Met hod . for Producing a Digital Signal This invention relates to a signal
processi ng net hod, such as.-a nethod for extracting various data from an

i nput signal or a nethod for :conmpressing or recordi.ng data, and

source data form ng apparatus More particularly, it relates toiQiéHE%ﬁ@?S'
for producing a digital signal. In general, a sound source used in an

el ec{ronic nmusical instrument or a TV gane unit nmay be roughly classified
into an anal og sound source conposed of, for exanple, VCO VCA and VCF, and
a digital sound source, such as a programmbl e sound generator (PSG or a
wavef orm ROM r ead- out type sound source. As a kind of such digital sound
source, there has recen b%f . - S{dhLT sound source
which is the sound sour & iace ' rom | i ve sounds of
musi cal instrunments and stored in a nennry Since a large capacity nmenory
is generally required for storing sound source data, various techniques
have been proposed for nenory saving. Typical of these are a |ooping taking
advant age of the periodicity of the waveformof the nusical sound and bit
conpression, for exanmple, by non-linear quantization. The above menti oned

| ooping is also a technique for producing a sound for a longer tinme than
the original duration of the sanpled nusical sound. Constdering the

wavef orm of, for exanple, a nmusical sound, a non- tone co onent,, such ﬁ
noi se of a key stTHis iinventies srelates to a signal cessing method;

such as a method for extracting various data from an input

signal or a method for compressing or recording data, and a

s |
sound source data forming apparatus. More particularly, it
relates to a method for producing a digital signal.

o In general, a sound source used in an electronic musical

instrument or a TV game unit may be roughly classified into
an analog sound source composed of, for example, VCO, VCA and
VCF, and a digital sound source, such as a prqgrammable
sound generator (PSG) or a waveform ROM read-out type sound
source. As a kiné of such digital saund source, there has
recently become extensively known a sampler sound source.

which is the sound source data sampled and digitized from



breath noise of a wind nusical instrument is contained in the waveform and-
hence a formant portion with inexplicit waveform periodicity in forned.
After this formant portion, the sane waveformstarts to be repeated at a
basic period corresponding to the interval, that is, the pitch or sound
hei ght, of the nusical sound. By repeatedly reproducing n periods of the
repetitive waveform n being an integer, as a |ooping domain, a soundﬁej
sustained for a long tine may be produced with a | esser nenory capacity.
The aboved yies soledis | Dpmagicalbéastruments @mbistorefd dma seempecyl i ar to
| oopi ng which is known as | ooping noise. This |ooping noise is produced at
the time of svwEiwmdeng Lhegkocppamidiyomureoxy ekfi peheralipeceqalired for

di stribution of 2 frequency characteristics. For: this reason, it

i s conspistouingvesonhdt leowoncee dadvel vartives tleohnhguesdihavg hbieiere
noi se. Several factors are thought to be responsible for such | ooping

. noi se. ORTopPoskd fan Hremery: faving | Somirg pofdhesendreral lgoping.
coincident with the period of the waveform of a source of nusical signal-s-
For exanpfakifgeAdyantaee of the pariediesdpyqod: thepsawiermed Hhe t he
| ooped wavef or m has oqgl reqguency_conponents equal _tq an.nteger, .,nultiple-
of The | JEBFRGRberPBaY SRA<BEhcPURGEABAPE TPEqAERRPIS HYo T DA
forcibly | 00 Hz with the distortion presenting itself as
harnnn[cgiﬂgéﬁﬁgaﬁﬁgéfrequencies of 800 Hz, 1600

The above mentioned looping is also a technigue for
producing a sound for a longer time than the original .CJ
duration of the sampled musical sound. Considering the
waveform of, for example, a musical sound, a non-tone
component, such as a noise of a key stroke in a piano or

- breath noise of a wind musical inétrument is contained in the
waveform and hence a formant portion with inexplicit waveform
periodicity in formed. 2After this formant portion, the same
waveform starts to be repeated at a basic périod
corresponding to the interval, that is, the pitch or sound
height, of the musical sound. By repeatedly reproducing n
periods of the repetitive waveform, n being an integer, as a
looping domain, é sound sustained for a long time may be
produced with a lesser memory capacity.

The above described looping is beset with a problem of a
noise peculiar to looping which is known as looping noise.
This looping noise is produced at the time of switching the

loop waveform and exhibits a spectral distribution of



Hz, ..... It can be denonstrated that:;, when there is.an offset of 1 %

bet ween the source frequency and the | ooping frequency, a n'th order

har noni ¢ conponent of [err]= (s i n(n- 0. 01) / ([err](n- 0. 01)) (a)
is produced during | ooping and heard as | oopi ng noi se. Another factor is
produced by non-integral order harnonics, that is k'th order harnonics, k
bei ngg@ non- integral nunber, contained in the source. The source

wavef orm apparently periodic, is strictly not a periodic function, but

cont ai ns sevef gle qWenicit eehal r aedasr hatims cs. Poxi ngHbspingastdrese it is
harnoni cs are forcedly shifted to the neighboring non-integral order

har noni cs. Theodisyidioas earerd idurthe Inopseg levedariisasiowerl otpamg the
noi se. 3 Consi dering the case of | ooping harnoni c overtones having the
frequency conpoddmampi whiitee anoiises asSévenads faetosspiare f tbguahy to be
where a is not necessarily an integral number, the distortion factor of the
distortion progapeasipleodsimnguch RER@N@3SBhe function of a and given
The di st orti on acPBe tREokBE ARALRRFIoF SRS, thes 1esEEns " pETRR: Rrnnqt
for a=1.0, Z'thﬁyoéyyﬁ%iégg%fé?%ﬁ"éhé”éééyggggk Eﬁeb%évﬁfﬁahr8§psn§b®f%e
of musical signals. For example, when a source of 401 kHz is
looped at a period of 400 Hz, the looped waveform has only
frequency components egual to an integer multiple of the
. looping period. Thus the fundamental freguency of the source
is forcibly shifted to 400 Hz with the distortion presenting
itself as harmonics having the frequencies of 800 Hz, 1600
Hz, .. . It can be demonstrated that, when there is an
offset of 1 & between the source freqqgncy and the looping
frequency, a n'th order harmonic component of
Ca=(sin(n-0.01))/(xm (n-0.01)) (a)
is produced during looping and heard as looping noise.
Another factor is produced by non-integral order
&,4 _ harmonics, that.is k'th order harmonics, k being a non-
integral number, contained in the source. The source
waveform, apparentiy periodic, is strictly not a periodic
fun;tion, but conﬁains several non-~integral order harmonics.
During looping, these harmonics are forcedly shifted to the

neighboring non-integral order harmonics. The distortion

caused during looping is heard as the looping noise.



for the |ooping noise. |In any case, the | aoping noise in produced when the
| oopi ng period is not an integral nunber of tinmes of the source period. The
frequency conponents of this | ooping noise has a spectral distribution and
are not desirable for the auditory sense so that they should be removed to
t he maxi mum extent possible. On the other hand, the nusical sound data
sanpled and stored in a nenory is the actual nusical sound which has ‘Been
directly digitized and recorded on a recording nedium so that the sound
qual ity @indifetiN® Che' REQUBE 1 8Bph hodBbemENI dYedtBiefithdVengi tie of
sanpling. For exanple, when the sound at the tine of sanpling contains a
large querd §h¥n@ly RYFSoR_IROMIESh fde Bimesl asonighsagnehe dabpling out
.and reproduced fromthe recordi ng nedi um al so contai n$ these noise
conponentsfeqsentg). wbea soisahbedneckssarily mrevdiriesinalpphmberi othae

nmusi cal sound to be sanpled, the sound is slightly frequency nodul at ed.
Durimgldm@tpgxﬁdnaﬂadEbandfcthpoﬂﬂatQIbﬂécepﬂgﬂu¢nﬁfbyqﬁgmaﬂmmdUSation
proves to be non-integral order harnonics so as to be reproduced as the

| oopi ng expressFhcasohbenfLosiiopr aft Bca@nd isasetidhg the | ooping start
poi nt and the Ioopiﬁf end point for |ooping has been sinply to select two -
oints of th me (eyel, s as 0. Crossin oints, .as the | oopin
Pointe. O B GRS Cta- )] (a2af 85 015" 0551 N9 PO NSy b1 ng

nz- 00

where m is an integer closest to a. "The distortion factor
becomes maximum for a=0.5, 1.5, 2.5, ... and minimum for C;
. a=1,0, 2.0, 3.0 ... .
These two factors are thought to be mainly responsible
for the looping noise. 1In any'case, the looping noise in
. produced when the lobping period is not an integral number of
times of the source period.
The freguency components of this looping ﬁoise has a
spectral distribution and are not desirable for the auditory
sense so that they should be removed to the maximum extent

possible.

| @

.On the other hand, the musical séund data sampled and
stéred in a memory is the actual mpsical sound which has been
directly digitized and recorded on a recording medium, so
that the sound quality at the time of reproduction is
determined by that at the time of sampling. For example,
when the‘sound at the time of sampling coﬁtains a large

quantity of noise components, the musical sound signal read



However ;. such | oopi ng point selection is*a difficult and time-consum ng
operation since the |ooping start and end points are repeatedly connected
to each other on the trial and error basis and the points having

approxi matel y equal values are selected as the | ooping start and end

poi nts. For looping, it is necessary to detect the period and the
fundQFpntal frequency or so-called pitch of the source which is the nusical

signal. ~The convent.i onal actice_for .such d t ' t i
nusi cal sound°€5t§thF8@ﬁAgP?5a/ 590 %£§e§%§§§hﬁﬂn?§%%€2pﬁ?§ﬁ-??Sﬁﬁﬁﬂ%?
noi se conponents from.the waveform o) nt e i
](c:r ossi ng poic ntRese ne %\%?%P.ﬁpﬂtg'dap%sss%gg't h?gﬁéﬁ%gat gifeiangg'-tb he tb?is??:
requency of the_ music, SO ta wavaf or a héChamigduederthe
with this rretﬂﬁ&,v_liotuslcls§ QBﬁgggeg{ﬁ’i@ ‘?E)? ﬁ%gr‘f’u% %&%Bﬁ%p{’o be sust ai ned

for a prol onggdu,hhMs SETEsnthe Breglehegdums@ylotede Duedngndpogfing, the
f undanent al t%ﬁg canﬁ%t be négguredaunlegg a |l arger nunber of zero-crossing

poi nts i s cougi@adbadduUeditifonbate pebandedarbpt the appeqeerfay podedsst hgn
a sound which becones extinct in a shorter tinme. As another nethod for
grasping the pirbefes t ber eoermyde- irebegoadd erderhdir tOAGIIRS ngSPn 28 to be
processi ng the nusical sound data by fast Fourier transform (FFT) to detect
and neasure theppedhced @ theikeopinanuodsea. However, if the frequency

of the pitch or the fundanental tone.is |ower than,the, sa ' f
[err], Pt i s not p&&s gonvgntionals practice in selectiggnPLéngooﬁgggegggrt

point and the looping end point for looping has been simply
hst to select two points of the same level, such as zero-crossing
points, as the looping points.

Héwever, such looping point selection is a difficult and
time-consuming operation since the looping start and end
.points are repeatedly connected to each other on the trial
.and error basis and the points having approximately equal
values are selected as the looping start and end points.

For looping, it is necessary to detect the period and
the fundamental freguency or so-called pitch of the source
‘which is the musical signal. The conventional practice for
such detection is to pass the musical sound data through a
low pass filter (LPF) to remo?e high freguency noise
components from the waveform and to count the number of zero-
crossing points  of the waveform after passage through LPF to
find the basic frequency of the music sound data wavéform to

measure the pitch. However, with this method, it is



met hod to take out the peak frequency of the fundamental tone, resulting in
only poor accuracy. |In addition, sone nusical sound may have a fundanent al
t one conmponent nuch | ower than the harnonic overtone conponents, in which
case it is simlarly difficult to take out the peak of the fundanmental. tone
frequency efficiently. The above nentioned bit conpression of the SQQEQ
source data as another technique for nmenory saving is discussed

her ei nbel ow. i cal | bi ' ncadi b
eﬁC;e;QgSa?é”segﬁﬁs L ﬁg %glc&hfima??%ﬁ%fsmﬁ q%%Sp%_EZ%?%%%E?g?L?S?%?éﬁ on N
b SEGRb L ¥ B 8P, AR o e Bl lat
f'lter'%§|§8§é23e5¥33 Rk &€ XY 'ﬁg'ﬁ%gsﬁgﬁﬂdhB@e%%ﬁ%eqhﬂa§¥nﬁhﬁEer

paramet et data such as rtange or filter data are annexed to €ach bl ock
consi stigg HErdl AP LAgOholi RS R Whtedd! ushdat a e dbeveaumiettiosound

waveform The filter data I's used for selecti-ag a filter which w1l give

t he hi gheghneopbesdPpliati Cfopr pritceospnessa osonaid owhtiicdh be copifé sum
for encoding, fromthe three node filters, that is, straight PCM first
order diékeirati &h &i shertemd ttime.second. order differential filter. O
these, the first and second order differential filters prove to be IIR
filters at thdstepotdfexigeethnd orr gnampingohhespiticdt, thesie dee¥dPRg or

reproduci ng the , ) ) ]
: mentioned a method consisting in processing the musical sound

data by fast Fourier transform (FFT) to detect and measure ;J
the peak of the musical sound data. However, if the
freguency of the pitch or the fundamental tone is lower than

the sampling fregquency fg, it is not possible with this
method to take out the peak fregquency of the fundamental
;one, ;esulting in only poor accuracy. In addition, some
musical sound may have a fundamental tone component much
lower than the harmonic overtone components, in which case it

is similarly difficult to take out the peak of the
fundamental tone freguency efficiently.

The above mentioned bit compressioﬁ of the sound éource o
data as another technique for memory saving is discussed
hereinbelow. As a practical ‘example, bit compression
encoding may be envisaged, according to which a filter
providing the highest compression ratio on the block-by-block
basis, each block consisting of a plurality of samples, is

selected from a group of filters.



|l eadi ng sanple of a block, one and two sanpl es precedi-ng the bl ock are
requirred as the initial values. However, when the first or second order
differential filters are selected in the |eading block of the sound source
data, there | acks the preceding sanple, that is the sanple before the start
of seund generation, so that one or two data need be stored in a storage
neduggjsuch as a nenory, as initial values. Such provision of a storage
medi um represents an increase in hardware . | oad of the decoder and is not

desirable for cinguif iR Agr a§heRe Al 1 eeliidot$pet pirducbngre i pandimy
application 8925&@%#9 Fg%ggegato an apparatuépfo$9looping or data

conpr essi Ny 3dPs SV t¥ M) dRkaddMdNBd Pafiet@r QatL Ewebt a snramgs esr
for the repetitive waveéform portions are selected from actual sanples and

i nt er pol at ece SPtbpatad bey dwe e amlaeedclaseebdn khobkotdemsistdingi pft e16
di scontinuities. 7 British Patent Application No. 8925892.5 from which
this is divigkdplelsatods titee awsvgnhlke irgitbrot hyendabadofhshe Mempea sigpanrd
such as anal og signals including nusical sound si-gnals or digltal Si +s
correspondingaVRénamxar@hguﬁﬁhtﬁrt@a§ac@@3q$¢@eﬁ°5lF&ﬁ%ﬁ]%ngéséggﬂ A

t he fundamental frequency and an_integer nmultiple frequency conponents wmth
near - by freqtibAGhesWadd agiye: abhe r‘éb%{‘ﬁ?itoncgﬁpéﬁ&%%né%t%'t hég:ou pEuEt

S|gpm 'S exéé%%??éfﬁgn ratio which is optimum for encoding, from the

three mode filters, that is, st;aight PCM, first order
differential filter and the second order differential filter.
Of these, the first and second order differential filters
prove to be IIR filters at the time of decoding or
reproduction, so that, when decoding or reproducing the
leading sample of a block, one and two samples preceding the
blocﬁ are required as the initial values.

Howéver, when the first or second order differential
filters are selected in the leading block of the sound source
data, there lacks the preceding sample, that is the sample
before the start of sound genefation, so that oﬂe or two.data
LJ need be stored in a storaée medium sucb as a memory, as

initial wvalues. Such provision of a storage medium
represents an incfease in hardware load of the decoder and is
not desirable for ciréuit integration and resulting cost

reduction.

CO-pendihg application 8925891.7 relates to an
'~ apparatus for looping or data compressing sampled wavgfprm
data. During loopiﬁé;'two connection samples for the
repetitive waveform portions are selected from actual
samples and interpolated so that they have values closest

to each other to eliminate discontinuities.

7



recorded in a recording nedium thereby to reduce the noise contained in-
the i nput signal and to suppress noi ses ot herw se produced at tine of
repetitive.regeneration of the recorded waveform British Patent

Application 9117593.5 which i s codi vided fromBritish Patent Applicat i on
No. 8925892.5 rgi-a¢esnt Pat el %gq} i NB! YoMt & Neddmi nput di gi_
signal converted from an ana ignal 1s processes by Fourier transf

pr oducewhiich otRisr eauamﬂdaarra@mﬂsswm o€ [ 1Rrfa 12 3R dorI De S8€eh b Four i er

tO

transform after phase matching and the period_of the-peak val ue of the

out put "H&?’éerlé‘ ngB&'ttedsiLS“ﬁllﬁi tsh'&fbl g&h »n2lRS aﬁhgﬁglsﬁ gR&IC W\H‘Sby to
al | ow the IE') h of the analo bt%gete.cted with hl% gggt‘a%l_smn and
with a ™St oFo¥R |§%9 PQP@H& pSAERE bR CHITES iBBich is
codi vi gt g t ApI 8 relate to,a .

si gnal qggerr%%ggls??\:g et tod %grYBFOIgI éﬂts?e%gc |énlg-1 aglﬁggoﬁnag tr%c?e <af’llé{ct |y
out put tiHy & g of, g 4! r ough-
a filter, V\%?%% J\?ﬁ’f‘gg. \??et e ou pﬁtﬁdS|a§ﬁaL%&§éééPhg\%&r$g%# Ifl ﬁ PEQ

conpr es:buqsbm@ﬁtﬁ waltll hearsBy ifrdyddite ek kg SA Qé@ita%@rféﬂew%:.

further conprises affixing to the input signal during a period preceding
the stawavebontm oBomeinnmf tihgnabuvtmseudd gt isd gealtydeeBan fhgcause

recorded in a recoréing medium, thereby to reduce the noise

contained in the input signal and to suppresé noises

otherwise produced at time of repetitive regeneration of the

recorded waveform.

British Patent Application . 9117593.5vwhich is

codivided from British Patent Application No. 8925892.5

relates to a pitch detection

method wherein an input digital signal converted from an
analog signal is processes by Fourier transform to produce
various freguency components w—hich are again processed by
Fourier transform zfter phase matchi_ng and the period of the
peak velue of the output data is detected to find the pitch
of the analog signal, thereby to allow the pitch of the
'analog. signal to be detected w.ith. high precision and with a

smaller of samples. -

British Patent Application ?117595.0

which is
codivided from British Patent Application No. 8925892.5

relates to a signal compressing
method comprising selecting one of a mode of directly

outputting an input signal or a mode of outputt.ing an input
signzl through a filter, which will give the output s-ignal

. 8

t hod



the node of directly outputting the input 'signal to be selected, and

processing the input signal inclusive of the pseudo input signal, whereby
initial values for the |leading block nay be elimnated and hardware nay be
simplified. British Patent Application 9117591.9 which is codivided from

British Pat &#&vipel tbet hdighvs t 80aRPI2 Ss { Bhatrat ild) andpitr HWHREEIS ng ERnd
encodivwg et had for conpressing and encodi ng constant period waveform dat a,
wi th conpreS3tRAter@mad, b¥BEKsineidie curkhedi figrbhepl comlprsiaygs asf f #6ing
units, conprli s%s.e’tti ng i he Pun‘ner_ of words contained in an n nunber of

periods of W& MG $19831 1 Qupinggaaperdcd iPresedinaIthe|staxt tpeint

nunber of I Ined_i.n each of sai.d gonpressing-_encodi ng ‘bl ock,
wher eby to efﬁ%ﬁ%&%ﬁufégﬂﬁg‘qﬁe&?&ﬁgﬁsJé‘tp‘%%é%ﬁﬁélof“'%ﬁ)éfﬁﬂ%l cause

reproductio d edyce,error rodyced on shifting fromone block to
anot her at ?r??q_t-fntr?&%f q’blfictd%:ﬁﬁﬁrté si BHESP Y HENB| ddhe by PRWckSEganasl te dbeo

relates to gNgvefggm £85I nd .encodi ng nmethad for conpressing
and encodi ng SWave oér'n gg{a:q n% oégg%r%gstg‘eed Hé?‘égmﬁgﬁga h&-%‘éﬁ%f’@r?f_f drhe
CONPr essi ONpe\hiad COPEES 8k B%=8NC oy 0 +<&ach, cont ai pi ng ..
predet er mi ned nunber of san%?gq\ﬁo?‘gézgggg&unh%sfleasair\'aacﬁé?%ogoru!‘:?ﬁerlea"mg
conpri sing babekngly Me G alc86TeAd HEXELALE HAVALR Wil byce!
conpressi ng- encodi ng bl ocks each contal ning a preaagsemgied: nu _e? of data
words, said 9 ritish Patent Application - which is
codivided from British Patent Application No. 8925892.5

\J relates to.a data compressing _
and encodirig method for compressing and encoding constant

period waveform data, with compre'ssing-encoding bl'oclks, each
consisting of plural samples, as units, comprising setting
the number of w_orc'is contained in an n number of periods of
waveform data so as to be equal to a integer multiple of the

number of words contained@ in each of said compressing-

encoding block, whereby to eliminate minute freguency gaps at
the time of waveform reproduction and to reduce ei‘rors
produced on shifting from one block to another at the time of
bit compression on the block-by-block basis.
It also relatés to a waveform data

compressing andh encoding mei:hod for cc;mpressing and encoding
waveform data into compressed data words and pai'ameters for .
compression, w-ith compressing-encoding blocks, each
containing a predetermined number of sample words, as units,
said method further comprising forming from constant period
waveform data a plurality of compressing-encoding blocks ezch

containing & predetermined number of data words, said

9



conpr essi ng- encodi ng bl ocks each including a start bl ock and an end bl ock,
storing said conpressing-encoding blocks in a nenory and form ng the
paranmeters for said start block on the basis of data for the start bl ock
and the end bl ock, whereby to reduce | ooping noises otherw se produced at
the tinme of looping fromthe end block to the start block. British Patent

%B{:{)fé?&!ﬁe@@iﬁg- %éézaéaé?%;bir’%@ éscfio9nhded oy o ¥ d#t Sh1Bakeaha

tion ates to a sound data form ng apparatus for

ProgcieRd AWK SOEEE2iHg! 8ah0l UMprEEsinglefitoangs Mdiadke bynpeocessing
an I nput musical sound signal having repetitive waveforns, conprising pitch

det gehicdy BANSEdOhi At €64 | pairdMeterbchorhisalidi sthbe blndkment ahef requency
of said input nusical sound signal, by matching the phases of the

respesisvefl Gatefyr cthpostats dbbbaekneddupdre pnd dehook, Febeirebyt r ansf orm
of said input nusical sound signal, again performng the Fourier transform
andtderedhiocr lbeppary eobises hothezlw ise uprofucesd @k fihedbtiae pBifl tering
means supplied with said input musical sound signal and having conb filter
chaleopéngsfirom Hhe repdrblochet s rthgieptgrbaRdosk-t he fundanmental frequency

detect o9 B, ekl yebhe N\ el 1 e 1TEREBEY band of o

which is codivided from British Patent Application
No. 8925892.5 relates to. a sound data forming
apparatus for producing sound — - :J
source data fbr storage in a storage medium by processing an
input musical sound signal having repetitive waveforms,
comprising

pitch detection means for detecting the pitch which is
the fundamental frequency of said input musical sound signal,
by matching the phases of the respective frequency components
obtained upon performing Fourier transform of said input
musical sound signal, again performing the Fourier transform
and detecting the period of the peak value of the output s

data,

filtering means supplied with said input musical sound
signal and having comb filter characteristics having only the
frequency band of the fundamental frequency detected by said
pitch detection means and the freguency band of high

harmonics thereof as the pass bang,
10



repetitive data extraction neans for finding the values of predeterm ned
eval uation functions of the values of sanples at a plurality of sets of two
poi nts spaced relatively from each other by a repetitive period
corresponding to the detectied pitch of an output signal fromsaid

filtenning neans, and a plurality of sanples in the vicinity of said two

poi nts,>~and extracting as repetitive data the plural sanples between the

two points the evaluation functions of which have val-ues 'ndicaﬁin Sigh
simlarity of tREPREIEANENSALR ($RLTRCHHPRyMERNS,iTPT: i Wﬁﬁﬁﬁ“&

ffixi to,the_ i t si I dq.i i gnal _duri h '

ot ocodi ng Bfc BTSAEYRRRERER VaLFAGHOR: SHRCELRRE wifo P (REAUEE of

per T ods of SRIVERSAm AN & MU EBAMLSBY GBPE NioPhe GRE Epinkd Epdtes
of *RdVef5m A o | A0 _ _ S

contai ni ngt S RENHEDY ot Wb CATIERR IO R R ST SRl apet o

data bei ngcpQRelsdRing it P tH B¥bdR IV L X SNt OFPESSE! 8UgRATOLIFBE:
bl ocks confa?%?ngﬁgiiﬁggst a start bl ock and an end blockﬁﬁh, n?and n being

natural nughgrs.fiheeRdmyehecnd orafd @ ?Rﬁi‘ahh& oti sariplesd i the
basis of the data for said start bl ock and said end block. In view of

the above sdsdrmibey efases dftwbepodints arandi exitracpingcapalress eitiofe
the present invention to provide a nethod for use i.n a signal processing
met hod fordata the plural samples between the two points the evaluation
gj functions of which have values indicating high similarity of
the waveforms in the vicinity of said two points,
means for affixinc to the'input signal a pseudo input
signal Curing the period proceding the stert point of szid
input signel, and
weveform date compressing-encoding means for compressing
ané encoding an n number of peéioés of waveform date intq
compressed datea words and parameters concerned with
ccrpressicn, with cormpressing-encodéing blocks each containing
&n-h number of samples as units, the period of the waQeform
éate beinag constaﬂt, and forming an m number of the
compressing-encoding blocks céntaining at least a start block
and an end block, h, m and n being natural numbers, the

‘perameters for said start block being formed on the basis of

the dgata for sazid start block and said end block.
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produci ng a digital signal wher eby t-he above-i nconveni ences may be
reduced. It is a further object of the present invention to provide a

nmet hod for producing digital signals whereby the |ooping start and end
points as the | ooping points can be set automatically. According to the
present invention there is provided a nethod for producing a digital signal
conprising converting an anal og signal having repetitive waveforns in a
di gital signal conposed of plural sanples at a predeterm ned sanpling

peri od, f'"ﬁ'i%é&‘%f’%&l@%}?&v&@é@éﬁﬂé&e&&ﬂ&éU@f'a@efﬁi‘ibfons of the

said sanples at a plurality of sets of two points relatively spaced apart
by agtf,e 38 ifld & RSNl &9 et et OEhéi PrésentNinveRtioal tby of sanples in
t he V|C|n|ty of said two points, and extracting the said plural sanples
bepresridmial rethqdi £ wie 0w of shgnal sprocéseiny ahethodrfdmnct i ons. of

whi ch have values indicating high simlarity of the waveforns in the

vi chredyciig sai dighbaposhgnalThe avhexelbndtherabeveobj ects-and nove
features of the present invention will nore fully appear fromthe follomnng
detizidonyerdsnaes imay the aredwucednnection with the acconpanying drawings. |t

is to bezexpigsal Vs bpenest 008) ebenvayer tHdaprelBert ayvhvenh i énf Aot he
purpose of illustration only and are not intended as a definition of the

~ i mprdvafaé he maeteld dfor Ifroducing digital signals whereby the

looping start and end points as the looping points can be set
automatical;y.

According to the présent invention there is provided
a method for producing a digital signal comprising
converting an analog signal having repetitive waveforms
into a digital signal composed of plural samples at a
predetermined sampling period, finding the values of
predetermine& evaluation functions of the said samples at a
plurality of sets of two points relatively spaced apart by .
a repetitive period of said analog signal, and a plurality
of samples in the vicinity of said two points, and
extracting the said plural samples between said two points
of one of said sets the evaluation functions of which have
values indicating high similarity of the waveforms in the -
vicinity of said two points. ' -
The above and further objects and novel features of the '
present invention will more fully appear from the following
detailed description taken in connection with the
accompanying drawings. It is to be expressly understood,
however, that the drawings are for the purpose of

illustration only.and are not intended as a definition of the

) }imits of the invention. o _ : -
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Fig. 1 1s a functional block di agram showi ng a schematic overal | structure
of a sound source data form ng apparatus for use with the present.
invention. Fig. 2 is a diagramshow ng the waveform of nusical sound

signals. Fig. 3 is a functional
detecting operation. Fig. 4 is a block diagramfor illustrating the peak
detecting operation. Fig. 5 is a waveformdiagramfor the nusical sound
signdl and the envel ope thereof. Fig. 6 is a maveforn1diagran1for decay
rate data for the nusical F|g 7 is a fun tlonal % e
% ?% %mc..lc

J sound signals.
di agram for il ustFaGing tlﬁeaeﬁ\ﬁ’élcg'ﬁé’ déﬁ&fét"? =)
di agram show ng FIR filter characteristic a
showi ng wave R¥EFR1Y S LEYCINES %\Peﬁﬂ%n%o? gFI a?ﬁ*’-‘ tﬁ“@rﬁ%@ % & %ngb

signal. Fig. 10 is .,a. diagram show n conb filter characteristics.
Fig. 11 is a FPEWMERaMithythe |£ Mnal recording nethod with

conmb filtering. FI%& .léjéglgﬁvqégpggl@g&g&&gréﬂéL@LQQQJEhtBQfHE&Hﬁgl—.

bl ock diagramfor illustrating the pitch

| oopi ng point sett
sound signals.

Fig. 3 is a functional block diagram for illustrating
the pitch detecting operation.

Fig. 4 is a block diagram for illustrating the peak
detecting operéticn{

Fig. 5 is = wavefc:m'diagram for the musiczl sound
signel ané the envelope thereof. |

Fig. 6 is & waveform diagram for decay rate ta for the
musical sound signels.

Fig. 7 is a functional block diagram for illustratincg

the envelcpe detec

ting operaticn.

§ is & éiacram showing FIR filter characteristics.

a weveform cdiagram showing wave height values

correction of the musical sound signal.

is a diagram showing comb filter

characteristics.

Fig.

" is a flow chart for illustrating the signszl

recording methoo with comb fllterzng.

Fig.

12 is a waveform diagram for allustratzng th

optimum looping point setting operation.

13



Fig. 13 is a flowchart for illustrating the digital signal form ng nethod
with optinmum | oopi ng point selection. Fig. 14 is a waveform di agram
showi ng the nusical sound signal before and after tine base correction.
Fig. 15 is a diagranmmmatic view show ng the construction of a block for
guasi - i nst ant aneous bit conpression of wave height value data foll ow ng
time base correction. Fig. 16 is a waveform di agram show ng the Ioopﬁnd
dat a -obt ai ned Rgmpn TBpesi @ viElowy ehanh jfoct idd usdtnebbnghéheoapi agtpdi nt s
Fig. 17 is a waveform di agram show ng formant portion produci ng data after
envel ope sdemadc tioxmires exk throdl ecityh ropeinem alodping 1Bointaseleatipart for
illustrating the operation before and-after |ooping. Fig. 19 is_a bl ock
circuit di agr &mehdd nis sa seaveiorn ddagmegctshay ng astheaBrsigadasorndous
bit conprssing and encoding system Fig. 20 is a diagrammtic view show ng
a practi@ﬂgﬂgiﬂﬁﬁQPQE anY ALY el rPRER cBPTFBREYBRsi - i nst ant aneous bi t

contents of | dafing AT Bl DLRITBPRALAR, LAY SHORRI DIFERS SPMPETHGHiG.
i agr am oW B3 &6 OFSE 48 LaNYn SEEHRLG Ut sVE ETRERYS UE SF QAT 0
height value data following time base correction.

Fig. 16 is a waveform diagram shdwing the looping data
obtained upon repetitive waveform junction between the .-
looping points. |

Fig. 17 is a waveform diagram.showing formant portion
producing data after envelope correction based on decay rate
data. |

Fig. 18 is a flow chart for illustratihg tﬁe operation
before and after looping.

Fig. 19 is a block circuit diagram showing a schematic
construction of a guasi-instantaneous bit comprssing and
encoding system.

Fig. 20 is a.diagrammatic view shbwihg a practical ;J
example of a data block produced upoh quasi-instantaneous bit
compression and encoding.

Fig. 21 is a diagrammatic view éhowing the contents of
lead;ng part blocks of a musical signal. |

Fig. 22 is a block diagram showing a éohstfuctional
example of a system inclusive of an audio précessing uﬁif

14



( APU) withits peri phery By referring to the draw-ngs, certain preferred

enbodi pent sof the present invention will be explained in detail. It is
however to be understood that the present invention is not limted to these
enbodi ments given only by way of illustration. Fig. 1 is a functional block

di agram showi ng a practical exanple of various functions while are
exhidited since input nusical sound signal sanpling until storage in a
nenﬁ?y when the enbodi nent of the present invention is applied to a sound

source data f,Qrping .appanatus. . .Ihe input nusical sound signal to the
I nput term néﬁp% w&taseffnrpﬁ%h%@a signal directly picked up by a
m crophone or a signal reproduced froma digital audio signal recording

medi um as anal og or digital signals. The sound source datd formed by the

apparatus of Fig. B]y hae t@dengnie td seheal 8e@ wbnpgisng wexhauin | prefersred
expl ained by referring to the nusical sound signal waveform shown in Fig.,
{ in

2. In gener @mbdih e s abE et hehrsd se htof naesdiion gwiddathe e xpdad
conponents such as key stroke noise on a piano e+ breath noise

in wnd
musi cal i nst raeEailis ddntss nbdwevehetoobed urnderssoadethats thespresent
produced a formant portion FR exhibiting inexplicit vef orm peri odi ci
! hedimenE e Sgyen only by

which is fol liowention ispactt lgmited hEosiheska R tyen
fundanmental period corresponding to the nusical interval
way of illustration. _

Fig. 1 is a functional block diagram showing a practical
example of various functions while are exhibited since input
musical sound signal sampling until storage in a memory when
the embodiment of the present invention is applied to a sound
source data forming apparatus. The input musical sound .
signal to the input terminal 10 may for example be a2 signal
directly pickéd up by a microphone or a signal reproduced
from a digital audio signal recording medium as analog or
digital signals.

The sound source data formed by the apparatus of Fig. 1
has undergone a so-called looping which will now be.explained
N by referring to the musical sound signal waveform shown in

Fig. 2. in general, directly after the start of a sound
generation, non-tone components such as key stroke noise on a
piano or breath noise in wind.musical instrument is contained
in the sound, so that there is first produced a formant
portion FR exhibiting inexplicit waveform periodicity-which

is followed by a repetition of the same waveform at the
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—— e

(pitch or sound height) of the nusical .sound. An n nunber of period, n-
being an integer, of this repetitive waveformis taken as a | oopi ng domain
LP which is a region or donain betweerr a |ooping start point LPS and a
| oopi ng end point [err]. The formant portion FR and the | ooping donmain LP
are recorded on a storage nedium and, for reproduction, the formant porfion
I's reproduced first and the looping domain LP is reproduced repeated YYto
produce the nusical sound for a desired long tine. Referring to Fig. 1, the
i Nnput MSigdsmeetEl spgrdlod scoarpsepdraiingsaoplthey bhedicall dnteral
exanple, a frequency of 38 kHz, so as to be taken out as 16-bit-per-sanple
di gi tal (gdtteh B sceanplheight) ref piheisnresisab sonnds si 3n ponuahen et nput
signals and to sanpling rate and bit nunber conversiaon for digital input
si gnal s.pehhead,an dejingancinteses hiafithbs xepetitddpfavefasnr is
frequency, that is the frequency of a fundagﬁﬂtal t one ggrr] or .the pitch
data, whfiakedecpsr & nkROPABS SHMBA N LR WBE chnd %ii @i FEFHAR| % 98T AL r om. -
the sanpli bl ock,.is_detected. The . principle Qf detectjon at the .
detect| PEDPSEE ™ 1SRAPS REALE BOSRH dk8 andng HAARLNOsSH% KRN as
t he sa ing s d Ce. 0 l,qnal Qgﬁ gggggt e .f ncy -
mar kgadm+BMreBEaﬁEgﬁt{ea§%p%§?§d‘%P} glqﬁ/uency fgrgr]mg’ %{n%gg?u ilfIE ?éslyg _
difficulfet8risd@tbhy af NEebPheeVahe@iud t&HaY fbr reproduction, the
formant portion is reproduced first and the looping domain LP
is reproduced repeatedly to produce the musical sound for a Q)
desired long time.

Referring to Fig. 1, the input musical .sound signal is
sampled at a sampling block 11 at, for example, a frequenfy
6f 38 kHz, so as to be taken out as 16-bit4peresample digital
data. This sampling corresponds to A/D conversion for analog
input signals and to sampling rate and bit number conversion
for digital input signals.

Then, at a pitch detection block 12, the fundamental
basic frequency, that is the freguency of a fundamental tone
fy or the pitch data, which determines the tone or pitch of
the digital musical sound from the sampling block, is
detected.

The principle of detection at the detection block 12 is
hereinafter explained. The musical sound ‘signal as the
sampling sound source occasionally has the fundamental tone

freguency markedly lower than the sampling freguency fg so
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hi gh accuracy by sinply detecting the peak of the nusical sound al ong the
frequency axis. Hence it is necessary to utilize the spectrum of the

har moni ¢ overtones of the nusical sound by some nmeans or other. The
waveform f(t) of a nmusical sound, the interval of which is desired to be
detected, may be expressed by Fourier expansion by f (t) =[err]a (w)cos (

wt + {%;r] (W) (1) where a(w) and [err] (w) denote the anplitude and
t he phase-of each overtone conmponent, respectively. |f the phase shift

[err] (w) of tfe*?ic{f)igeits?a?fi 5 C%tse%tzfagntti%-.%W%J%WE?Z?B%QQch with

rewitten to e peak

Corr ospondi ndt 9% AESREA G 51 o sEEY (REERERL L P ReR TS o onee

correspondin ger e periods of all of the overtones

of the wavef oz f Gt b 138K 3t hb=Gr e JRENBYRIER SHOW HEnBEh At tiwmebe sperd pdto
of the fundaﬁ%ﬁ%éﬁ %@he. On thezbégis o?athis principle, the sequence of

pitch detectippyiszexghai 888ckyumeber theghaemord d ovetritonals Wi dhelimgsheal
of Fig. 3. In this figure, nusical sound data and "0" are supplied to a
real part inpgbuh@rBynsbmel mgxhsiror netghews y part input termnal 33 of a

fast Fourier transformblock 33, 17 respectively.

The waveform f£(t) of a musical sound, the interval of
which is desired to be detected, may be expressed by Fourier
expansion by |

f()=%a(w)cos (0t+ ¢ (w)) (1
w .
where a(w) and ¢ (w) denote the ampli_tude and the phase of
each overtone cqmponent, respectively. If the phase shift
¢(Q) of each-errtone is set to zero, the above formula may
be rewritten to
TW=% a(w)coswt | (2)
o
The peak points of the thus_phase-matched waveform £(t) are
at the points corresponding to integer multiples of the
periods of all of the overtones of the waveform f(t) and at
t=0. The peaks show no other than the period of the
A fundamental tone. |
On the basis of this principle, the seguence of pitch
detection is explained by referring to the functional block
diagrém of Fig: 3.
In this figure, musical sound data and "0" are supplied
to a real part inpgt terminal 3i and an imaginary part input

terminal 33 of a fast Fourier transform block 33,
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In the fast Fourier transform which is perforned at the fast Fourier - -
transform bl ock 33, if the nusical sound signal, the pitch of which is
desired to be assuned, is expressed as x(t), and the harnonic overtone
conponents in the musical sound signal x(t) is expressed as [err]
(3), x(t) may be given by oo x(t)= [err]cos (2[err]) - (4
This may be rewitten by conplex notation to oo x(t) = (1/2) [err] ( n=-
00 where an equation cos [err] (6). is-enployed. By Fourier
transf ormrespe€blivedirng equation X (w) = [err] oo =[err] (7) n=- o0 is
derived, in which err% represents a delta function. At the next bl ock 34,
the norm or abs®&hutbevipgd Fenpierstransfowm: whicheisypesformsguakethbe the
real part and a_square«of the im 'nary3gar£$ of the data obtai ned afﬁer
991 e

the fast FeRSFeFORFARET bFAPSEQTBORPAFE htfe B?sfﬁﬂin§°ﬁﬁdaﬁégpé

vaIue-Y(m)tgé égg%h %@ewhich is desired to be assumed, is expressed as
x{t), and the harmonic overtone components in the musicgi

sound signal x(t) is expressed as

ancos(2Tfat+ 6) (3,
x{t) may be given by
»
0
X(t)‘-'-'zanCOS(znfnt'i' 6) (4)
ne 0
This may be rewritten by complex notation to
0
x(1) =(1/2) Zanexp(j @ a)exp(jwat) (5)
n=-©0 '
where an equation
cos 6 = (exp(j 8) +exp(-j8))/2 (6) .
is employed. By Fourier transform, the following eguation
— ———
X(w)=§ x(t)exp(-jwt)dt : |
-0 ‘ o
©
=T anexp(j:8a) 6 (0-0a) (7
nes-00 .

is derived, in which aﬁv-uh) represents a delta function.

| At the next block 34, the norm or absolute value, that
is, the root of the sum of a sgquare of the real part and a
sguare of the imaginary part, of the data obtained after the

fast Fourier t:ansform, is computed.
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phasé conponents are cancelled, so that ¥ (w) = [ X (wX (w) ]J[err]" = (1/2)
[err] B (w- w) (9) This is nmade for phase matching of all of the
hi gh frequency conponents of the nusical sound data. The phase conponents
can be matched by setting the imaginary part to zero. The thus conputed
normis supplied as real part data to a fast Fourier transformblock (in

t hi s\case an inverse FFT block) 36 as the real part data, while "0" is
supplied.to an i magi nary, data i nput ternminal 35, to,exe e, an rse

to restore the rru?g@aﬁ' sB¥ndadetng &R s‘“?ﬁ?é Fﬁlﬁﬁy%g{%"}e&fe ﬁt');'d E:;L
00 [err] 00 00 =[err 10) 00 The, nusical sound data,

t hus recovengaéktEPkPﬁF§P§§ BEf 9§Q§%¥§&é}c)? %£§% wavef orm r epresent ed

by the synthesi sYo( E'pps,i L4 W,a%]l@%y'?]rpg/t!he phase- mat ched -hi gh frequency
conponents. The peak val ues of the thus restored sound source data are

detected at the-peak detectjon ck 3(. yThe peak points ar he points at

whi ch the peaks of aII'bgi(hgaratgd%ﬁéé"3onponents of the nS%%baJ sound

data becone coi ncidgy - jsAmalde for phase matching of all of the high
freguency components of the musical sound data. The phase
components can be matched by setting the imaginary part to

2ero.

The thus computed norm is supplied as real part data to

had a fast Fourier transform block (in this case an inverse FFT
block) 36 as the real part data, while "0" is supplied to an
imaginary data input terminal 35, to execute an inverse FFT
to restore the musical sound data. This inverse FFT may be
represented by
oo
y()=(1/2z)§ Y (w)exp(-jowt)dt
- 00
o0
= s anCOS W nt (10)
- 00 _
The musical sound data, thus recovered after inverse FFT, are
o taken out as a waveform represented by the synthesis of

cosine waves héving the phase-matched high frequenéy
components. |

The peak values of the thus restored sound source data
are detected at the peak detection block 37. The peak points
are the points at which the peaks of ali of Ehe freguency
components of the musical sound daté become coincident. At
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the next block 38, the thus detected peak values are sorted in the order of
the decreasing val ues. The tone or pitch of the nusical sound signal can be
known by measuring the periods of the detected peaks. Fig. 4 illustrates an
arrangenment of the peak detection block 37 of Fig. 3 for detecting the
maxi mum val ue or peak of the nusical sound data. It will be noted that

| arge nunber of peaks with different values are present-in the nusica

sound datig, L theoht 8BvaltHY thiushaetechrdydLialvabuas aze sergredped
by finding the maxi num value of the nusical sound data and detecting its
period. iRefiaid idwaép &fdthé, débeenssingl vadues.daThestoiney oholpidmpf
I nverse Fourier transformis supplied via an input tetrmnal 41 to a (N+1)
. stage shié mRgBtel sBumddstirgnsli icaad bea kreowst vy adasefingt Hikeor der
to an output termnal 43. - This (N+1) stage shift register 42 acts as a
wi ndow hgestitwpig hef wehehdetechiefl) pemks.es with respect to the nusical sound
data string and the (N+1) sanples of the data string irs transmtted, via )
this w ndow tB®ige ndxiilustzatesian@rangenpentt ofsthe, ek dekeghion
nmusi cal sound data are first entered jnto the register a%€y2 and £
sequent iR} PGt 3 ARfrFi®d 3t Eorndetecting Ehe Maxionm v e % PedkAfdat a-
fromthe registers [er%d[ed'ré are transmtted to the maxi num val ue

sical" so ata. _

det ect i orit®Qmu .
' It will be noted that a 1arge.number of peaks with

different values are present in the musical sound data, and
the interval or pitch of the musical sound can be grasped by
finding the maximum value of the musical sound data and
detecting its period.

Referring to Fig. 4, the musical sound data string
following inverse Fourier transform is supplied via an input
terminal 41 to a (N+1) stage shift register 42 and
transmitted via registers BUN/21 *ce 1 Qs eoe 4 BN/ in this
order to an output terminal 43.  This (N+1) stage shift.
register 42 acts as a window having the width of (N+1)
samples with respect to the musical sound data string and the 'QJ
(N+1) samples of the data string is transmitted wvia this
window to a maximum value detection circuit 44. That is, as
the musical sound data are first entered into the register a_
N/2 and seguentially transmitted to the an/sar the (N+1)
sample musical sound data from the registers A_N/2r = 1 80
«es 1 8yyp are transmitted to the maximum value detection
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circuit- 44. This maxi num val ue detection‘circuit 44 is so designed that,
whén the value of the central register [err] of the shift register 42, for
exanpl e, has turned out to be maxi num anong the val ues of the (N+1)
sanples, the circuit 44 detects the data of the register [err] as the peak
value to output the detected peak value at an output term nal 45. The width
(N+1)_ef the window can be set to a desired value. Turning again to Fig. 1,
the envel ope of _the, s | ed digital nusical sound signal is detected at
envel ope deté%%?%mlglggg 13, using the above pitch data, to produce the

envel ope waveform ié“ﬁ%ﬁfﬂ&ﬂgv§§E@jdﬂéHEﬂ%?nT@i§c§ﬂ¥?hqpqQMﬂﬁﬁdﬁﬁigﬁéd

shown at Bin Fig.5 ~I's obtal ne y sequentially connecting the peak points

of the musicaly 2pUngngh0tal WAMGHOIdE EfeSBANRral Rebishies &y aMdthe shift

i ndi cates the chahge I n soun evel or sound volume with |apse of tine

since the tingegisteynd2geterddx@mpld)ibasnvernpd vatetor bei maxsimaimyamong
represented by parameters such as ADSR, or attack time/decay tine/sustain
| evel / rel easethenpalQuisicierilng (€1 §asamyfles pitdre ¢ bnepifr ddudetepba the
striking a key, as an exanple of the nusical sound signal, the attack tine
TA indi cates @htatiof thiechrebdpies sajcas khe Eeak kvplow dtosostmuek the
(key-on) until the sound volune increases and reaches the target or desire

sound vol une detestedecpeekaywalve D tar PpEPUiterBEAgdeSA S ncd e dhPh

t he sound vol une of the 21
Sou v '?N+1) of the window can be set to a desired value.

Turning again to Fig. 1, the envelope of the sampled
digital musical sound signal is detected at envelope
detection block 13, using the above pitch'data, to produce
the envelope waveform of the musical sound signal. This
envelope waveform, as shown at B in Fig.5, is obtained by
sequentially connecting the peak points of the musical sound
signal waveform, as shown'at A in Fig. 5, and indicates the
change in sound level or sound voiume wifh lapse of time
since the time of sound generation. This envelope waveform
is usually represented by parameters such as ADSR, or attack
L time/decay time/sustain level/release time. Considering ﬁhe
case of a piano tone, produced upon striking a key, as an
example of the musical sound signal, the attack time T,
indicates the time which elapses since a key on a keyboard is
struck (key-on) until the sound volume increases-énd reaches
the target or desired sound volume value, the decay time Tp
the time which elapses since ieaching the sound volume of the
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attack time TA until reaching the next -sound vol une, for exanple, the sound
vol unme of a sustained sound of the piano, the sustain level [err] the

vol une of the sustained sound that is kept since rel easing key depression
until key-off, and-the release tinme TR the time which el apses since key-off
until extinction of the sound. The tines TA, TD and TR occasionally .
mean the gradient or rate of change of the sound vol une. O her envelcﬁﬁ%El

par anet grtst d dlanttiimes eT { ountfdr anes ehd ngaythe spess s edolmey | £oge
noted that, at the envel ope detection block 13, data indicgating the overal
decay ramanmlehetbégaaunﬂaV§ﬂEMﬁiQﬁcﬁﬂ%@?ﬁﬂlg?ﬂuFPHHaoﬁgl&hﬁ1ﬁ+qqﬂ!
envel ope waveform data represented by the paraneters ;such_.as th %?%ge
ment i ondhADSES tailth 12va kg chakyayuB& °tfhé"hF0|5r\’§ttabb?Ffioﬁ°HP%h 2

I dual attack fi - Th te dat f
"1 si ndé 4P} 9ANGE KelereiRRckaY| DRPRPSEAONORTRAL Ke¥E ta Bk Yihe TA
d th d d t ly, . sh iLn_Fiq. . .
xanpl o T LFAS Soal DptR dRBCE B LR 19T 8P e Sih S At T -
ferri the, f ti bl ack di s . &h | nci
cnvel op BERRT EARA SOF nERs EFTAGE o TR claqiefor 247 7 HHE artR i tude
modul at e&céﬂ@oﬁ%ﬂfﬁ' meggarthies grtala%.,egﬂ'.v@:o%ﬂes Setatdfge Vot hthdesphheh of
st gha er 22

t he nusical soun bel ng “consi ed as the carrier

volume. Other envelope parameters than these four parameters
may also be emploYed,_

It wili be nbted that, at the envelope detecticn.block.
13, data indicating the overall decay rate of the signal
waveform is obtained simultaneously with the envelope
waveform data represented by the parameters such as the above
mentioned AbSR,.with a view to taking out the format portion
with the residual attack waveform. These decay rate data

"1" since the time of sound

assume a reference value
generation at key-on during the attack time T, and are then
decayed'monotonously, as shown in Fig.6 as an example.

An example of the enve;obe detection block 13 of Fig. 1 ;)
is explained by referring to the functional block diagrém of
Fig. 7. .

The principle of enve;ope detection is similar to that
. of envelope detection of an amplitude modulated (AM) signal.

That is, the envelope is detected with the pitch of the

musical sound signal being considered as the carrier
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f-requency for the AMsignal. The envel ope data are used when reproducing
the nusical sound, which is fornmed on the basis of the envel ope data and
pitch data. The nusical sound data supplied to the input termnal 51 is
transmtted to an absol ute val ue output block 52 to find the absolute val ue
of the wave hei ght value data of the nusical sound. These absol ute val ue
data\gpe transmtted to an finite inpul se response (FIR) type digital

filter block or FIR block 55. This FIR block 55 acts as a | ow pass filter,
the cut-off characteristics of which are determ ned by supplying to the FIR
bl ock 55 fil feequestli EoenthepAdyisiigsial f offined envelamr Gakd faxeensgd when
generation block 54 based on the pitch data supplied tg an input ger | nal,
53. The filtcepchdnginer tds crusieaknsapnin Mhicly 38 fprmed At Hhe kasds

I nt tt f [ f ot f tal t t f
Forr1} and: haEmbhiec SE R Gae (H8 RLF R J8BBRd signal - For exanp e,
th I dat h t B in E_q. A t 3 | Gal
sound stgnal showite MAStrad souy Hata snpERc 6 PH npfCEEERIFY A
fund t al t I ' ' ;
coel 1t ent ERacEateh SEESY° LN abeolfER Falid Butdd® BILER 52 to fin
wher ei n [err}piendiGab eatlh & PREEC Jf AWENBavE RBieigh©f vhludugatal spurthe

stonal. 23 musical sound. These absolute value data are transmitted to

an finite impulse response (FIR) type digital filter'ﬁlock or

_ FIR block 55. This FIR block 55 acts as a low paSs.filter,

the cut-off characteristics of which are determined by

supplying to the FIR block 55 filter coefficients previously

fqrmed_in a LPF coefficients generation block 54 based on the
pitch data supplied to an input terminal 53.

The filter characteristics are shéwn in Fig. 8 as an
example and have zero points at the freguencies of the
fundamental tone (at a frequency fo) and harmonic overtones
of the musical sound signal. For exémple, the envelope data
as shown at B in Fig. .5 may be detected from the musical
sound signal shown at A in Fig. 5 by attenuatiné the
frequencies of the fundamental tone and the bvertones by the
FIR filter. The filter coefficient characteristics are shown
by'the formula

Hf)= k- (sin{n £/1e))/1 (1
wherein f, indicates the basic frequency or pitch of the

musical sound signal.
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The operation of generating the wave hei ght signal- data of the format
portion FR and the wave hei ght signal data of the |ooping domain LP or

| oopi ng data fromthe wave hei ght value data of the sanpled nusical sound
signal or sanpling data is explained. In a first block 14 for generating
t he | oopi ng data, the wave height value data of the sanpled nusical sound
signal are divided by data of .the previously detected envelope-mavefofﬂ{

shown at B iy 0oo8rb @Rty Ridifukd o 166 Phgedl i ghte i1 L@aeer form
an envel ope corteckron 0 produce wave hei ght val ue dat'a of a waveform

havi ng & £Ql1ed apbr AR plosies o PROMA| EnEl Gavk hétghenyebona autLcsed

signal or, nore precisely, the correspondi ng wave hei ght value data, is

filteredef@ PHBPUGRy AShERA LI orMUcOPLiAGi delty, firfrem Coheewporedirei glate
hei ght val ue data, which is attenuated at other than the tone conponents,

or in otvielueoddta efhareedcanpled mreicadpsoand sighalt onesedMmohedt s
_herein nmean the frequency conponents that are integer nultiples of the .
f undanerdataf igq pined.] . Mre specifically, the data is passed through

Vi brato cont SR reaf ARSENBLBRYeN dp d oZoBaEAREt S S LoRPLRENRELR ! BlSh o

CnFi g BV R Rt Vel PRotAR P LIS AP PARE SRt rRY BRaRS dndhey

bandstf@}em&aépéggmb§mhgggngokﬁ ep%&@¥33¥&9ld%%ected envelope
waveform shown at B in'Fig. 5 (or multiplied by a reciprocal
of the déta) to perform an envelope correction to produce
wave height value data of a waveform having a constant
amplitude as shown in Fig. 9. This envelope corrected signal
or, more precisely, the corresponding wave height value data,
is filtered to produce a signal or, more precisely, the
correspoﬁding wave height wvalue data, which is attenuated at
6ther than the tone components, or in other words, enhanced
at the tone components. The tone components herein mean the
frequehcy components that are integer multiplés of the
fundamental frequency f;. More specifically, the data is &J
passéd through a high pass filter (HPF) to remove the low
frequency components, such as vibrato, contained in the
envelope corrected signal, and thence through a comb filter
having frequency characteristics shown by a chain-dotted line
in Fig. 10, that is the frequency characteristics'having the

freguency bands that are integer multiples of the fundamental
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f.requency [err] as the pass bands, to pass only the tone conponents
contained in the HPF signal as well as to attenuate non-tone conponents or:
noi se conponents. The data is al so passed if necessary through a | ow pass
filter (LPF) to renpbve noi se conponents superinposed on the output signal
fromthe conb filter. That is, considering a nusical sound signal, such as
the sound of a nusical instrunent, as the input signal, since the nusical

sound si gnal usually has a constant pitch or tone height, it has ch
frequency ch&megueingyc<o msntdie Bé%ﬁmﬁﬂqﬂﬁa.§&%ﬁ???n€9ﬂyFﬁkelb?ne

trati in th I cj ni f f und: |
ferr] corresFAMPATESE e pneat B EER S St S
ti f ' th .__Co I t | '
e khon 1 o SEERPURYS SORTTORE GRBREP RS | FaheC (RERERARE c5; "I Ua
are known t o i _ | &f6
char actor i St ik 2ohierbiy SRBCRS RUsH eyl Bl 3 J6W ! Dle s BRIREE (L mr)

component s thal Afiobd! ABEEeUokipliéntd dulfetifigaienl ¥ iirduritpud arxgnal

t he nusi cal signhal, that is, the tone conponents, are passed or

enhanced, whehgas EhdeéomBNMEQNERES OF non-tone components or a portion of
the noise are attenuated, so that the SISNratio is inproved. The frequency

characteristics ofThawe tohedhsiderthona mpsdcailaisowsd tsignahe Suchias tige
may be represented by the fornula 25 : :

' sound of a musical instrument, as the input signal, since the
musical sound signal usually has a constant pitch or tone
height, it has such frequency characteristics in which, as
shown by a solid line in Fig. 10, energy concencration occurs
in the vicinity of the fundamehtal frequency fg corresponding
to the pitch of the musical sound and the integer multiple
freguencies thereof. Conversely, the noise components in
general are known to have a uniform frequency distribution.
Therefore, by passing the input musical scund signal through
a comb filter having fregquency characteristics shown by a
chain-dotted line in Fig. 10, only the frequency components

— that are integer multiples of the fcndamental frequency £, of
the musical sound signal, that is, the tone componcnts, are
passed or enhanced, whereas other components or non-tone
components or a portion of the noise are atténuated, sc_that
the S/N ratio is improved. The freguency characteristics of

. the comb-filter shown by a chain-dotted line in Fig. 10 may
be represented by the fofﬁula
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e " o

[err] (12) wherein [err] indicates the fundanental frequency of the
input signal, or the frequency of the fundanental tone corresponding to
the pitch or interval, and N the nunber of stages of the conb filter. The
nmusi cal sound signal, having the noise conmponent reduced in this manner is
supplied to the repetitive waveformextracting circuit in which the nusica
sound signal is freed of the suitable repetitive waveform domain, st€h as

t he | oopi d in LP, sh ip Fi d lied d ded th
ecor ot hg. Reth om [ Gaoh (3 ThEsde EdrGATL" morory. (1Bhe musi cal sound
' | dat ded.on th di has_th - n t d
art OPhERE iAo AHRRERR EPPCATIRBRIt AT AL Rey <8 At i T iE of |
i titi, ducti felh I ti fof. i th [ o
ot se. P BB adtid Wfic 51 SHRERT ¥ Eci Dy For) TUUH Rk LR "€ 4R 8 o)

filt { : Lh8 hasis ' basgizCnf | whi ch
s necBrEarEatdiad Eor Eheipueth M e LT, ALY LAG RUpmei ol I ¢

_. recordi t i3 3L BRI £6h by above nentioned filtering is explained’in
'generaFQgggﬁs by referring to Fig. 11. At step Sl1, the basic frequency

[err] of thehenpwhsdkA0Gs6LHRAIsiEndDe BAViGRPOBHENGd I Pelt cdingpdmensi gnal
for the nusical sound signal, or pitch_data, is 26 .
reduced in this manner is supplied to the repetitive waveform
" extracting circuit in which the musical sound signal is freed
of the suitable repetitive waveform domain, such as the ;)
looping domain LP, shown in Fig: 2 and supplied to and

recorded on the recording medium, such as the semiconductor

memory. The musical sound signal data recorded on the

storage medium has tﬁe non~-tone componeht and a part of the
noise gomponent'attenuAtéd so that the noise at ihe time of
repetitive reproduction of the reééfitive waveform domain 6£
the looping noise may be reduced. _

The freguency characteristics of the HPF, the comb
filter and the LPF are set on the-basis of the basic
frequency f, which is thé-pitch data detécteé.at-fhe pitch
detection block 12. ) |

The signal recording method accomgﬁnied by above
mentioned filtering is exglained in general terms by
referring to Fig. 11. At step 81, thé'bésic frequency £, of
the input analog signai or the corresponding inbut digital
signal for the musical sound signal, or pitch data, is
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detected. At step S2, the input analog signal is filtered through a conb
filter, having the fundanmental frequency band of the input signal and its
har.noni ¢ conponents as the pass band, to produce an output anal og signal or
a digital signal. At step S3, control is nade so that only the fundanental
frequency band and frequency bauds of the harnonic bands of the input
anal gg-or digital signal prove to be the pass band and thus extiacted. At
step S4, the output signal is recorded on the recording nedium Wth the
above described signal recording nethod, the nusical sound is passed
through the detedtéfier Akl stiepy S, pkivs ihputuadekesasigoad d filtered
har moni ¢ overtones, conponents other than-the tone conpone t%, that is tQF
non- tone cokhaoagh @ndcqmebtfbltene haviag &he fundamrerteto FﬁﬁPﬁQ&Yth?“
S/Nratio. In case of |ooping, nusical sound data which are _atten %%egggg
noi se conponeft $he dnpebesigpaduppledd s RETBOPL AgCRBRNCHHEN® SaF Eh
| oopi ng domain detection block 16 of Fig. 1, a suitable_repefdf.,\ 1Y) m
domai n of th&2R%y &R '%i%fha?“m‘#nﬁn?%ggcﬁﬁﬁg%gngsr gt Elﬁelr Jtthagl'n iﬁﬁ"
tone conponent, atfenuated b he .ahove ti ! N0+ he
establi sh thz’tl d%%?ﬁggédi n?%?gfﬁgt tilss,mgﬁg I%%g?p\ékstog{rlt}mp%?l%t Qﬁilgg&ihﬁgnﬁt%el
| oopi ng end o gi, LEEG] pallt S f4ddidncd! phias @R eoha ek tobaliEs of
e

| oopi ng poi nt's are select which are distant fromeach other by an 27
the input analog or digital siggal prove to be the pass band
"and thus extracted. At step S4, the output signal is
gx recorded on the recording medium.

With the above described signal recording method, the
musical sound is passed through the comb filter allowing to
pass.' the fundamentai tone and its harmonic overtones,
components other than the tone components, that is, the non-
tone compoﬁent and part of the noise, are gttenuated to
improve the S/N ratio. In case of looping, musical sound
data which are attenuated in noise components are looped to
suppress the looping noise.

Then, at the looping domain detection block 16 of Fig.
1, a suitable repetitive waveform domain of the musical sound
signal having the components other than the tone component
attenuated by the above mentioned filtering is detected to
establish the looping points, that is, the looping start
point LPg and the looping end point LPg.

In more detail, at the detection block 16, the.looping

points are selected-which are distant from each other by an
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integer nmultiple of the repetitive-peri-od corresponding to the pitch or
interval of the nusical sound signal. The principle of selecting the

| oopi ng points is hereinafter explained. Wien |ooping nusical sound data,
t he | oopi ng di stance nust be an integer nunmber. nultiple of the fundanental
period which is a reciprocal of the frequency of the fundanental tone,
Thus, by accurately identifying the pitch of the nusical sound, the | dping
di stance can be determ ned easily. Thus the | ooping distance is previously
determ nfﬁ'teg‘é& oh Dt § pIRAGE] tajeante pe bintdaeh pEbodbyosuespind angetar e
taken out and the correlation or anal ogy of the signal waveforns in the

vi ci ni t yeRE tpiet ¢10 opoi ihseryvadyab fiattdrk t Bussitesl | suride sdgpiady poThes. A
typi cal evaluation function enploying convolution or sumof products with
respect ppintd phepbds a¥lebbivggrkhe deoRine | Rodnt i tFnheyFeinafEezpove
two points in now explained. The operation of convolution is sequentially
per f or mesxpleAnedapect to the sets of all points to evaluate the

| at i | f the sjgnal h | uat i on, by
Convel ut i on. CHHe i LetRl ngode WAL SPECLAANR 1 sEne ROEAE LRt ahAcr

ducts uni.t .mad foof | i gi tal,.si i i
(DSP) - asPRte Do ARREes, HEEHer BRI Sate ] ik afeay, Beaid
prOdUCtsww%%an QULRE O - 21D fseéhdé);gfrggu@}lﬁ Sof t ¥Rl ¢hrdd¥mental

convol ution conmes maxi mumi1s adopte
tone. Thus, by accurately identifying the pitch of the

musical sound, the looping distance can be determined easily. g)

Thus the looping distance is previously determined, two
points spaced apart froh each other by such distance are
taken out and the correlation 6rlanalogy of the signal
waveforms in the vicinity of the two points is evaluated to
establish the looping points. A typical evaluation function
employing convolution or sum of products with respect to the
samples of the signal waveform in the vicinity of the above
two points in now explained. The operation of convolution is
sequentially performed with respect to the sets of all points
to evaluate the correlation or analogy of the signal
‘waveform. In the evaluation by éonvolution, the musical
sound data are sequentially entered to a sum of products unit
made up of, for examplé, a digital signal processing unit
(DSP) as later described, and the convolution is computed at
the sum of products unit anq ocutputted. Thé set of two

points at which the convolution becomes maximum is adopted as
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tthe |l ooping start point [err] and the |ooping end point [err]. In Fig. 12,
with a-candidate point [err] of the |ooping start point [err], a candidate
point [err] for the | oopi-ng end point LPE, wave height data [err] ..., aN
at plural points, such as (2Nt1l) points, before and after the candi date
point [err] of the l-ooping start point [err] and with wave hei ght data
[err{__,[err] at the same nunber (2N+1) of points before and after the

candi date point [err] of the |ooping end point LPE, the evaluation function

E([err]) at ths {ddBing EeheEnpBedtbLE e dvRd adspidg Tdwa opewet uLben at

or about the point [err] as the center ™ to be found fromthe formul a

(18). The sets szﬁ.hﬁia@nﬁigqawtﬁearbaq{@iasqeegdmtyas_hmfg%eolbjbmng
all the | ooping point candidates and the points for which'the eval uation

function E beceaes mx{mma§¢ adeniadli as tehpd wpi by Foirntthe Theopenigoce md
| east squares of errors may also be used to find the | oopi ng points besides

t he convol ut igdiAet h‘?i-f, Wike iBeigha Gavh dalg, pal.nysalenr a_laor aghe dpop? pg
poi nts by the nethod Of |east . squares nay be expressed by the formula (14)

29 «eey @y at plural points, such as (2N+1) points, before and
after the candidate point ap of the looping start point LPg
and with wave height data b_y, ... , b_2s, b_q: bgs b1, bsy,
«es ¢ by 2t the same number {2N+1) of points before and after
the candidate point by of the looping end point LPg, the

evaluation function E(agp, bg) at this time is determined by

the formula

N N N a
E(ao.'bo)=(Eaubu)’/(Zau’Zbu’) (13)

ke-N ke-N k=-N

The convolution at or about thé point ap and by as the center
is to be found from the formula (13). The sets of the
candidates ag and by are sequentially changed to find all the
looping point candidates and the points for'which the
_ evaluation function E becomes maximum are adopted as the
% looping points.
The method of least squares of errors may also be used
to find the looping points besides the convolution method.
That is, the.Eandidaté points ag: by for the 1boping points
by the method of least sguares ﬁay be expressed by the
formula (14)
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[erf] In this case, it suffices to find - the points [err] for which the -
eval uation function becones m ni mum The above descri bed sel ecting
operation for the optimum | ooping points my generally be applied to the
met hod for producing digital signals by digitizing anal og signals having
the repetitive periods to formlooping data. The nethod for producing |
digital signals in genemal I's hereinafter explained by referring to t bre?
flow chart of Fig.,13._T&Q the fl chart shown in Fig. an anal og signal
havi ng repetiﬁﬂ@é'ﬁdiéT 1t “f§lE§2&erted at. step Si1 iﬂfg)a digital signa
conposed . of plural sanpl'es, and sanples at a set of two points separated

f chy ot by th tit] ipd of th i gpal _i .

ot abl | SHEH R S AP A A 800,080 F i cHhF cPATAES Boal Har FBR M ons
f pl I ' [ G i h int of th t
grepf gLﬁ&h}tar%aggléﬁég]%%ﬂ%% gsoé?éﬁeegg“gl% ‘ga}c‘}fe?ﬁe Eglt r]arg theﬁ ?rgved

within the ef fiad | ¥SovEagUELPERLY" 8R%8ctahgSicprathonide tHe dhBLARGE

bet ween the sanples is malntalined, and the “préscri bed eval uation functions

of the valowsing pbartisimidysgepledallytbe Wpplidy €6 the swPhes o he

points of the sets, which are been noved up to a predeterm ned nunber of ‘
tinmes, aprohasinedidits] epididlstbe dsgipieingt ahbtogekianale® Mas iy ng
strong anal ogy or 30 simlarity are determ ned fromthe val ues of the
eval uati dthe repetitive periods to form looping data. The method for
-producing digital signals in general is hereinafter explained _
by referring to the flow chart of Fig. 13. - hd
In the flow chart shown in Fig. 13, an analog signal
having repetitive waveforms is converted at step S11 into a
digital signal composed of plural samples, and samples at a
set of two points separated from each other by the repetitive
period of the analog signal is established at step S712. The
values of predetermined evaluation functioﬁs of plural
samples in the vicinity of the sample at each point of the
set are fbund at step 513. The samples at the points of the
set are then moved within the effective measurement range, at _';j
step S14, while the distance between the samples is
maintained, and the prescribed evaluation functions of the
values of the plu;al samples in the vicinity of the samples
at the points of the sets, which are been moved up to a
predefermined number of times, are measured. At step S15,
the samples at the set of points having strong analogy or
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functions. At step S16, plural .sanples between-the two points show ng the
waveform analogy in the vicinity of the sanples of the thus established
two points are extracted as the repetitive data. Wth the above descri bed
met hod for producing digital signals, the values of the evaluation
functjons of the sanples at each two sanpl es spaced apart relatively from
each eiher by the repetitive period of the analog signal and the sanples in

their vicinityifaaie dyoudfe t @edbaminkelde fyave! e 33k Of €hal k3allktilon
t hese sanples. Turning again to Fig. 1, the pitch conversion ratio is

conputed in tiardcposnai atdegeepi 8n &) opkut@ onshhplwsi bedfwddg taapi 890
start point [err] and the | oopi.ng end point LPE. This pitch conversion
ratio i s usedpadrte showihaseheoweee forndaima bbgiyhtnt tive :ofi diwei tynmefbase
correction at the next tinme base correction block 17. This tine base
correction i sspapilesnsf fthe nbhubhi egtahd ishechebwof polintsamimausexboadted as
source data when these data are stored in storage neans such as the

menory. The abbee naRatidnste Hatd data detected at the pitch detection

bl ock 12 may be used in Jieu of the pitch cgnversion ratio. The pitch,
normal i zati on procdSsth ntheeabPie &ﬁ?%&P?SCPF&WQ§Eﬁﬁ:1ﬂrP uSin g dbaitpd
referring to Fi,g._  14. Figs. 14A and B_show t he sical sound signal

wavef or m 31 s’%é"f % arkd s Y82 %S SeChas %or?pvaﬁlnt‘i‘ﬁg? shBBS 'ﬁﬂ?eftltrlﬁ?

samples at each two samples spaced apart relatively from each _
other by the repetitive period of the analog signal and the
sémples in their.vicinity ﬁay be found to grasp the waveform
analogy or similarity of these samples.
Turning again to Fig. 1, the pitch conversion ratio is
computed in the loop domain detection block 16 on the basis
- of the looping start point LPg and the looping end point LPg.
This pitch conversion ratio is used as the time base
correction data at the ﬁime of the time base correction at
the next time base correction block 17. This time base
correction is performed for matching the pitches of the
L various sound source data when these data are stored in
storage means such as the memory. The above mentidned pitch
data detected at the pitch detecfion block 12 may be used in
lieu of the pitch conversion ratio.
The pitch normalization process in the time base
correction block 17 is explained by referring to Fig. 14.

Figs. 14A and B show the musical sound signal waveform
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axes' of Figs. 14A and B are guraduated by bl ocks for quasi- instantanueous ’
bit conpressing and encoding as | ater described. In the waveform A before
ti me base correction, the |looping domain LP is usually not related with the
block. In Fig. 14B, the | ooping domain LP is time base conpanded so that
the | ooping domain LP is an integer nultiple (mple) of the block |Iength or
bl ock period. The looping domain is also shifted along-tine axis so thgy

t he bl'ock boundary coincides with the | ooping start point [err] and the

| oopi ng ehdfproenaniPEfter d¢dimer bawalsonpandbnge respectivalyiThe | timehe
ti me base conpandi ng and shifting, so that the start point [err] and the
end poi ntakeE off Fligd.odpida@ndmiareRuwrkdusted bhebbosksafpmwiquasi-
predet erm ned bl ocks, |ooping can be perfornmed for an i-ntegral nunber

of bl ocksins taaktiemuepuch hdtntopptasding hanbueocdiamtashd atar of
recordi ng., Wave_ height value data "O'" may be inserted in a offset T from

t he bl ock@B86R&RPE-0f the | eading end of the nusical -sound signal waveform
caused by such—=tine shift. _These "0" data are used as pseudo data in, order

that |ower orddP iFREeMEYRACTR fchBedPrTs FimeE P258 FPTRGChL bl ethEy,
e S ad T SR N b gpl B o
géglr2??%92#-?ﬂg‘i%e&‘jk?b;gg?gﬁ?j Oé]oxﬁgin Lvig tfstpfm%atfaggngaﬁ_sp%r?ged so
that the looping domain LP is an integer_multiple (m-ple) of
. the block length or block'period. The_lobping domain is also <
shiftgd along time axis so that the block boundary coincides
with the looping start point LPg and the looping end point
LPg. In other words, time base correction, that is, the time
base companding and shifting, so that the start péint LPg and
the end point LPp of the looping domain LP will be at the
boundary of predetermined blocks, looping can be performed
for an integral number (m) of blocks to realize pitch

normalization of the source data at the time of recording.
Wave height value data "0" may be inserted in a offset
T from the block boundary of the léading end of the musical
sound signal waveform caused by such time shift. These "0"
data are used as pseudo data in order that 1owe£ order
filters not in need of an initial value may be selected, in
consideration that the higher order filter which will be

selected during data compression is in.neéd of the initial

value. A more detailed explanation is given in connection
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basis shown in Fig. 21. Fig. 15 shows the'structure of a block for the wave
hei ght val ue data of .the waveform after time base correction which is

subj ected to bit conpression and encoding as | ater described. The nunber of
wave height value data for one block (nunmber of sanples or words) is h. In
this .case, pitch normalization consists in tinme base conpandi ng whereby the
nunbéx_of words within n periods of the waveform having a constant period
[err] of the nusical sound signal waveformshown in Fig. 2, that is, within
the | oopi ng peditdd e itk compréeasd@raloprmationulon ml'ee a9l oekmbyi-tekock
the nunber of words h in the block. Mre preferably, the pitch

normal i zat i onPe8AS showm in Fdl gad -proceSS| ng or shifting.for coinciding
the start point [err] and the end point q& of the | oo domain LP the

bl ock boundary posF#Bons1 %nsbﬁ’é"-"u eaﬁtsf“ wre R R 959‘{ k9T chhscivtRve

reduce error SPELBEEVER B! Jakas it Ae AT HER: RELest td }%ésggfﬁaéﬁasn_
one br ook nd B4R SR pPuBYEHERh BRL BT, Sg%rﬁﬁﬂg'sga?”’éps“”ﬁ 4&‘?{%2%??1‘%95%8
(F:)glr pfac'g :{jr&évgg%?n%&r%eae!t ?e shmﬁflglgégt idg%?’v %‘ggoggh oop| ng ftsat?z;r?ne
point [err] oEﬁe(hﬁﬂBbQ90%3sam§¥E§FEErW§ré§§rlsaﬁ? NPk PREESEAEE! Ypitch
coi nci dent mnt the b

normalization consists in time base companding whereby the
number of words within n periods of the waveform having a
constant period Ty of the musical sound signal waveform shown
in Fig. 2, that is, within the looping period LP} will be an
integral number multiple of or m times the number of words h
in the block. More preferably, the pitch normalization
consists in time base processing or shifting for coinciding
the start point LP; and the end point LPg of the looping
domain LP the block boundary positions on the time axis.
When the points LPg, LPp coincide in this manner with the
block boundary positions, it becomes possible to reduce
~ errors caused by block switching at'the time of decoding by

the bit compressing and encoding system.

Referring to Fig. 15A, words WLPg and WLPg each in one
block indicate samples at the looping start point LPg and
looping end point LPg, moré precisely, the point immediately

- before LPgp, of the corrected waveform. When the shifting is
not performeé, the looping étart point LPg and the looping
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boundary, so that, as shown in Fig.- 15B, the words [err] are set at-
arbitrary positions within the bl ocks. However, the nunber of words from
the word [err] to the word WL.PE is an m nunber of tines of the nunber of
words h in one block, mbeing an integer, so that the pitch normalizing is
realized. The tine base conpandi ng of the nusical signal waveform whereby
_the nunber of words within the |looping domain LP is equal to an integer

mul ti pl e giathgi Ay DEPEORreOTSY hadb ity Dl o fBYabie 2GRV eI oUs

met hods. ‘For ‘exanpl e, e achie i nterpol ati ng the wave hei ght
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of fset is produced between the sanpling wave height value at the | ooping
start poittie [raimbeandf thatdat £rbem thepwoydend.Rpitet thBEw oirfte wide deiaght

val ue coinciding with the sanpling wave hei ght value at the sanpling start .,
poi nt [erk]numper dhuniimes ofe theinumbesy Otfh@qm%'ihgi@mmgoggpcmﬂ by
interpolation with the use of, for exanple, oversanpling, to realize the

| oopi ng (REIRA, aMhi RELISY noSOathatinghgurBELChnBcrmAld Mg He Fedti#RAperi od
when the inter olating sanple is also included. Such oping period, which

5 s O 3
is not a roundMRinbiPenbeseprOmGRRGNS £ The ’b%ﬂ-ﬁﬁ,i shgnal Waviedardt so

as to mawrgfégfggﬁengbh éfaé) &gghglgg%hin the looping domain LP is

equal to an integer multiple of the number of wqrds h in one
block, may.be achieved by various methods. For example, it
may be échieved by interpolating the wave height value data
of the sampled waveform, with the use of a filter for
oversampling.

Meanwhile, when the looping period_of an actual musical
sound waveform is not a round number multiple of the sampling
period such that an offset is produced betwéen the sampling
wave height value at the looping start point LPg and that at
the looping end_point LPg, the wave height value coinciding
with the sampling wave height value at the sampling start S
point LPg may be found in the vicinity of the looping end
point LPg, by interpolation with the use of, for example,
oversampling, to realize the loopirg period, which is not a
round number multiple of the sampling period when the
interpolating sample is also included. Such looping period,

"which is not a round number multiple of the sampling périod,
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period.by the above described tinme base correcting operation. In case a

ti me base conpanding is performed wth the use of, for exanple, 256-ple
oversanpling, the wave hei ght value error between the | ooping start point
[err] and the | ooping end point LPE may be reduced to 1/256 to realize nore
snoot h | oopi ng reproduction. After the | ooping domain LP is determ ned and
subj&cted to tine base correction or conpandi ng as-nentioned herei nabove,
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start bl ock cludi'ng e Wor rrespondi ng he | oopi ng start

point [err] ﬁ}ome L%lgg 2 apeeyiqidedsee Ris5é5tol Telilbeel marecsded by

t he data of e end ck Tncluding the word [err] corresponding to the
| oopi ng end pidPindErepRbBuRteonsel y, the point 35 i medi ately before
the point [err].” As a principle, in order

After the looping domain LP is determined and subjected
. to time base correction or companding as mentioned
~ hereinabove, the looping domains LP are connected to one
another as shown in Fig. 16 to produce looping data. Fig. 16
shows the loop data waveform obtianed by taking out only the
looping domain LP from the time base corrected musical sound
waveform shown in Fig. 14B and arraying a plurality of such
looping domains LP in juxtaposition to one another. The
looéing data waveform is obtained at a loop data generating
block 21 by sequentially connecting the looping end points
LPyp of a given one of the looping domains LP with the looping
N start poinﬁ LPg of another looping domain LP.

Since these.lobp data are formed by connecting the loop
domains L a number of times, the start block including the
word WLPg corresponding to the looping startlpoint LPg of the
"loop data waveform (see Fig. 15) is directly preceded by the
data of the end block including the word WLPg co;fesponding

to the looping end point LPg, more precisely, the point’
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for- an encodi.ng to be perforned for:bit-conpression and encodi ng, at | east
the end bl ock nust be present just ahead of the start block of the | ooping
dormain LP to be stored. --Mire generally, at the tine of bit conpression
and encodi ng on the bl ock-by-block basis, the paraneters for the start

bl ock, that is, data used for bit conpression and encoding for each bl ock,
for exanple, ranging or filter selecting data as-will be subsequent!|y
descri bed, need onliﬁbe formed .on the basis of data of the .start and.the

end bl ocikdsmmesdia felunbafone e RPIRL BEr edPF P t PRI BEIR Mo it PLFRT
i cal d si | I st | f | t d ' .af t
e subsecihi A7 duicoRnas 5o Hsq her fhened A8k KK URNLeEhiby Ui
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preceding these points [err] are the sane so that error or noises at-the

time of .lgepengenepaddyGt g tRENtEReod NIy chbapredsich dndisehbodnsi cal
sound data obtai ned upon | oopi ng reproduction are stable and free of

junction ¢owi 8Re. blddkebprbletk ddsispetthe giwnameEdessnpoes thfe tdteardat a
are contained in the | ooping donmai.n LP just ahead of the starting bl ock. 36
I n the pribtesk,ofthsd gnibs, ddadagarseditfon bt compfresaipn and encoding
for each block, for example, ranging or filter selecting data
as will be subseguently described, need only be formed on the W
basis of data of the start and the end blocks. This
technigue may also be applied to the case wherein the musical .
sound signal consisting only of loop data and devoid of a

formant as subsequently-described is used as the sound

source.
By so doing, the same data are pfesent-for'several
samples before and after each of the looping start point LPg
~and the looping end point LPg. Thefefore, the parameters for
bit compression and encoding in the blocks immediately
preceding these points LPg and'LPE are the same so that error g
or noises at the time of looping reproduction upon decoding
may be reduced. Thus the musical sound data obtained upon
looping reproduction are stable and free of junction no;ses.

In the present embodiment, about 500 samples of the data are

contained in the looping domain LP just ahead of the starting

ﬁlock.
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portion FR, envel ope correction is performed at the block 18, as at the

bl ock 14 used at. the tinme of |ooping data generation. The envel ope
correction at this tine is performed by dividing the sanpled nusical sound
signal by the envel ope waveform (Fig. 6) consisting only of the decay rate
data to produce the wave hei ght value data of the signal having the
wavefs\arm shown in Fig. 17. Thus, in the output signal of Fig. 17, only the

envel ope of the at{ack,popt-LaR dURENQ;the ot g aTAdme Al fot¥d L d ¥ ormant
nt “anpl 1 tude. sl gha

portions are of the const he "envel®ope correcte 'S

filtered, If BEFEPEA' ¥R a&nb@?oebg%&}%cti!é‘?{ 1is lgeiddiindd d0%Re %BodR. 18,

the conb filter having frequenc aracteristics or ~exanpl e by the

chain dotted dknqaintHd bibeér P! A 2 ehe@PMPikd {8 NBSoptiGlly Gata

frequency characteristics that the frequency band conponents that are whole

number mul tipgenedfatiodundemitéhvid Pepencyokeiddt fom cabardeils whmeasi s
by conparison, the non-tone conponents are attenuated. The frequency —

characteri stiperfbrhned byndivildimig athe danplbsd abhsiball souhflesbgsat by the

pitch data (fundanental frequency [err]) detected at the pitch detection

bl ock 12. Theerveioreawavedsdnf ofF ig.ochkicensisting danlyopft kdef dlenay rate

portion in the sound source data ultimately recorded on the storage nediu

such as the nd#bpy ta7produee nehpesmavr obrisht tY#r%“Baﬁ’é%r‘P%chGn Si‘Bnar‘T1

simlar to having the waveform shown in Fig. 17. . Thus, in the output
signal of Fig. 17, only'the envelope of the attack portion
during the time T, is left while other portions are of the
constant amplitude.

The envelope corrected signal is filtered, if necessary,
at the block 19, For filtering at the block 19, the comb
filter having fregquency characteristics shown for example by
the chain dotted line in Fig. 10 is employed. This comb
filter has such fregquency characteristics that the freguency
band components that are whole number multiples of the
fundamental fregquency fo are enhanced, whereas, by

\. . comparison, the non-tone-components are attenuated. Thé
frequgncy characteristics o©of the comb filter are also
established on the basis of the pitch data (fundamental
frequency f,) detected at the pitch detection block 12.
ihese data are used for producing signal data of the formant

~portion in the sound source data uvltimately recorded on the
storage medium, such as the memory.
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that perfornmed in the block 17 is perfornmed on the formant portion -
generating signal. The purpose of this tine base correction is to match or
normal i ze the pitches for the sound sources by conpandi ng the tinme base on
the basis of the pitch conversion ratio found in the block 16 or the pitch
data detected in the block 12. In the mxing block 22, the fornmant portion
. generating data and the | oop data, corrected by using the sanme pitch
conversion ratio or pitch data, are m xed together. For such mXxing, a

Hammi ng wi ndowERstBgppiedd tieek 28y nhimedasencoErReckion sigAda® tdn t he
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spaced to sone extént fro he“cross-faded portion may D en out to
reduce theoAGee® ibH | AILEROH A eRhORME | PTotkOAE Nr N@hee)pitBht Wata

manner, wave hei ght value data of a sound source signal consisting of the
| oopi ng ddetecteé® Whi thei Hlidek repetiti ve wavef orm portion consisting only
of the 38 tone conponent and the formant portion FR which is a waveform
In the mixing block 22, the formant portion generating
data and the loop data, corrected by using thé same pitch <
conversion ratio or pitch data, are mixed together. For such |
mixing, a Hamﬁing window is applied to fhe formant portion
generating signal from the block 20, a fade-out type signal
decaying with time at the portion to be mixed with the loop
data is formed, a similar Hamming window is applied to the
'loop data from the block 20, a fade-in type signal increasing
with time at the portion to be mixed with the formant signal
is formed and the two signals are mixed (or cross-faded) to
produce a musical sound signal which will ultimately prove to
be the sound source data. As the-loop data to be stored in
the storage medium, such as memory, data of a looping domain
spaced to some extent from the cross-faded portion may be
. taken out to reduce the noise during looping reproduction
(looping noise). In this manner, wave height value data of a

sound source signal consisting of the looping domain LR'which

is the repetitive waveform portion consisting only of the
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portion containing non-tone conponents stnce the sound generation, is
produced. The starting point of the | oop data signal may al so be connected -
to the looping start point of the formant form ng signal. For detecting the
| oopi ng domain, |ooping or mxing the formant portion and the | oop data,
rough mxing is perforned by manual operation with trial hearing and a nore
accur\gte processing is then perforned on the basis of- tthe data on the

| oopi ng points, that is, the | ooping start point.[errg and the | oopi ng end
poi nt LPE. TrHRng Lomppepent prd thefemppbpPaskiPR FBt ¥EECH iih 3 Me

16, | oop domain detection and mxing is perforned by manual, operagtion wth
trial heari nPOMtACBorSRARLR IHIME t ROMTERRAUISCBROHEA S t 1 HF Qi WM SBind
Fig. 18, after which. the above described high definition procedure is
perfornmed at SRMGFEEORt L8qPIREPEES ng to Fig. 18, the | ooping points are

of the signai wavalbene SRR SRS hhEE: Bel Noar dibe EEe BT HA 0P
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trial hearingafgiher the looping is in sound state. If otherw se, 39
the programreverts to step S21 to detect again the | ooping

For detegting the looping domain, looping or mixing the
formant portion and the loop data, rough mixing is performed
by manual Qperation with trial hearing and a more accurate
processing is then performed on the basis of the data on the
looping points, that is, the looping start point LPg and the
looping end point LPg. '

That is, before more preciée loop domain detectibn in
the block 16, loop domain detection and mixing is performed

. by manual operation with trial hearing in accordance with the
procedure shown in the flow chart of Fig. 18, after which the
above described high definition procedure is,ﬁerformed at
step S26 et seq. |

N\ Referring to Fig. 18, the looping points are detected at

step S§21 with low definition by utilizing zero-crossing
points of the signal waveform or visually checking the
indication of the sighal waveform. At step S22, the waveform
between the looping points is repeatedly reproduced by
looping. At the next step 823, it is checked by trial

hearing whether the looping is in sound state. If otherwise,
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poi nt s. This operational sequence is repeated until a satisfactory result
I S obtai ned. If the result s satisfactory, the program proceeds to
step S24 where the waveformis m xed such as by cross-fading with the
formant signal. At the next step S23, it is decided by trial hearing

whet her the shifting fromthe formant to the | ooping has been in sound™ .
state. If otherw se, the program proceeds to step- S24 for re-mxing. ‘e
program then proceeds to step S26 where the high definition | oop domain

det eot | on edfe Wifobk 8K rld St BOES OB b ¥R BedWc lagdlehoehbooBb

| oop domain | ng the 1 nterpolati e, for exanp oop domaln

detecti ongpdi {98, defpRibi UpofatidaR Of skl el 0 Peipedftéd aaseidf.afor
exanpl e, 256-ple oversanpling. At the next step S27, the pitch conversion
ratio for gRit£B fepeoBhiwariednils cogpubbdaided.he ekt tliep S8 Yt nel dase
correction at the blocks 17 and 20 is performed. At the next step S29, |oop
dat a genemsatt osfatticry bl bhe 2rdgramr poromeledst tiches bept S2Adepw B8O e ibe ng
of the block 22 is performed. The operations since the step S26 are :
per f or ned W@ veafond dse mixefesuedpiasy hionas spfadiad atitgetbeef)grs@mt 0
S25. The steps S21 to S25 may be omtted for fully autonating the |ooping.
The wave KdigfRl-attle the DOt (5%6eRi$edt €6niFsBrRddss e Yordaheaing on

grR Oggg Stegewg{eotﬁﬁejep %Elgg ngixggtfl’zgOg%g%{lf‘t%em%ormaurpto r}:os Lﬁpe qgc':z?ﬂxg al’(ae s been

in sound state. If otherwise, the program proceeds to step
824 for re-mixing. The program then proceeds to step SZE‘uJ

" where the high définition loop domain detection at the'block

16 is performed. 1In more detail, detection of the loop

"domain including the inferpolating sample, for examplé, loop
domain detection at the definition of 1/256 of the sampling
period in case of, for example, 256-ple oversampling. At the
next step S27, the pitch conversion ratio for pitch
normalization is computed. At the next step 828) time base
correction at the blocks 17 and 20 is performed. At.the next
step S29, loop data generation at the block 21 is performed.
At the next step 530, mixing of the block 22 is éerformed.
The operations since the step 526 are performed with the use
of the looping points obtained at the steps 521 to S25. The
- steps 821 to S25 may be omitted for fully autométing_the

looping. | |

The wave height value data.of the’éignal consiéiing of

the formant pqr;ion FR and the looping domain LpP, obtained
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conpressi on and encodi ng. Al though various bit conpressing and encodi ng
systens may be enpl oyed, a quasi-instant conpandi ng type high efficiency
encodi ng system as proposed by the present Assignee in the JP Patent
KOKAI Publications 62-008629 and 62-003516, i.n which a predeterni ned nunber
of h-sanple words of wave height value data are grouped in a bl ock and

subj écted to bit conpression.on the bl ock-by-block basis. This high

e o1 DB O S 20 R A S HALRLES B o

systemis fornmed by an encqﬂzr 70.at _the recording side and a decoder 90 at
the reproducFRIRGERSLOPIANYSREAAIBAL val.ue data x(n) of the sound source

i | i i t ' t .t ] f_ the. 20, T
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point 73, the prediction signal xX(n) is subtracted fromthe input signal

x(n). to prodaesigheedift the gPr PatdPPaKORAIAPUE I PEL£bions @2-pOOBERY) ard
the broad sense of the term The predictor 72 conputes the predicted val ue
41 x(n) f6QWOOES 16, nbr ywhoohi aapredetermimgihsiumbennberhesample words
of wave height value data are grouped in a block and
subjected to bit compression on the block-by-block basis.
This high efficiency bit compression and encoding system is

briefly explained by referring to Fig. 19.
In this figure, the bit compression and eneoding system
is formed by an encoder 70 at the recording side and a
decoder 90 at the reproducing side. The wave height value
data x(n) of the sound source signal is supplied to an input

terminal 71 of the encoder 70.

The wave height value data x(n) of the input signal are
supplied to a FIR type digital filter 74 fofmed by a
o/ predictor 72 and a summing point 73. The wave height valué
daté'??n) of the prediction signallfrom the predictor 72 is
supplied as a subtfaction signal to the summing point 73. At
the summing point 73, the prediction signal §1n) is
subtracted from the input signal x(n) to produce a prediction
error signal or a'differential output d(n) in the broad sense
of the.térm. The'prediétor 72 computes the predicted value
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inputs x(n-p), x(n-p+1), .. , x(n-1). The FIRfilter 74 is.referred to
hereinafter as the encoding filter. Wth the above descri bed high

ef ficiency bit conpression and encodni g system the sound source data
occurring within a predetermned tine, that is, input data consisting of a
predet ermi ned nunber h of words, are grouped into one bl ocks, and the
encode filter 74 having optimum characteristics are selected for each =/
bl ock. This may be realized by providing a plurality of, four for exanple,

f:?Yih o' Bhn %ﬁgﬁﬁgﬁﬁ%ﬁ%iif@ﬁ@fﬁﬁi%'ﬁdf TEhEheRt By aBer ke e
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herein four clent nenories, ti me-divisionally smntchlng

and sel ecting ypien ofhd hibsneiddsdLbeaa qiigmeasﬁuéﬁeydbﬁeeam@eeeﬂw
d(n) as the predicted error is transmtted via summng point 81 to a bit

CONpr ess@nd difdsdn iy Hfstepi 8h& s8buhBesobrcandatadquenuirzdng? & ivtieire aa
conpression or ranging . is perforned so that the index part and the mantissa
part undgrrdédetérodiied tésiewl theitnti sipt dniput cdatkes poowis i s ting gain aG and
the output fromthe quantizer 76, respectively. That is, a

r e- quant ipredesedmined numberohneé WoTHE c R Teh ITNRAS date ians hiaeks by

the shifter
and the encode filter 74 having optimum characteristics are

selected for each block. This may be realized by providing a ‘w
plurality of, four for example, having different
characteristics ih advance and selecting such one of the
filters which has optimum characteristics, that is, which
enables the highest compression ratio to be achieved. 1In
practice, the egquivalent operation is usually achieved by
storing a set of coefficients of the predictcr 72 of the
encode filter 74 shown in Fig., 19 in a plurality of, herein
four, sets:of coefficient memories, and time-divisionally
-switching and selecting one of the coefficients of the set.
The difference output d(n) as the predicted error is
transmitted via summing point 81 to a bit compressor
consisting of a gain G shifter 75 and a quantizer 76 where a
compression or ranging is performed so that the index part
and the mantissa part under the floating decimal point
notation correspond to the gain G and the output.from the

quantizer 76, respectively.  ,That is, a re-quantization is
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75 by a. nunber of ‘bits corresponding 'to the gain Gto switch the range and
a predeterm ned nunber of bits of the bit shifted data is taken out by the
guanti zer 76. The noise shaping circuit 77 operates in such a manner t hat
the quantization error between the output and the input of the quantizer 76
IS produced at the sunmming point 81 and transmitted via a gain [err]
shift\er 79 to a predictor 80 and the prediction signal of the quantizatiomn

perform a so-BAFTEd efotnr BEdSR ARy B afnk: b Shantad M EnTabfoner
b h [ 6 Is o f ' hani. i L1
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from the SU”mcng &%ﬁ%e%r&f.éh rUdd ELERAH O Hﬁﬁnﬁ’éf') ofedi theop et &t bar
signal [err](n) of t guanti zation error. fromthe nolse shaping circult

77, whereas tBRi@HdWtastan)sf tamdAeode ByCtHe f§8antadsrt he, outmid Hofgke
fromthe output summng point 81 nultipled by the gain G On the other -

hand, the outghapdy iyt QUANLpEratési it heuehn @f haarmest pithat’ (the
fromthe shifter 75 and the quantization error e(n) produced during the
quanti zati on gneadsizahongeamiirz didtomeenr theeEytputtahdntinget iatpvheof the
summ ng point 78 of the noise shaping circuit 77. After passing through
the gain [errguamtigex7978nd ¢ herm@ureorado tdze sunpiingt PO iR tmély and
conbi nati on of ‘the past r. nunber of 1 ' .
transmitted via a gain G~' shifter 79 to a predictor 80 and
_ the prediction signal of the gquantization error is fed back
/ :
to the summing point 81 as a subtraction signal by to perform
a so-called error feedback operation. After such re-
quéntization by the guantizer 76 and the error feedback by
the noise shaping circuit 77, an output a(n) is taken out at
an output terminal 82.

The oﬁtput d'(n) from the summing point 81 is the
difference output d(n) less the prediction signal'Ekn) of the
guantization error from the noise shaping circuit 77, whereas
the output d"(n) from the gain G shifter 75 is the output

— d'(n) from the output summing point 81 multipled by the gain
G. On the other hand, the output'aln) from the gquantizer 16
is the sum of the output 4"(n) from the shifter 75 and the
gquantization error e(n) produced during ‘the quantization
process, The quantization error e(n) is taken out at the
summing point 78 of the noise shaping circuit 77. After
passing ﬁhrough the géin G'1_shifter 79 and the predictor 80
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I nputs, the quantization error- e(n):is turned into the prediction signal
[err](n) of the quantization error. After the above described encodi ng
operation, the sound source data is turned into the output [err](n) from
the quantizer 76 and taken out at the output termnal 82. Froma

predi ctionrange adaptive circuit 84, node selection data as the optimu
filter selection data are outputted and transmtted to, for exanple, ﬁhé
predictor 72 of the encode filter 74 and an output terninal 87, whereas

range datalioigdetrs npeiRthdye contbshatliofapti tvher palet 92 Rrumbard derr]
are al so outputted and transmtted to shifters 75, 79 and To an out put

temnnal;&%uﬂheItMetqwﬁntmahﬂﬁbmfeEMbﬂeeQWw Do atusthedr aeprosludiing
side is supplied with the signal [err](n) which is obtained by

t ransmi t pregiaiorecsighal ahd)reﬁrthacqngntﬁaatmqnneqmnx](n) fron1the
output termnal 82 of the encoder 70. This ut signal [err] %m@
supplied to a’Afiten fhporbevesderaribgdi e i]ng;mpeéatggn.

x‘4n) fromthe sunm ng point 93 is su plled to & predlctor 94 and thereby
turned | FORTEH Ak tIBnturpadl ipkert ﬁ) oumu@hdt(nén roms e iauantsizen
sunm ng %0|nt 93 and sumred to the out err%& @ fromthe shifter 92.
This sum’& %¥§ﬂﬂ?ﬂﬁt%§i%&eaPHEEB etS man 2r]' (n) at an out put
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selection data as the optimum filter selection data are
outputted and transmitted to, for eiample, the prediétor 72
of the encode filter 74 and an output terminal 87, whereas
fange data for determining the bit shift guantity or the
gains G and G-! are also outputted and transmitted to
shifters 75, 79 and to an output terminal 86.

The input terminal 91 of ;he'decoder 80 at the
reproducing side is supplied with the signal @'(n) which is
obtained by transmitting, or recording and reproducing the
ocutput a(n) from the output terminal 82 of the encoder 70.
This input signal S'un is supplied to a summing point 93 via
a gain G”! shifter 92. The output x'(n) from the summing
point 93 is supplied to a predictor 94 and thereby turned
into a prediction signal X(n), which then is supp;ied to the
summing point 93 and summed to the.output a"hn from the
shifter 9%2. This-sum signal is outputted as a decode output
X'(n) at an output terminal_ss.' _ -

The range data and the mode select signal outputted,
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termnal's 86, 87 of the encoder 70 are entered to input termnals 96, 97 of
t he decoder 90. The range data fromthe input termnal 96 are transmtted
to the shifter 92 to determ ne the gain [err], whereas the node sel ect
data fromthe input terminal 97 are transmtted to a predictor 94 to
determ ne prediction characteristics. These prediction characteristics of
the peedictor 94 are selected so as to be equal to those of the predictor
72 of the-encoder 70. Wth the above described decoder 90, the output d"(n)
fromthe shiftean$histélle psedugcecolrddd iamit remredude@n)aby the gaitput
[err]. On the other hand, the output [err](n) fromthe summng point 93 is
the sum of thtevmimals" 86), f8Dnofhcrsdi éneodExr aRf tehwe pendiestddntsi gieput
x"(n). Fig. 20 shows an exanpl e of one-bl ock output data fromthe bit "
conpr essi ng eheswdnai® &f.cif7 oL obpesdacofier- Pt e Bbgdsangs: Satdarrrm ckhe
data concerni ng conpression,_ or sub- data) RF and 8-byte sanpling dat

[err]. The htBRat dbermdmak RRdeaxp dramemittiad rbRgd Rt ghi -?ﬁt%@odﬁo
data L i nd: cAEEREMERE SESEREN or dbsbncBSHSafe thSo MR RIS 45 ts Fron
of the. wave NENNETPA G SERAARS SRl et SPAA R { CehpPESERSE B TouFS
Doty MTe 18t fReprleBibedUnd bRETR A& E0RIULICT ThE fReasdeltn
characieristics of the prédiétor 94 are selected so as to be
egual to those of the predictor 72 of the encoder 70.
With the above described decoder 90, the output 3"(n)
. from the shifter 92 is the product of the input signal a'(n)
by the gain G-'. On the other hand, the output %'(n) from
the summing point 93 is the sum 5f the output a"(n) from the
shifter 92 and the prediction signal X'(n).

Fig. 20 shows an example of one-block output data from
the bit compressing encoder 70 which is composed of 1-byte
header data (parameter data concerning compression, or sub-
data) RF and 8-byte sampling data Dp, to Dg3. The header
data RF is made up of the 4-bit range data, 2-bit mode
selection data or filter selection data and two 1-bit flag
data, such as data LI indicating the presence or absence of
the loop and data EI indicating whether the end block of the

'~ waveform is negative. Each sample of the wave height value
data is represen;ed after bit compression by four bits, whiie
{6 samples of 4-bit data Dpgy to Dg3p are containe§ §n the
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Fig. 21 shows each bl ock of the quasi-instantly bit conpressed and encoded
wave hei ght value data corresponding to the | eading part of the nusical
sound signal waveformshown in Fig. 2. In Fig. 21, only the wave hei ght

val ue data are shown with the exclusion of the header. Although each bl ock
is formed by eight sanples for sinplicity of illustration, it may be foyned
by any other nunber of sanples, such as 16 sanples. This may apply f o=t he
case of Fig. 15 The quasi - i nst ant aneous bit conpressing and encodi ng
system s I % the strai ght PCM node consisting of directly

out putti h Aﬁn Bt ®3#si cal sound signal, first order differential filter

mode or Secon91 1% ckhbELagn, fﬂf&afterdecvn\ﬁeacﬁusg&swsesnefm%wtt' ng

t he nusi cal sou gl ve signal s having

the highgshp 9@&9&@8%@1 éﬁéé@eatqa%armghmagaé satad setvespbeBing t he
out put S|gna When sanpling and recording a nusical sound on a storage

medi um  sECh RS FedRINGY pad FPULEI BB eOTmESE celVaSiinBokilga isao@fconnd is
started at a sound generation start point KS. Wen the first or second

order dighewaninafFikil ker DAJPign 2epdonlyathenmaivel hedlghet stelbel 8ata
selected at the first block since the sound generation start point KS, it
woul d beanecehsarty wothetthehexalusdbnvafudhe hnader. | Althaumkveache
desirable that such initial value nay be dispensed with. For
block is formed by eight samples for s;mpllclty of
illustration, it may be formed by any other number of |
samples, such as 16 samples. This may apply for the case of -’
Fig. 15.

The guasi-instantaneous bit compressing and encoding
system selects one of the straight PCM mode consisting of
directly outputting the input musiéal sound signal, first
order differential filter mode or secohd order differential
filter mode each consisting of outputting the musical sound
signal by way of a filter, which will give signals having the
highest compression ratio, to transmit musical sound data
which is the output signali -

When sampling and recording a musical sound on a storage
medium, such as a memory, inputting of.the waveform of the
musical sound is started at a sound generation start point
KS. When the first or second order differential filter mode
in need of an initial value should be selected at the first

block since the sound generation start point KS, it would be

necessary to set the initial value in store. It is however
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thi s .reason, pseudo input signals which will cause the strai ght PCM node
to be selected is affixed during the period preceding the sound generation
start point KS and signal processing is then perfornmed so that these pseudo
signals will be processed with the input data..Mre specifically, in Fig.
21, a block containing all "0". as the pseudo |nput signals is placed ahead
of the_sound generation start point KS and the data "0" fromthe |eading

part of the block are bit conpressed as the wave height value data and
entered as thdephpablei §hat Suph dnidiade %%Mbgepébﬂ’ﬁi"l?&da"ﬁl%k For

Eg%il 21;8; K %e'i%;sﬁ"e%?oiﬁﬁnéé%ﬁc{‘q%i%pa&‘ $4.gRa 2 onbiH n:tniﬁ ' 3u4F £re
S

generati on. A EFEATRCOREMfede ofo (B peLRREeRnbAl SEF4RaR A0 "C‘?’eé%%%d

any case. The MU n g O’HMhdsac}]@nﬁ §+e?;%£’aet£’£nt G d s E%”t?dxgs g%tal_

signals are ¢ npresse I Ci ency bit conp P&ssion and enco I'ng

system shown g Jddss i aa@ O drlfeﬁn?angabhﬁar@%égegﬁ%wsﬁmls

as a nenory, he thds conpressed signal is reproduced. T

reproduci ng t Qg 19U Proxudrbdlal s ophei Phpdtt 8ataseudo input signal, the
straight PCM node is selected for the filter upon starting the reproductlon

of the bl ock of 47Moré hepasesded DY} $horals, 290 thablotkbeedesining all
unnecessary to
"0" as the pseudo input signals is placed ahead of the sound
generation start point KS and the data "0" from the leading
part of the block are bit éompressed as the wave height value
data and entered as the input signal. This may be achieved
by providing a block containing all "0" bits and storing it.
in a memory, or by starting the sampling of the mus-ical sound
at the input signal contéining all 0" bits ahead of the
start point XS, that is, the silent part preceding the sound
generation. At least one block of the pseudo input signal is
" required in any case.
The musical sound data inclusive of the thus formed
(N pseudo input signals are compressed by the high efficiency
bit compression and encoding system shown in Fig. 19 and
recorded in a suitable recording medium, such as a memory,
and the thus compressed signal is feproduced.
Thus, when reproducing the musical sound data containing
the pseudo inpnt signal, the straight PCM mode is seleqted

for the filfer.upon starting the reproduction of the block of
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set the initial values for the primary or secondary differential filters in
advance. There may be rai sed a question concerning the delay i'n the sound
generation start tinme by the pseudo input signal upon starting the
reproduction, which signal is silent since the data are all zero. However,
this is not inconvenient since, with the sanpling frequency of 32 kHz and
with.a 16- sanple blocks, the delay in the sound generation is about B

msec Whiohle CREBRAMPE P SE L 16HaRY, BS udit A% beriSRe sTRARYEsescrided

bit conpression and encodi ng”and other digital -signal processing for sound
source @ GEREr afh Ok il 51 Ak PYe@ | foFayheasss ilva fys b +\es e clioardrarque
using a digital signal processor (DSP). Fig. 22 shows,” by way of an

exanpl e,dififepgntbal £olsergcinoadvano®y audi o processing unit . (APU) 107 as
a sound source unit handling the sound source data, inclusive of peripheral
devi ces. In tBherk gway, ba taisedoapquestiidn poncededing bheudedmar yin
personal conputer, a digital electronic nusieal instrument or a TV gane
set, is thenseuad genemahbon siz2nk thaesbyndheoreevdp 4Rt t HAGNSGkINd
source data are | oaded fromthe host.conputﬁr 104 intosihe APU 107., The

APl 107 ROt SFBZEL NGNS RIRFRARTE PN WEACHSIGNRIest? nfLiRAE &1ingS
R N P B Ve AR R B T et A T
source qg{gc%neﬁgége@hé”séﬁ%f?%@"frgquency of'32 kHz and with a 16-
| sample blocks, the deléy in the sound generation is about 0.5
msec which cannot be discerned by the auditory sense.

The above described bit compression and encoding and
other digital signal. processing for sound source data

_.generation is achie&ed in many cases by a software technigue
using a digital signal.processor (DSP). Fig. 22 shows, by
way of an examplé, the overall construction of an audio
processing unit (AfU) 107 as a sound soufce unit handling the
sound source data; inclusive of peripheral devices;.

In this figufe, a2 host computer 104, provided in a
custgmary personal'computer; a digital electronic musical -
instrument or a TV game set, is connectea to the APU' 107 as
the sound source unit, so that sound source data are loaded
from the host computer 104 into the APU 107. The APU 107 is
at least mainly composed of a central processing unit or CPU

103, such as a micro-processor, a digital signal processor or

'DSP 101 and a memory 102 storing the sound source data.
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102, and a variety of processing operatiodns, inclusive of read-out control,
of the sound source data, such as | ooping bit expansion or restoration,
pitch conversion, envel ope addition or echoing (reverberation), is
performed by the DSP 101. The nenory 102 is al so used as the buffer nmenory

for perform gg, f0ess bt sofﬁce)gée%%‘%ﬁ%& %W@E%é?g%rg@;é&’dl{’é 1%‘9@%@:':181‘

t he ggntents “or nanner processi ng operations perforned by the DS

101. The di gisted, nygicyl v%glrgévgga{aﬁép%'géé@éfhg Beducedoatt eiddBseive of

various processing operati e DSP 101 of the sound source data from
the memory 1Q%adSoGenkemtabby o 4k sbuher 8082 A¥d, ANVRI4S1140ping

bef ore being supplie 0 a speaker 106. The present invention is not .
limted to the @bexpadasishbed eEwEdrBEiDNNI sDtahe cineer sdlon byenayglope
illustration and exanpl es. For exanple,the sound source data are forned in
t he above des¥diteibrendodechotagbyreverberiatgomie fie rpexfigonefiohyakyer REP
| oopi ng domain to each other. However, the present invention may—be applied
to the case df0TorfThg wemaryolf2eisgaaisoonsied iag e ybuf fere mempragfor
domai ns. The decoder side devices or .the external nenory. for -the sound
source data REFEOEMiING §bﬁ§?i§@i&9q§FRQ@QQﬁ%*?ﬂg@PBFaEHSBFer.T ﬁe%% b ddd

i nvention may be applied not only to the sound source t speech synt hesis
wel |l . 49 égmggﬁﬁs the conptent§ Qr «manner of lﬁes% proé%ss;ng

operatibns performed by the DSP 101.

The digitél musical sound data, ultimately produced
after these various processing operations by the DSP 101 of
the sound source data from the memory 102, is converted by a
digital-to-anélog (D/A) converter 105 beﬁore being supplied
to a speaker 106. |

The bresent invention is not limited to the above
described embodiments which are given only by way of
illustration and examples. For example,the sound source data
are formed in the above described embodiments by connecting
the formant portion and the looping domain to each other.
\_ ‘ However, the present invention may be applied to the case of

forming sound source data consisting only of the looping
domains. The decoder side devices or the external memory for
-the sound source data may also be supplied as a ROM cartridge
or adapter. The present invention may be applied not only to

the sound source, but speech synthesis well.



1) A method for producing a digital signal conprising converting an

anal og signal having repetitive wavefornms into a digital—signal conposed of
plural sanples at a predeterm ned sanpling period, findi he val ues of
predet erm ned eval uation functions of the s mm nﬂﬂmpl urality of

ﬂl sveperiod of said

sets of two points relatively spaced apart
anal og signal, and a pIuraIitngﬁlg%nples in*thé vicinity of said two\w

points, and extracting the said plural sanples between said two points of
one 1)f saiad matthod for \madiding udigided dfigrnal compeisinges i ndicating
high simlarity of the waveforns in the vicinity of said two points. 50

converting an analog signal having repetitive waveforms

into a digital signal composed of plural samples at a

predeﬁérmined sampling period, finding the wvalues of

predetermined evaluation functions of the said saﬂsles at a

plufality of sets of two points relatively spaced apart by

a repetitive period of said analog signal, and a plurality

of samples in the vicinity of said two points, and

L

extracting the said plural samples between said two points -

of one of said sets the evaluation functions of which have
values indicating high similarity of the waveforms in the

vicinity of said two points.

50



