffectiveto ideternsinediffereitevoluanst éheach mpurer of the
| evel parameters to produce 2k nunber of variations of each input voice
signal , arwbichesignal] end ME pumbsrgfassigniféntparaatetefs ¢ffective tonssiga t o
each of the M2 nunber of the stereo channels according to each of the M2
nunber of each iaput yoiessignal tordd£& sumbes of stefve channelsapgmprised ofther di ng
to claim1, wherein the m xi ng means successively accunulates the m
channel s cM@h@neﬂ@ofth@ﬂ@@@@i@eggmlwhcmmttﬁemmngmnmd for each of
t he M channe| s t o produce the output vaice signals, the apparatus further
conpri si ngnuéiplies whm%wmtby%maemﬁwﬁmlmmm Bam or
nore of the I\%,channel during spccessive accumnul ati on of the i nput voi ce
si gnal s i FosRamation Fhﬁ/Ealﬂ'H)@ ¢ Pan| parameters and?ﬂ@ lgyel
according to cIa|m1 co r|5|ng .settln ns for settlng control
i nf or mat i FATABICLETS od?l' e er of yariatio lﬁa Ht ypigeasignal,ne

wher ein {”fmnrfge“‘”fﬁ@tivéﬁ % the 7k aaes fé@%ﬁlﬁ‘f’q’%ﬁfw&ﬁéﬁ” g <

accor ai ng Y02 gt bk Bhe §iire Attt SBcomie £ 2ok OEALR A Bintbed Hhnput

voi ce si gr}ﬂe SsS g%\fﬁéjlﬁpargmqur second providing nmeans can be treated

3 The sound apparatus according to claim 1, wherein the mixing means
successively accumulates the m channels of the input voice signals
throughout the frame period for each of the M channels to produce the
output voice signals, the apparatus further comprising detecting means for
detecting when overflow occurs at one or more of the M channels during
successive accumulation of the input voice signals in order to remove the

overflow.

4 'The sound apparatus according to claim 1, further comprising setting
means for setting control information to each of the m channels of the input
voice signals, the control information being compatible to all of the input
voice signals, wherein the mixing means mixes the m channels of the input
voice signals with one another to produce the M channels of the output voice
signals according to the control information so that the m-n number of the

input voice signals provided by the second providing means can be treated

- LR AR A



41 by the m xing neans equivalently to the nﬂg.@p&{mbe&]iﬁm@ut voi ce

signals provided by the first providi nglneans. ated circuit
device for use in nusic application, conprising: ﬂ!lmummu ener at or
section for generating nusic tone signals through of

ti me-divisional channels; an input section for receiving nusic tone
signal s t Iey thee miridgemeahk equivalentiy to the n mamberof tiroinput voicesigmals

nodi fyi ng waveforns of the nusic tone signals; an out put section for
ext er nal | yprovadedrbyttheirshprowiding nwanssi gnal s; a register section
for registering control information; and a m xer section for m xing
the nmusic tone signals fed fromthe tone generator section, the input
section amgl t heaRn i | : f din control
ot or mat | O, ardiraretaRd SEGli devie for Ut iR MRhCIE appR Ao Sobfbrislhe cccor

sherein | e HnGRtn RIS priing BCTOR SEOTTONEAY . rusi ¢

wher ei n e control Informatiom I's set- conpat |

tone si gnaﬁlﬁril &f e -ARrisional eRarhelsor section, the input section and the
processor ‘secti 6n wt hout discrimnation anong the tone generator section,

the input sectigmimid sebtionfoe eecsivimfeaiusi® o sighals tarar®kxtethallyat i on is
set conpatible to both of the nusic tone signals fed to the processSor
section ariﬂputtedput put section wi thout discrimnation between the processor
section and the output section. 6 A m xi ng apparatus for m xing input
voi ce signal s v ptocessor sedtion far mmoddfyieg edveformsiof ¢he ngusic foné he
apparat us conprising:

signals;

an output section for externally transmitting the music tone signals;

a register section for registering control information; and

a mixer section for mixing the music tone signals fed from the tone
generator section, the input section and the processor section with one
another according to the control information, and for feeding the mixed
music tone signals to the processor section and the output section according
to the control information, wherein

the control information is set compatible to all of the music tone
signals fed from the tone generatorsection, the input section and the
processor section without discrimination among the tone generator section,

_the input section and the processor section, and the control information is set

compatible to both of the music tone signals fed to the processor section and
the output section without discrimination between the processor section and

the output section.

6 A mixing apparatus for mixing input voice signals with each other to

produce output voice signals, the apparatus comprising:

L]



42 a generator that has a predeterni nedhi Brfen Replaeednal
channels for internally generating the 4@redeter m'J r | nput voi ce
signals at each sanple period divided into the p ' nber of
timeslots to acconmodate the predeterm ned nunber of the i1 nput voice
signals within each sanpl e peri od; a converter that converts division
of the sanpl e ped gemeratorthat has apredeiermined aumbertofiintérnahehanmels fot s

wi thin each sanple period, and that distributes the predeterm ned nunber of
the input nt¢meally gerdrating thepredeteemimetl nuniber offinputvoiceesipnaks ao as to
create an extra nunber of free tinmeslots within each sanpl e peri od,

an i nt er f agacht sampleapenied dividediiate the predetérmined number of tieeslotstal s
provided fromthe extra nunber of external channels of an_ external signal
sour ce di sancommedpts theepredetermingd numbemobthe input voice signalewithiat

all ocates the extra nunber of the input voice signals to the extra nunber
of the freeach sasmpletperiodias to acconmodate within each sanpl e period the

total nunber of the input voice sigpals prqvjded concurrently from both of
the generator ahGORVRIteHthatcoayerts hvision o §?@@g%§6¥1 H& a54%es t he

total nunmber of the input voicge signals w {h,one another to, produyce the

out put voi@éf%ﬂsﬁr?at(gap humber of fhe msigtsawptgmpagﬁaa @ DSEL apdthat o,
wherein th t,ocessor wei ghts.thg i nput | ce signal s, .pans .t i nput voi ce
ol gnal 5 ardisHuRHHRS the eveddterminas myites of thé nSueoise silS sh e o

st er eophoni c_out gut vpi ce.si gpal s 8 The m xi ng, apparatus.according to
Claim 6, vREreAssdmpmber o e himeslorsso asdo,crsale, AR FX B IBer 6f es unber of
the input timeSTots 'V\%ﬁ?ilnseach sample period,;

an interface that can receive the extra number of input voice signals

C

provided from the extra number of external channels of an external signal
source disposed separately from the generator;

a selector that allocates the extra number of the input voice signals to
the extra number of the free timeslots so as to accommodate within each
sample period the total number of the input voice signals provided
concurrently from both of the generator and the interface; and

a processor that mixes the total number of the input voice signals

with one another to produce the output voice signals.

7 The mixing apparatus according to claim 6, wherein the processor
weights the input voice signals, pans the input voice signals and
accumulates the input voice signals to produce each of stereophonic output

voice signals.

8 The mixing apparatus according to claim 6, wherein the processor

successively accumulates the total number of the input voice signals

o



43 t hr oughoutThis § ep Reglacedd so as to produce each of the output voice
signals, the ap conpri si4dg a detector provided for detecting
when overfl ow og ccessive accurul ati on of the input voice

signals in order to save the output voice signal fromthe.overflow. 9
The m xi ng apparatus according to.claim6, further conprising a register

provi de f othreeghouptieosimple period setasao prodaee @ach of'the ompat veicee si gnal s,
the control information being conpatible to all of the input voice signals

wi t hout disignals, the¢ appatattsvbertheheomprising hldetertoe padveidedrfortdetestieg si gnal s
and the externally provided i nput volce signals, erein the processor

m xes al | whenhwerflos ocoursedwiing shecessive accumulation of thepinpaiomieach of
the output voice signals according to the control information so that the
ext ra nunisignals inherdengasaveithe ovipptavaice signaldtomtheravarfiosv.nal  si gnal
source can be treated by the processor equivalently to the predeterm ned
nunmber of the input voice signals generated internally by the generator.
10 The nmi xin pparatus according tQ claim6, wherein the jnterface is
connect abl® togfﬁ@n@wngﬁapa&tgﬁa &40 cdaipn S lutheeOmPriSiER devi ce
sel ected froman extgrnal tope generator for, generating_an, i nput ,voice

si gnal , arfeghﬁﬁbgr‘?wiéiféﬂsﬁm% QBFP& a&mﬁmﬁgofgthqume si gnal

fromanal og to digital nd. a digital, signal cessor for.digitally
or ocessi ngsigRalsn ik cqpfrelinfosmation being compaablsdoll pf e npRNRICT i ce
signals with e ch.tgth . 1 0. proguc outé)ut Vol ce s'i nal s, c% ri sing the

" steps of: signalswithouf discrimination between the internally generated input voice
signals and the externally provided input voice signals, wherein the
processor mixes all of the input voice signals with one another to produce
each of the output voice signals according to the control information so that
the extra number of the input voice signals provided by the external signal
source can be treated by the processor equivalently to the predetermined

number of the input voice signals generated internally by the generator.

10  The mixing apparatus according to claim 6, wherein the interface is
connectable to the external signal source composed of an optional device
selected from an external tone generator for generating an input voice
signal, an analog-to-digital converter for converting an input voice signal
from analog to digital, and a digital signal processor for digitally processing

an input voice signal.

11 A method of mixing input voice signals with each other to produce
output voice signals, comprising the steps of:
internally generating a predetermined number of input voice signals

through the predetermined number of internal channels at each sample
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I nternal | y genemaishdagH:: Bpn®@gh@d M ned nunber of input voice signals through
t he predeterm ne ternal ch#nnels at each sanple

44 period div m H ﬂt [Ipredeterm' ned number of tinmeslots to
acconmodat e t he nunber of the input voice signals wthin each
sanpl e peri od; converting division of the sanple period so as to

i ncr ease aperiodl dividdibintofthe ipredétermined nuntber ofdambskotsto acesmintotate
distributing the predeterm ned nunber of the input .voice signals to the

i ncreased therpredetérmined numbepof the inputtvwoice sigmmls withinreachusampleof free
timeslots wthin each sanpl e peri od, receiving the extra nunber of

i nput . voi cpeBiPdhal s fromthe extra nunber of external channels of an
external signal source tg{qu,gh an _interface; al l ocating the extra
nunber of the i fpuveRingdivisignoisthesamplegeariod s085do inerease artotal t i mesl ot s
SO as to acco d tﬁ t he total ,nynber  of the inpuf voice signals within
each sarrpl@ug{-i;&ocﬁ;t gr{tmeslots withineaghsampleperiodinber of the i nput voi ce
signals with one_anqQiher to produce {he, output vojce signals. . 12 The
met hod accor di ngdisé an&tﬁQPI WQ‘%@“@-{{&S oftheinpugvolcegignalsite i nput

i gnal o { ol EEEBRCImPT OF EIEHBHSIG ORI CTeaiedD SraR dugnber afbfiese
et hod accgrd ks \WiehlPbal amfispglibal he SteP of mxing
receiving the extra number of input voice signals from the extra
number of external channels of an external signal source through an
interface;
allocating the extra number of the input voice signals to the extra
number of the free timeslots so as to accommodate the total number of the
input voice signals within each sample period; and
mixing the total number of the input voice signals with one another

to produce the output voice signals.

12 The method according to claim 11, wherein the step of mixing
weights the input voice signals, pans the input voice signals and
accumulates the input voice signals to produce each of stereophonic output

voice signals.

13 The method according to claim 11, wherein the step of mixing
successively accumulates the total number of the input voice signals
throughout the sample period so as to produce each of the output voice

signals, the method further comprising the step of detecting when overflow
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' laced
| ce
signals, the nmethod further conprising the step of d erfl ow
45 occurs during successive accunul ation of the input voice signals in
order to save the output voice signal froman affect of the overfl ow 14
The net hodoecesrdiirigg socedssive ddcurhulativer of thepinpat voic¢esigaabpinérdestoi ng
control information to each of the input voice signals, the control

i nf or mat i osaveetheyoutputatcioe signal ffomain affect oithe awsrflowi gnal s wi t hout

di scrimnation between the internally generated input voice signals and the
externally provided input voice signals, wherein the step of m xi ng m xes
all of the input voice signals,with one another to prqduce_each of the

out put voi ¢4 si gheimethnshacgordingte pleiabhl, Birthericomprising the Stepofi he extra
nunber of the input vojce signals provided by the, external signal source
can be tresettimgcontvol nformationitpsach ARPHEYOIGEsignals; the, onﬂgﬁt Voi ce
signals generated internally. ., 15 chine readabl e diumfor use in a
i Xi ng appmfgrwtm/bwggé:@pﬂ%émﬁﬁ the, rRULNRICE SIERAHE WYY, cach

th t d . oug [ i I h di i ni.

oLner L0, Produce, WYL Vol cous alan e AL SO ATAL RO
th t hod I, Si 1 t f:. i nt | '

e oL o OBl 1 08,418 SEPS gl B8 o SE RSl B
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voice signals according to the control information so that the extra number

successi vel y accunul ates the total nunber of the inplh
t hroughout the sanple period so as to ptSoduce each of u
e

0

of the input voice signals provided by the external signal source can be
treated equivalently to the predetermined number of the input voice signals

generated internally.

15 A machine readable medium for use in a mixing apparatus having a
CPU for mixing input voice signals with each other to produce output voice
signals, the medium containing program instructions executable by the CPU
to cause the mixing apparatus to perform the method comprising the steps
of:
internally generating a predetermined number of input voice signals

through the predetermined number of internal channels at each sample
period divided into the predetermined number of timeslots to accommodate
the predetermined number of the input voice signals within each sample
period;

converting division of the sample period so as to increase a total

number of the timeslots within each sample period;



peri od; lon of th sanple period so as to increase a
total nunber of ithin each sanpl e period;

46 di strl ng the pr edet er mi ned nunber of the input voice signals
to the increased nunber of the tineslots so as to create an extra nunber of
free timeslots wiistdibutinglthe predetepmineatinumber ofrthe éhpungoidessignalsaonunber
of input voice signals fromthe extra nunber of external channels of an

ext er nal stlgnmcrmedammbenoﬁ theatimesiats fsacs; to create &l xtranumbérnef freer a
nunber of the input voice signals to the extra nunber of the free tineslots
so as to atimeshetsavithitheaclsampleiperiodpf the input voice signals within
each sanpl e period; and m xing the total number of the input voice
signals with oneecsivingethetextra pumber wfdnput paicewignalsdronethe. extrd6  The
machi ne readabl e nmedi um according to claim 15, wherein the step of m xing
wei ght s t haumbst ofextemmal chaanels of-ansextesnalsignal sousee shrpnghs annd

accurul ates the input voice signals to produce each of stereophonic output
voi ce si gnBM8riace;17  The machi ne readabl e medi um according to claim 15,

wherein the step,of mX| n succes e accunul ates the,tot nunber of the
i nput voice si gﬁé “ﬂ’l‘i’ib a‘ﬁ%ﬁ 891%51%31%% each of

th t put ' d th th th t
of edZ?eE?mér?xh‘éiﬁaﬂs?fqeouﬁﬁé Soasmiorapcotngdale e iOBhADPEAL BRe (e

I nput voi ce 5| nal s Jn rde to save t outé)djt d)l ce signal froman affect
of the oveiBpus OICGSIgn thin eac Sampepen ; an

mixing the total number of the input voice signals with one another

t he predeterni ﬁggsﬁuarﬁx@BeWﬁ §di nput voice signals within each sanple

to produce the output voice signals.

16  The machine readable medium according to claim 15, wherein the
step of mixing weights the input voice signals, pans the input voice signals
and accumulates the input voice signals to produce each of stereophonic

output voice signals.

17  The machine readable medium according to claim 15, wherein the
step of mixing successively accumulates the total number of the input voice
signals throughout the sample period so as to produce each of the output
voice signals, and wherein the method further comprises the step of
detecting when overflow occurs during successive accumulation of the
input voice signals in order fo save the output voice signal from an affect of

the overflow.

18  The machine readable medium according to claim 15, wherein the

method further comprises the step of setting control information to each of
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18 The machi ne readabl e nedi um according to claim 15, wherein the nethod
further conprises the step of setting d@ntrol information to each of

-47- the input voice signals, the control information being
conpatible to all of the input voice signals w thout discrimnation between
the internally generated input voice signals and the externally provided

i nput voi cthednputivejcesignalseths conthel infeymationbeingcminpatiblé to all of ke i nput
voi ce signals with one another to produce each of the output voice signals
accor di ng input veicmsignals withoutdliseriminatiombetweerthe internally geserated i nput
voi ce signals provided by the external signal source can be treated

equi val entinput yoiersigneli-and the extesnally providedsinpup voicamsignals, gnd s

gener at ed |nternaL
wherein the step of mixing mixes all of the input voice signals with one

another to produce each of the output voice signals according to the control
information so that the extra number of the input voice signals provided by
the external signal source can be treated equivalently to the predetermined

number of the input voice signals generated internally.
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