+SI GNAL RECORDI NG METHOD Thi s invention relates to a signal recording
nmet hod. I n general, a sound source uséd in an electronic nusical instrunent
or a TV gane unit may be roughly classified into an anal og sourp2s TE_
conposed of, for exanple, VCO VCA and VCF, and a digital sound source

such as a progranmmbl e sound generator (PSG or a waveform ROM read- out

type sound source. As a kind of such digital sound source, there has
recently becone extensively known a sanpler sound source which is the sound
sour ce;data sanpled and digitized fri | i ve sounds of nusica

i nstrun®nts and stﬁlﬁﬂéﬂn_ggﬂgﬂﬁﬂﬁ—gggﬂg?61Iarge capacity nenmory is
generally required for storing sound source data, various techniques have
been proposed for nenory saving. Typical of these are a | ooping taking
advantage of the periodicity of the waveform of the nusical sound and bit
conpression, for exanple, by non-linear quantization. The above nenti oned

l ooping is also a technique for producing a sound for a longer tinme than
the original duration of the sanpled nusical sound. Considering the
waveform of, -for exanple, a nmusical sound, a non-tone conponent, such as

a noise of a key stroke in a piano or breath noi se of a wnd nusi cal
i nstrunent is Tiels aineentionhhrelatesortn andignade redarding nekhodn

inexplicit waveformperiodicity in forned. After this formant portion,
t he sane
"

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

VQF, and a digital -seund source, such as a programmable
sound generator (PSG) or a waveform ROM read-out type sound
.source.w_As a kind of such digital sound source, there has
recently become extensively known a sampler sound source

which is the sound source data sampled and digitized from



waveform starts to be repeated at a basic period corresponding to the
Interval, that is, the pitch or sound height, of the nuscal sound. By
repeatedly reproducing n periods of the repetitive waveform n being an
i nteger, as a -looping domain, a sound sust ai ned | ong tine may
be produced with a | esser nenory capacity The above described |ooping is b
with a problemof a noise peculiar to looping which is known as | oopi ng
. hoise. This | ooping noise is produced at the - of switching the Il-oop
wavef or m and exhibits a spectral di stribution of 2 frequency

char act eqizgld Sdun dfcaiei‘ﬁmgefumeht'ss '%%eve?éi% Sr\ehddotPe noise

| evel i's Iomer t an t e ordinary € noi s factors are” t hought

to be responsidile.d of g?%lgggﬁggag%%%oﬁtﬁéf qbfiExbagloeduidditedie

| oopi ng period I's not e perio t he waveform of a

source OEHBE&ﬁg eﬂﬁH@|§od¥Eeeaﬁﬂﬂe véieib@s S @t Pudll Hd¥el Hderpped
at a period of 400 the | ooped wavef or m has only frequency conponents -

equal tomp@éeaefowhbmm:@y%abhﬁd oopivid el iof. tHése sbe Aundapmql
frequency of the source is forcibly shifted to, 400 Hz with the distortion

presenti mgxkirsglédaarﬁtargmmﬂsthevpegztdthéieWeﬁcthe ofav@fokim olfsGthelz,
) It can be denonstrated that, when there-is dan offset of 1 % between
the sour swshaaaayndrnd it csmmwgessmn. for example, by non-linear

guantization.

The above mentioned 1ooping?ie also a technique for
producing a sound for a longer t1me than the original

duration of the sampled mu51cal ' ndi Considering the

waveform of, for'exqmple, a musji 1 sound, a non-tone

component, such aS'a*hoise of a stroke in a piano or

breath noise of a windamusical'inStr:
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waveform and hence "a f rmant portioni
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After this £81

eﬁt is contained in the

%h inexplicit waveform

period1c1ty in formed ant portion, the same

th o

waveform starts to be repeated at a basic period
i %

corresponding to the interval tha

the'pltch or sound
height, of the mus edly reproducing n Li
periods of the repe g an integer, as a
. ~looping domain, a § :long time may be
produced with a lesst

The above descr-i P g i __w";ith a problem of a
noise pecullar to lgo ;‘}: hi i _:'“ 1as looping noise.
This looping noise | e of switching the

loop waveform and distribution of



f+equency, a n'th order harnonic conponent of: [err] (sin(n-0.01))/([err]
(n-0.01)) (a) is produced during | ooping and heard as | oopi ng noi se.
Anot her factor is produced by:non=i ntegral order.harnonics, that is [err]th
order harnonics, k being a non-.ii'ntegral. number,. contained in the source.
The source waveform apparently; periodi¢, is:strictly not a periodic
function, but contains several inon-integral order harnonics. During

| oopi ng,” these harnonics are forcedly shifted to the nei ghboring

- non-integral order harnonics:#The distortion caused during |ooping is heard
as the looping noise. 3 Consi dering the case of | ooping harnonic .
overtones having the frequency conponent which is a tines as high as the

| ooping frg el rh® Ok 1RACEEEAT | | WP | thegr akemsbrr,, tife is
distortiOnE?%§95¥n5¥Pthe_dFstortion produced by | ooping is expréssed as the

function of,3s3d gbuen Sveherit [toid | nolieve v hn iisnt dgerex| ddwmn tthe.
The distortronfactor becones maxi rumfor a=0.5, 1.5, 2.5, ... and.-m nimum

for a=1.0, o2dinakP WiESEe t noifsant or Seaee ahofightaxs ber gaitigugbspssitft e
for the | ooping noise. In any case, the | ooping noise in produced when the
| oopi ng peresgonsibde Hion nsech aloapiper neise. '
| One of the factors is that the looéing-period is not
fully coincidént with the period of the waveform of a source
. of musical signals. For example, when a source of 401 kHz is
. looped at a périod §f 400 Hz, the looped waveform has only
. frequency components equal to an integer multiple of the
looping period. Thus'the fundaﬁenﬁal frequency of the source
_is forcibly shifted to 400 Hz with the distortion presenting
itself as harmonics having the frequéncies of 800 Hz, 1600
~Hz,. ... . It can be demonstrated that, when there 'is an
 offset of 1 % between the source frequency and the looping
_ frequencf, a n'th Qrdeﬁ harmonic component of
Ca=(sin(n-0.01))/(z (n-0.01)) - (a)
is produced during loning and heard as looping noise.
Another factor is produced by non-integral order
harmonics; that is k'th order harmonics, k being a non-
integral number, contained in the source.' The source
waveform, apparently periodic, is strictly not a periodic
_fpnction,_but'contains several non-integral order harmonics.
‘During looping, these harmonics ére fbrcediy shifted to the
_ neighboring non-integral order harmohics. The distortion

caused during looping is heard as the looping noise.
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times 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 renoved to the maxi num extent possible. On the other
hand, the nusical sound data sanpled and stored in a nenory is the actual
musi cal sound which has been-directly digitized and recorded on a recording
medi um so that the sound quality at the tinme of reproduction is determ ned
by that at the tinme of sanpling. For exanple, when the sound at the tinme of
sanmpling contains a large quantity of noi se conponents, the nusical sdund
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these n as ‘such. 0-cCca ‘vibrato I's previously

applied.tg the nusi g 1 l edmd S S UG | S5 SthahLbyplirRfiuency -
nndulatgﬁgqﬂﬁ?%g +§@ fﬁg, H%ﬁép e%an gg#ﬁ%neht produc%d by thep?fgguency

modul al ABREAKES WhdiR HPNrd TEWIREcESSEE1 9T BRI ALegralanuibdl, the

reproduc as the | ooping noise. The conventi-onal practice in selecting the
| 00pi Ngaglsdidy POAL FARE I OlRe NGiekbrich poodueed ity hhsopéay sispl y
to select two points of the same |evel, such as’ zero-crossing points, as
the | oopixpge®e® as HheRuncisioh oHopi apdpgimensblection is a difficult
and :

o - - - C
E(a) =2 (((a-m)*/(a-m)®)-1) (b)

'n=_—00 : ]

ﬁhere.m is ah integer closest to 2.  The distortion factor
becomes maximum for a=0.5, 1.5, 2.5, <.. and minimum for
a=1.0, 2.0, 3.0 ... .
| These twd-factdrs are thought to be mainly-reﬁponsible
for the lobﬁing noise. In any case, the looping noise in
produéed when the loopihg:periéd ié'nbt an"integral number of
times of the séurce'period. | ’.
The.frequency@components qflthis looping noise has a
spéctral distributiqn_and are.not desirable for the'auditory
sense so that they should be removed to the maximum extent
possible. , . - ' : x w
On the other hand, the musical sound datra sampled and
stéred-in a memofy_is the actual musical;sound'which has been
diréctly digitized and.recordea on a recording medium, so
that the séund quality at the time of reproduction is
determined by that at the time of sampling.' For example,
 when the sound ét_the time of samplihg contains a large

quantity of noise components, the musical éouhd signal3rEad



» Xl me- consum ng operation since the Pooping start and end points are
repeatedly connected to each. other on the'trial and error basis and the
poi nts having approximately equal values are selected as the |ooping start
and.end points. For looping,:it is necessary to detect the period and the
fundanmental frequency or so-called pitch of the source which is the nusical
signal. The conventional practice for such detection is to pass the
nmusi cal. sound data through a | ow pass filter (LPF) to renobve high frequency
noi se .conmponents fromthe waveformand-to count the number of zero-
crossing points of the waveformafter passage through LPF to find the basic
frequency Rft tdied e peodUsBl dftt amhel areedndimgs mes it il sohcondieiRs,
with this nethod, it is 5 necessary for the nusical sound to be )
sust-ai ned y¥s@ pohkengedponents ace sniwhpi t€hetr sqraalled vAbmatRubficy
of a fundanental tone cannot be measured unl ess a |arger nunmber of
zer o- cr osgirey pousily iaprbiedeto thes nyeigpdy 8aHJP cbol?m%?'_“l?eleaqrpl the
for processing a sound which becones extinct in sﬁgrtfr tine..?& an?BQer
et hod -f orSQYES pi fig SLAGNELYC H T RS REYra PR MR on HUB A8t ASTPAEY stPRg
I n processing the nusical sound data by.fast ri forpbEEhbeis
det ect ané*é%gﬁpet?@mﬁ&ﬂg% Pﬁ?éﬁg¥g4%%ogﬁg gi%éﬁgﬁiﬁ;ﬁgr,-gﬁ the
frequency ol 508 RS CBeOndE1UAED" Yrd P ek hSHEEs N30 as to be
reprdduced as the looping nqise.
_ The conventional practice in selecting the looping start
L
point and the looping end point for looping has been simply
to select two points of the same level, such as zero-crossing
points, as the looping points.

However, such looping point seleétion 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

%J '~ the fundamental frequency or so-called pitch of the sdurce
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 remove high fréquency noise
components from the waveform and to count the number of zero-

- crossing points of the waveform after paséage through LPF to

"find the basic frequency of the music sound data waveform to

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



“the sanmpling frequency [.err], it is not possible with this nmethod to take
out the peak frequency of the fundanental tone, resulting in only poor
accuracy. In addition, some nusical sound nay have a fundanental tone
conponent nuch | ower than the harnonic overtone conponents, in which case
itis simlarly difficult to take out the peak of the fundanental tone
frequency efficiently. The above nentioned bit conpression of the sound
source data as another technique for nemory saving is discussed T
her ei nbel ow. As a practical exanple, bit conpression encoding nayeﬁe
envi saged, according to which a filter providing the highest conpression
ratio.on the bl ock-by-block basis, each bl ocg consisti g\ﬁ %f .2 EEéurf%ll_jtg of
sanpl es, necessenwdfomontheyr Busigaki gard 9 pbe HEshads :

par anet orPRALangesh EaBS, AR BoR: CPR PR aln et R TS SERREERSY, of

Cone ot 19 gl adg RIS e LY ool Sytnise o Hheaguchafbetounc

for encodthor SFBsmme et B ESkife (I PR T o o PP ret

order diffghad abel idppiiand tbe sHcopdsenery &i idaiwat iwiiéhl tarcomes
exﬁinct in a shorter time. o '.

As another method for grasping the éitch, there may be
ﬁenti6ned a method conSisting in processing the musical sounﬁ
data by fast Fourier transfotm (FET) to deﬁect and measure
the peak of tﬁe musical sound daté. Hdwever,_if the
fréquency.of the pitch or the fundamental'tone is lower than
the sampling fregquency fge it is not possiblé with this
method to take out the peak frequency of the fundamental
tohe,.résﬁlting in énly poor accufacy, In addition, séme
-ﬁusicai 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 toﬂe fréquency efficiently. |

The above mentioned bit compression of the sound source
data as another ééchnique for memcry saving is discuséed
. hereinbelow. As a practical exafnple, bit compression
encoding may be envisaged, accordiﬂg to which a.filﬁer”
providing the highest compression ratio on the block-by-block

basis, each block consisting of a pluraiity of samples, is

- selected from a group of filters.



- O 'these, the first and second order differential filters prove to be IIR
filters at the tine of decoding or reproduction, so that, when decoding or
reproduci ng the | eading sanple of a bl ock, one and two sanpl es precedi ng
the block are required 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 staritbf sammdf fjdnenatsebectd idiatypre oirt t somfat@s aéea [Fnd
stored in a storage nedium Such as a nmenory, as initial values. Such
provi stéensfodisgosygdamndi hendey armaraneter saska | suabr dwara@naadoof
t he decoder and is not desirable for circuit integration and resulting_cost
reducti ofildepediity &a%g i eanerefoyoearh cPheek teeRRigiINAt @f f

| oopi ng or data conpressing sanpl.ed wavef ormdata. During | ogping, two
connect i §* RRAEFeO L She mAYepbBeight Yatrefatporti &he g‘i‘%ség P RFom

e SR ERoR hAES R SNBSSl gk e e A peest 1
ot AL PR HOVRT e LR SR S L e e,
I nput compression ratio which is optimum for encoding, from the
three mode filters, that is, straight PCM, first order
differential filter and the second order differentiad filter.
s Of these, the first and second order differential filfers
prove to be IIR filters at the time of decoding or
:ep:odudtion, so that, when decoding or réproduciﬂg the
lgading sample of a block, one and éwo samples preceding the
_plocﬁ are reguired as the initial values. - -
However, when the first or second order-différeﬁtial
filters are selected in the leading block of the sound source
data, there lacks the preceding sample, that is the sampie
before the start of sound generation, so that oﬁe'or two data
need be stored in a storage medium such as a memory, as
initial wvalues. Such provision of a storage medium
represents an increase.in hardware load of the éecoder and is
pot desi;able for circuit integration and resulting cost

reduction. . ) _

Co-pending aﬁplication 8925891.7 relates to an apparatus
for looping or data compressing sampled waveform data. During
looping, two connection samples for the repetitive waveform
portions are selected from actual samples and interpolated
samples so that they have values closest to each other to
eliminate discontinuities.
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di gital signal produced upon digital conversion of said analog signal to
Fourier transformto produce a plurality of frequency conponents, matching
the phases of said frequency: conponenﬁ% again subjecting the signals to

F er transfor det el g t of the output
dgggl Ir3r| tish Patrqean g’/&pp tl:It i on A@’W%ﬁ%—}%??\ﬂ%& P+Bm this
appl|é&¥ﬂéﬁdrékﬂﬂb§hﬁ§aﬁpniiﬂitiqn ¥#lnme$rﬁpaadmgthad gogndétestpngsi ng
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sanplsigaalatm wgdmnertﬁransﬁbnﬁ tdwptﬁdﬁﬁé aépfﬁﬁjﬁi?§5§$02ge6ﬁggélﬁytﬁe
L?E?;t%hpSPgﬂtbo ngdﬁ%ééiyh ﬁ é%#h LR [FIPPRY Lﬁs bet ween
sai d aqalposnbse@ﬂ:mget@fe séagmsla ¢Q rﬁptmmmurmfmtammeteming have
val uegneNgesdbiagd o %es'#adl@' ide/ 1¥e t%ﬁ%l n the vicinity of said

two points. British_ Pate Appllcatlo ichis divided fromthis
appl i cation rel at B¥itdsh tdom A 594 R twhdeele cbr i si ng

se:jecammdéar firol thlisofatpi:aaltﬁafa‘tilearﬂ ilrjémaﬁeflwzdn :mg;l u‘?i Sfopll_lweg%%&yngf
nmodes_c n east di,fectly o

out puft aﬁgljﬁﬁi % alsll FPAPL: H’QJW {:ﬂ ?‘-’{ e?lg’l'% hayiegi on |
bei ngrepetitiive wavdﬁonmSﬂintoMaIdxgitakusigﬁalﬂconpﬁsédFEWmeuf&BnQL%ggst.
f?”ﬁéﬁ?ﬁ‘?ﬂﬁﬂﬁ“lﬁ 230et) psIH o nﬁ%a" Pehtod, Fiflasall G had]
pr eceffnpredet QF&'P-P iema iomsmaf %Sﬂiﬂ:ﬁ@pmuﬁb anput i\
Slgnapldﬁamitylaﬁ %&Q& ?F E@c points relatively spaced ‘apart by a

repetitive period of said analog signal, ‘and a.plurality of
samples in the v1cinity 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. .
British Patent Application 9117595 ‘0 which is
div;ded from this application relates to a digital signal
compression method compr1s1ng selecting for a: block of data of -
an input signal one of a plurality of modes comprisinq at least
directly outputtlng an 1nput signal and outputting an input
signal through a differential filter, the selection being _ .
according to which mode will give an output signal hav1ng the o
highest compression ratio, and transmitting the output signal,
wherein the method is operated on a block of pseudo input signal
data during a period precedlng the start p01nt of the 1nput .
signal, the block of pseudo input signal data.being such as to
cause, and causing, the mode of directly outputting“an-input
signal to be selected prior to compression\modeaSelection for
the input signal. .
Brltish Patent Application 9117591 9 which is




‘cause, and causing, the node of directly outputting an input signal to be
sel ected prior to conpression node sefection for the input signal. British
Pat ent Appllcatlon 9117591,,9 which i$ 9 <ivided fromthis appllcatlon
relates,tp_a_data c npreSSJng and, encodj ng met hod ¢o r|S|nchonpreSS|ng

and en Hﬂﬁﬁ ForL Ehls ARRIASATAOR FRIATRS JFO 2 ARER CABP ﬁFPr’Pﬁaé‘i"ﬂg a
const aéhcaaﬁ.ngdme«tham tdbuipmminq: w&mmﬂ@ Caxed ceﬂeddthCkaveeaeh

conpr i sLb SRElyRd i BaptHn AR et i ESans il ben BRI AR S o PophiRR
conpr i pediofd so nsmmb@om B goppressed and cenceoded bilockss eashnunber of
wor ds ESHéilsﬁiﬁg* @)fe ﬁ (Hunﬁ%xﬂ 6%&5 f&%@f&se%&dﬁﬂﬁséocéi alethb

and m are natur al ers suc at M consecut] ve words hay be store and
then r@BﬁPFFVEP}PHréﬁ%ced It also relates to a waveform data

conpressi-ng and engBangdnge thed riginu %ﬂg:h‘é)rg&nm %1&1@' spceRéng an n
nunber_ of ghe p |ods of %’go‘lﬁ] data der.i ved ‘ﬁrp gog anal ogg
wavef of v & an, p AYRper, c%% BBEYGRISBNBEJER

bl ocksheenchimessruie nmmﬁemrom wnrd:sarcarita;hwdeimoeabh af samds form ng
an mn al qaﬂgﬂa f of the
peri odéggﬁi.\?vg%g or%dg%{ﬂg con al ni ng ‘at easf‘lll f% ?ﬁ%slgc a'wgé%d

bl ock, nambargadsiache thatha wonsemipive words meayrie rgt@ne@ eodpr-hsaed and
e”COdegepetitively reproduced.

It also relates to a waveform data compressing and
encoding method comprising compressing and encoding an n number
of the periods of waveform data derived by sampling an analogue
waveform having a constant period so as to form compressed and

encoded blocks, each consistlng of an h number of sample words,'
as units, forming an m number of said compressed and encoded
blocks for said n number of the periods of waveform data -
containing at least a start block and an end block, h, m and n
being natural numbers, and recording said compreséed and encoded
blocks on a recording medium to be repetitively reproduced, said
method further comprising forming parameters for said start
block on the basis of data.of said start and end blocks.



bl ocks on a recordi ng' medi umto be repetitively repr odhced,- sai d nmet hod
further conprising form ng paraneters for said start block on the basis of

data of sai%]isgfgﬁ pResBdrppDEkstion Brid1 5P FAtent fpnlhcatd Yy s

9117592.7 Ich is divide romthis application relates to a sodr?tfddat a

f or i dagh R Hpis1 iedt ppRdualegesond ssour ce data for storage in a store
by processing an input nusical sound signal having repetitive waveforns,
conpri si ng pouad dédatet i bormiany éppadettecs i 1t hprpiduwdhi i ousdt he ™
fundamental frequency of said input nmusical sound signal, by nmatchi nMe
phasesrsfe data ckpecstosageednency M fonents obt BYn®RFAWRHSING faR i ng
Fourier transformof said input pusical sound signal, againéperforning a
Foudngtu § r 11§ bFhlantPBBHe &I IR L hE PR Bd T6P T hEt p¥& YaNEE W™ Ene out put
‘data, filtering nmeans supplied with said input nusical sound signal and
havicompoysing | ter characteristics having only the frequency band of the
fundanental frequency detected by said pitch detection neans and the
frequency band of high harnonics thereof as the pass band, - 10 -
pitch detection means for detecting the pitch which is

the fundamental frequency of said input muéicai sound'signal,

by-matching'thé phases of the respective ffequency components

obtained upon_performing.Fourier transform of said input

musical sound signal, again performing a Pourier tranéfofm

and detecting the'period of the péak value of the output

data,

filtering'means_Supﬁlied with™ said inppt musical sound

signal and having comﬁ'filter characteriétids having only'the

frequency-band=of-thevfundamenta1 freguency detected by said

pitch detection means:and t+he frequency band of high'

harmonics thereof as the pass band,



‘repetitive data extraction neans for finding the val ues of predetern ned
eval uation functions of the values of 'sanples at a plurality of sets of two
points spaced relatively fromeach other by a repetitive period . -
corresponding to the detectied pitch of an output signal fromsaid
filtering neans, and a plurality of sanples in the vicinity of said two
poi nts, and exkepettitgvas depet exktvactdba meams ufat Sangliey denemnluee
two points the evaluation functions of which have val ues indicating high-
si mi | akj ypfofpradetmm bned | aveAaat toni thungtions tQb gt ¥alwens 9br .
affixing to the input signal a pseudo input signal during the period '
procedi ngselmpies t agoi at R¥usaild tHpRf sisgie®, ShdtitRePOI RS SPaced
conpr essi ng- encodi ng neans for conpressin nd encodi % an, n _nunber

Qf
peri ods of edEidiad at XM o L¥FPr eOERE HatBY wof ds &RE phidis erRET10d

concerned with conpression, with conpressing-encqading blocks eac

cont ai ni n§OXXSFPRHAI dio Eﬁ$l@%tﬁgghﬁatg}gfﬁe°3eFP88W5p4ﬁu§ﬁﬂ§k%(ﬁﬁﬁ%ata
bei ng constan{, and farmn n n r, o 1} r i 0g- i g ks
cont ai ni n&ad'trg |%é§§?§’ﬂ%r?‘%%%k éwaan é%y}%%gﬁy %?Snggﬁ?l%%elg%gbéﬁé
natural n r he s b | I n rSE: f bS
of the dak}g%gfﬁis%&dgsft Easéryt}%l %gggnﬂgiga gr?giabl ockfﬂt%fmlcé':raiaésj ﬁﬁgg}%&ﬁ$
the presefhtian¢®at ipARlrad FVpHes bst@eeh tREOttonpoiritzodre vl uption

whi ch anal og : .
functions of which have values indicating high similarity of
the waveforms in the vicinity of said two points,

means for affixing to the input signal a pseudo input
signal during the period proceding the start point of said
input signal, and _

waveform data compressing-encoding means for compressing
and encoding an n number of periods of waveform data into
compres;éd data words and parameters concerned with
_compression, with compressing-encoding bloéks each containing
an h number of samples as units, the period of the wavefo:m
data being constant, and forming an m number of the
%ﬁ; | compressing-encoding blocks containing at least a start block

and an end block, h, m and n being natural numbers, the

start block inCluding parameters formed on the basis of the

data of said start block and said end block.
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signals such as nusical sound signals or signals digitized fromsuch anal og
signals are supplied to a conb filter allowng to pass only the fundanenta
frequency conponent and its harnonic conmponents and the thus filtered
signals are recorded on a storage nedium thereby to produce signals freed
of frequency conponents that are a non-integral nunber nultiples of the
fundamental frequency and to reduce the |coping neise during looping to .
guar ant.ee snmooth I ooping. According to the present invention there is
provi ded a signal ‘recordi ng nethod conprising supplying an input ané#db
signal or an input digital signal corresponding to said anal og signal
through a conb filter having only the fundanental ‘frequency band of said
i nput anal og signal and the frequency band of harnoni c conponents thereof
as the pass bands to produce output analog or digital signals, extracting
repetitive waveform domai ns of said output anal og .or digital signals
suitable for repetitive reproduction and recording said donmins in a store.
12 -~ The a 9st'a9,gof>_'ﬂEEEebe%%Ctp%e@&mqweﬁﬁ%ﬂlrw of the present

u

invention wilT "nbre fulty appear fromthe follow ng detailed description
taken pAco6088eat iQRyNML hr£8B8rasaeNRREVHAY SEavkadhg tid Wisidle BAadwpr essly

under st ood, however, that the drawi ngs are for the -purpose of illustration
only agfigaed sneudhtandedsdcad defundt sdgnafld leer Isingnalesf diifgel theedtion.
from such analog signals are supplied-ﬁO'a comb filter
allowing to pass oﬁly the fﬁndamental frequency component and :;
its harmonic coméqnents and the thus filiered_signals aré
recorded on a stofage medium, thereby to produce signals
freed of fregquency components that are a ﬁon-integral'number
-multiples of the fundamental frequency.énd to reduée the
looping noise during looping to guarantee s@doth looping.
According to thé-present invention.thgre.is provided a
signal recordiﬁg ﬁethod comprising suppljingVan inpﬁt analog
signal or an input digital signai corresponding to said analog
signal through a comb.filtér having only-theffﬁndamental
frequency band of said input analog signal_aﬁd-the frequency
band of harmonic comé@nents thereof as'the.paSS~bands to produce
output analog or digital signals, extracting@réﬁétitive waveform
domains of said output analog or digital signalsisuitable for

repetitive reproduction and recording said dbmains in a store.



- 13 - Fig. 1 is a functional block diagram showi ng a schema over al
structure of a sound source data form ng apparatus for use with the present
i nventi on. Fig.TQei§b§VGiéﬂﬁ%nf%h%hﬁﬁgogﬂécﬁév@n@anﬁelnﬁ#a%wISSUQﬁ the
signals. Fig. 3 is. a functional_ block diagramfor illustrating the pitch
det ecti ng Qfg%?%’ﬂoﬁ?’vﬁi“&?%‘ Wil ppezr divdgnaraprear | fremr dthengfohtopdak

det ecti tjon. Eig. 5.i f di f t he, i cal d

signal 'Eiﬁ?ﬁé%%é’% oBESFEABHTOB! gEAK TR ol Bay SRIPE GRS AM Fort Bockh e
te d ' ]_Si Ls.. Fig. JZ.i f i l. bl ock

G agr am 1 o e FTERTLERES eR Ao R, STF At % e oBeP R Rl Y FPRaer TE0q0,

dlagram showlid, 6L | leH 8 CPRRAGLALNAGE. SkE 3d° dN@VeLQLBILadran

showi ng wave hei ght val ues after envel opge correction of e Sical ~sound

signal . Figlludfratsonaontyaghamarehawtnd nterided fdd Lrachti fCishi SEi Efe
Fig. 11 is a flow chart for illustrating the signal recording nethod wth
conb filtelimbtsFof. the iaventdawvaf.orm diagramfor illustrating the optinum .
| oopi ng point setting operation. - S

- 13 -



14 Fig. 13 is a flowchart for illustrating the digital signal formng
nmet hod with optimum | 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 diagranmatic 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 wavef orm di agram showi ng the | ooping-

data obtained ypop renel 'a%'r %ﬁg@oﬁ% ”g,w&gt bih \eRBulinG hOBRKAGAON! S.

Fig. 17 is a or man rtlon produci ng data
envel ope cqrrectio o t r
i Yust Iroat |Qngef?|£ll g&gg'?ﬁ%’nlo% ?gr%ysé‘?] gf ?gﬁcoéglpﬁhngé&?gnﬁlrgd fg{s\pgbglégéjg)

circuit digagr aes @q Wi e prhareid camonstiact i on of a quasi -instantaneous
bit conprssing and encoding system Fig. 20 is a diagrammatic view show ng

a practical exgple of ;3 dal@ibheshn Wwswiad Wive gaasfonmt aft anesdsal t
conpression and encoding. Fig. 21 is a diagramati c. VIeM/ShOMAng t he
contents afourbdighglke! bl ocks of a nusical signal. Fig. 22 is a block
di agram showi ng a constructi onal
Fig. 3 is a functional block diagram for 1llustrat1ng
the pltch detectlng operation.
Fig. 4 is a block diagram for illustrating the peak
detecting operation. |
Fig. 5 is a waveform diagram for the musical sound
signal and the envelope thereof.
Fig. 6 is a wavéform diagram for decay rate data for the _
musical sound signals.
Fig. 7 is a functional block diagram for illustrating
the envelope detecting operation. o
Fig. 8 is a diagram showing FIR'fi;ter characteristics.
Fig. 9 is a wavefqrm diagram showing wave height values
after envelope correction of the musicai sound signal.
Fig. 10 is a diagram showing comb filter
characteristics.
Fig. 11 is a flow'chart for illustfating the signai
recording method with comb filtering. |

Fig. 12 is a waveform diagram for_iliustrating the

optimum iooping point setting operation.

o | _
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exanpl e of a systeminclusive of an audi o processing unit (APU) with its
periphery By referring to the drawi ngs, certain preferred enbodi nents of

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

showi ng a practical exanple of various functions while are exhibited since
i nput nusi cal sound signal sanpling until storage in a nenory when the
enbodi'rgpt of the present invention is applied to a sound source data
fornming apparat Bég. Trheisnputf iesi chiaxoubarsididastratiag it fdattad
10 may for exangle be a signal directly picked_ up a m_crophqne ,or a

8

b
si gnal repsbanaddipraving dedihad wilh CLRFHRYR }€€89é9n§°&€&i®ﬁ. i vg or

digital signals. The sound source_data forned by the apparatus .of Fig. 1
has under gone aFd@-cdi4 df I%o‘ﬁ?ﬁﬁf%f“cﬁ]j\ﬁi‘irlar%G%P%‘élﬁﬂpggﬁngﬂlsdfa}]ef%??‘ﬂg

to the nusi¢al sound signal ef orm shown_i-n_Fi . .In general, directly
after the §f‘8f‘?§'o¥’e%°§&1ﬁd‘dg%{? i%ﬂ?eﬁgﬁgéoﬁgrggﬁééﬁgﬁts such as key
stroke noi se on [ r ' i | | [ YR r i St
contained in thgqggu?g’?fsgo hg?égﬁgfrag%ﬁ:su?l%étwp%ét’gg é:@ﬁrrrant rp%%%%rrl\
aneXh'b'tbﬁgaiﬁgéﬁk‘EérW@N@EQLmd§¥éﬁ9hﬁé6h§Wb£ﬁ ESmipdld P¥ednbyfawave

repetition of e sane waveform at the
height value data following time base correction.
Fig. 16 is a waveform diagram showing the looping data
St - obtained upon repetitive waveform junction Setween the
.iooping 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 illustrating the operation

before and after looping.

| Fig. 19 is a block circuit diagram showing a schematic

construction of a quasi-instantaneous bit comprssing and
L .gncpding system.

Fig. 20 is a diagrammatic view showing a practical
example of a data block produced upon quasi-instantaneous bit
cémpression and encoding.

| Fig. 21 is a diagrammatic view showing the céntents of
leading part blocks of a musical signal.

Fig. 22 is a block diagram showing a constructional

example of a system inclusive of an audio processing unit

S (=



"~ 16. fundanmental period corresponding to the mnmusical interval (pitch or
sound hei ght) of the nusical sound: An'n nunber of period, n being an
integer, of this repetitive waveformis taken as a | ooping domain LP which
is a region or domain between a | ooping start point [err] and a | ooping end
point LPE. The formant portion FR and the | ooping domain LP are recorded on
a storage nedium and, for reproduction, the formant portion is reproduced
first and the | ooping domain LP is reproduced repeatedly to producedLDF
musi cal sound for a desired long tine. Referring to Fig. 1, the inpu+~

nmusi cal si.anal, .S _Sa t a sanpling block 11 at, for exanple, a
frequencgggﬁq3glgngt§oFggqggﬁﬁaﬁtaken out as 16-bit-per-sanple digital
data. This sampling corresponds to A/D conversion for anal og i nput signals
and to sanpling rate and bit nunmber conversion for digital input signals.
Then, at a pi ggh detfectremdl eck dRe tdeafwhngment gletbsin fpequaryed hat
Is the frequency of a fundanental tone [err] or the pitch data, which

det er m nembddimentoropi the preswnti gnvention cuildobhed expheiRedipl i ng
bl ock, 1is detected. The principle of detection.at the detection block 12

i s her ei defttesk lexpl&i ded howeyernkeche dhtRrstged &Ratn B BR§ ound

source O%%%%g%ygg>&£a§o£hii%w%¥yn¥ga'héggeembOdiments given only by

way of illustration.

Fig. 1 is a functional block‘diagram_Showing a practical
example of various functions'while'a:e'éxhibited since input
musical sound signal sampling until storage in a memory when
the embodiment of the present invéntion is applied to a sound
soﬁrce data forming apparatus.'—The input musical sdund
éignal to the input terminal 10 may for example be a signal
:directly picked up b§.a microphone or a signal reproduced
from a digital audio signal recording medium as anaiog or
.aiéitél signéls;

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

' Fig. 2. In general, directly after thé'staft 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 aneform periodicity which

.is followed by a repetition of the_same'Waveform.at the

.



frequency markedly | ower than the sanpling frequency f so 17 that it is
difficult to identify the interval or pitch with high accuracy by sinply
detecting the peak of the nusical sound along the frequency axis. Hence it
IS necessary to utilize the spectrum of the harnonic overtones of the

misi cal sound by sone neans or other. The waveform f(t) of a nusical sound,
the interval of which is desired to be detected, may be expressed by
Fourier expansion by [err] where a([err]) and O (w) denote the anplitude
and the phase of each overtone conponent, respectively. [If the phase shift
0 (W of each overtone is set to zero, the above fornmula nmay be rewitten
tof (t) [famdamental period cotzpspendiéamg ¢ ntheomushkcapydnterval
phase- mat ched waveform f(t) are at the points corresponding to integer

nul tiples dpitich o isindrhed ghi} ‘Pﬁet§9emtl§ﬂé’§lo1s%ﬁ’@-wa3‘é¥d¥rﬂ‘¥‘ﬁ $TaRd
at t=0 The peaks show no other than the perjod of the fundanmental tone

On the basiPeBiofdni & Heing AR, Iphegedyuaictdt SpFeER Tt LR BAYRform 1S
e Ao el oh 19 Sab g kA AR B0 2edidhor! B
~ between a looping start point'LPs'and a ‘'looping end.point
LPg. The formant portion FR and the looping domain LP are
recorded on a storage medium and, for reproduction}ithe
formant portion is reproduced first and the looping domain LP
is reproduced repeatedly to produce the musical sound fdr a
desired long time. | "
Referring to Fig. 1, the input mﬁsiéél'sound siéhél is
) sampled at a sampling block 11 at, for examplé, a fréqﬁen&y
_of 38 kHz, so as to be taken out as 16-bit4per-saﬁple digital
- .data. This sampling corresponds to A/D coﬁVersioﬁ'fdr énalog
input signals and to sampling rate and bit number cénvéféion
for digital input signals. | |
Then, at a pitch detection block 12, the fundamental
&) N basic frequency, that is the frequency of a fundémental tone
fo or the pitch data, which determines the tone or pitch of
the digital musical sound from the sampling blbck,.is
detected. | -
The principle of detection at the detection block'izlis
hereinafter explained. 'The musical sound signai as the

sampling sound source occasionally has the fuﬁdamental tone

. frequency markedly lower than the sampling frequency fg so

7



to a real part input termnal 31 and an inmaginary part input termnal 33
of a fast Fourier transform block -33, respectively. In the fast
Fourier transform which is performed at the fast Fourier transform bl ock
33, if the nusical sound signal, the pitch of which is desired to be
assunmed, is expressed as x(t), and the harnoni c overtone conponents in the
musi cal sound signal x(t) is expressed as [err] x(t) may be given by [err]
(4) This nmay be rewitten by conplex notation to [err] (5) mhere an

equation cos [err] - (exp(] [err]) + exp(- J [err]))/[err]
I d. By F t f the fol] t
TIX(1) exphpr .:L]%;Jé{seéaé{éqai‘éy%?teefw 3 aﬁsﬁﬂé’a?s#%%#[%é# ]ai%%% wé@mts 2
delta f t At th t bl th I t
the. root haaM RECIFABY RYsqiBLEr IHE TELRIpANE Hih Shubre dfopsgdt ' ™

| mag| nary 0ad aPons"En atf‘rggt_a'n%ef 21 --t_?ﬁenf;e it is necessary to
utilize the spectrum of the harmonicfovertohes'of.the musical
sound by some means or other.

The waveform f(t) of a_musical_sohgd, the,interval'of
‘which is desired to be detected, may- be expressed by.Eourier
expansion by ' o o ;;

f(t)= Za(w)cos[cot+¢(w)] | - (1)
where a@d and ® (w) denote the amplltude and the phase of
each overtone component, respectively. If the phase shift
% (w) of each overtone is set to zero, the above formula may
be rewritten to _ : _

T= ‘Za(w)coswt @

The peak p01nts of the thus phase-matched waveform f(t) are
at the points corresponding to integer:multiples of the
perlods of all of the overtones of the waveform £(t) and at .
t=0. The peaks show no other than the period of the &J
fundamental tone. | |

On the basis of this principle, the seguence of pitch
detection is explained by referring to the functional block
diagram of Fig._ 3. |

In this figure,.muSical_sound data and "0" are supplied

‘_'to a real patt input terminal 31 and an.imaginaty part input

terminal 33 of a fast Fourier transform block 33,

s



-fast Fourier transform is conputed. Thus, by taking an absol ute val ue
Y(w) of X(w), the phase conponents are-caneelled, so that Y ([ERR]) = [X
(W -X (W][ERR] =(1/2) [ERR].( [ERR]) (9) This is made for phase
natchlng of all of the hi-gh frequency conmponents 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
toransform bl ock (in this case an inverse FFT bl ock) 36 as the real part
dita, wi/e "O' is supplied to an imaginary data input terninal 35, to
execute an |nverse FFT to restore the nusical sound data. This inverse FFT
may be represented by [ERR] . y(t)- (1/2[ERR]) .[ERR] Y (wWexp(-j [ERR] t)dt
00 [ERR] The nusical sound data, thus recoveréd after inverse FFT, are
taken out as a waveformrepresented by the synthesis of -cosine waves
havi ng t he phase matched hi gh frequency conponents. The peak val ues of the
thus rest FERPeSEHE®SHur ce data are detected at the peak detection bl ock

37. The peak pojQténe fast Fourier transform, which is performed at the

* . fast Fourier transform i)loc:k 33, if the musical sound signal,
the pitch of which is desired to be assumed, is expressed as
x(t), and the harmonic overtone c-om'ponents in the musical
sound signal x(t) is expressed as )

S ancos(2x fat+ &) , (3,

x(t) may be given by

oo .
x(t)—Ea..cos(Zu fat+ 6) 7 | (4)_

This may be rawritten by complex notation to

0 o
x(t) = (1/2) Tasexp(j @adexp(j @ at) (5)
BB—w . g .
whe:e an equation f
cosB—(exp(J 8)+exp( ieN/e _ (8) .
is employed. By Fourier transform, the following equation
St L © T
- CX (@)= .x(texp(-jot)dt
e’
=T agsexp(j-@s:) 8 (-0 k 7
ne- 00

is deﬁ:-ive_d, in which § (w-w,) ropresenf_s & delta function. )
At the next block 34, the norm or absoclute value, that
"1'9;,' the root of the sum of a s'qu'are of tﬁe real part and 2

square of the imaginary part, of the data obtained after the

- fast Fourier transform, is computed.

Q.



-~ are the points at which the peaks of all of the frequency conponents of the
musi cal sound data becone coincident. At 20 t he next block 38, the thus
detect ed peak values are sorted in the order of the decreasing values. The
tone or pitch of the nusical sound signal can be known by measuring the

periods of the detected peaks. Fig. 4 illustrates an arrangenent of the .
peak detection block 37 of Fig. 3 for detecting the maxi mum val ue or peak
of the musical sound data. It will be noted that -a | arge nunber - of peaks

with different values are present in the nusical sound data, and the-#

interval or pitch of the musical soynd gap be a pgg y [gndi t he,

maxi num-val uth sy hd¥usprKIN % o/ e&ﬂoaf‘éﬁﬁ d’eﬁ%‘&%i “’St séfpegi(?)%.' rF\\".(???arri ng

to Fig. .4, the mnusical sound i ng fqhl.gwi ng i nverse Fouri er

t r ansf orBH38e SIPPPRAGF a2 5F F%gpéglﬁ‘%r&rﬁ %’a %Hﬂ: to a (N+1) stage shift

regi ster 43{q1rw)t=ea{nxm&,t)eﬂ ) Yegtsters [ERR] in.this order to an output"
43 : .

t er m nal . his (N+1) stage shift register 42 acts as a w ndow havi ng
the wi dth of (N+1L35rz#es it rgsppct to the musical (gyund data string
and the (N+1) sanple ’1m§n§§ka s??ing is transmitted via thi's windowto
a maxi num valpg;detiast nadeci £61i tphelse Thatt ¢lsings dhealilsiafl theurkiidht a
are first entered into the register a . o N
frequency components of the musical sound data. The phase
components can be matched by setting the imaginary part to
zero. o : ;;
The thus computed norm is supplied as real part data to
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

oy (t)=@1/2z)§

0 - - SR
Y (w)exp(-jot)dt

w .
: 0 o _ .
=§ apcos@®nat ' (10)
-0 _ L ' . :
The musical sound data, thus recovered after inverse FFT, are w/

taken out as a waveform repreéénted by the synthesis of

.. —cosine waves having the phase—matched'high'frequenéy
~components. |

The peak valﬁes of the.thus restored éound SOu:ce déta

are detected at thé peak detection bibck_ﬁ?. The peak points

are the points at which.the peaks 6f all of the frequency

components of the musical sound data become coincident. At

20



‘N2 and sequentially transmtted to the [ERR], the (N+1) sanple nusi cal
sound data fromthe registers [ERR] , '[ERR] are transnmitted to the naxi mum
val ue detection circuit-44. This maxi mum val ue detection circuit 44 is
so designed that, when the value of the central register [ERR] of the shift
regi ster 42, for exanple, has turned out to be maxi mum anong the val ues of
the (N+1) sanples, the circuit 44 detects the data of the register [ERR] he
peak value to output the detected peak value-at an output term nal 45. The
width {Ny1) of the w ndow can be set to a desired val ue. Turning again to

Fig. 1, the,enyekersi1efck e sarmé egdhdisydedle dtied cpbakovad i gratei sorted
detected at envel ope detection block 13, using the above pitch data, to

produce t hen et p@erave’ ¢ha diedieasiagesia lamswd ShmdtoneTorspiébed ofe
waveform as shown at Bin Fig.5 is obtained by sequentially connecting
the peak pohetsnwéithd nssind sbondlsiganl baavkhomn by skeasustingi fhm g.
5, and indicates the change in saund | evel or sound volune wi th | apse of

ti me si ncepehiods nefotheodtatephied apeaks. This. envel ope waveformis usual ly

represented b ar anet er ch as ADSR, or attack ti e/ deca i e/ t.ain
Ieeelfreleaseytﬁﬁﬁe 40@@&&2&?4&;&rﬁﬁcﬁ§EaaﬂeQﬁ&§né£T%ﬁ%,Pé?ghggﬁ%%iﬁﬁh‘
triki k aml f t ' d .si | . at t ti
[ERR | nci abEk SR iTkoun Erilett IPoEhe REF OTH Kagsary pask of

the musical sound data.

lIt will be noted that a large number of peaks with
e 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. 3
| Referring to Fig. 4, the musical sound data string
fbllowiﬁg inverse Fourier transform is supplied via an input
terminal 41 to a (N+1) stage shift register 42 and
.transmitted via registers A_N/2¢ o= ¢ BQs see ¢ BN/2 in this
_order to an output terminal 43. This (N+1) stage shift
_reéister 42 acts as a window having the width of (N+1)
_ éaméles with respect to the musical sound data string and the
- (N+1) samples of the data string is transmitted via this
window to a maximum value detection circuit 44, That is, as
the musical sound data are first entered into the register a_
‘N/Z and sequentially trapsmitted to the an/2r the (N+1)
sample musical sound data from the registers a_N/2¢ 0 ¢+ Qs

ees ¢ 8yyp are transmitted to the maximum value detection

2\,



‘struck (key-on) until the sound volune increases and reaches the target or
“desired sound vol une val ue, the decay tinme [ERR] the tinme which el apses
si nce reaching the sound vol une of the attack time TA until reaching the
next sound volune, for exanple, the sound vol unme of a sustained sound of
the piano, the sustain level [ERRthe volune of the sustained sound that is
kept since releasing key depression until key-off, and the release tine TR
the time which el apses- since key-off until extinction of the sound: - The
times TA, TD and TR occasionally nmean the gradient or rate of changeféf
t he sound vol une. Q her envel ope paraneters than these four paraneters nmay
al so be ehptojbd44.t will -be noted that, at the envel ope detection bl ock
13, data.indicating the overal| deca e of-the]%i le way ef

dat’a

ra ; . {.m;i S a
obt ai ned si nuFhafedaHimumt yade HREROPECNaFEFGPM ’r%p?%sgﬁt@égnﬁy t he

aranmeters such as the above neptjoned ADSR. Wi t L view t-Qet akind t he
1I‘O ormat pbhakenwhenh the ‘f%’s‘f%u%f gg?a&ﬁ'\%&@é‘f (3:rerﬂhi£#ﬁe sea%e(g%ye?gt %h zlﬁt a

SIS SSRBARLRLCSa/ AR, B, hUF, L oRRUed gttty

during th ecayed nonot onously, as shown in

0.5 SR S £ LT bRl 68 o Satente m Hepktd ehy,
p”fwip'aa@afwfe%wgfP&b@@ﬂé@’&g $dn ke tPedRalalue to output the
detected peak value at an output termiha1:45. The width

(N+1) of the window can be set to a desired value. :;

Turning again tb"Fig. 1, the enveldpe 6f 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 muéical SOund'signal. This

-.enVelope-waveférm, as shown at B'ianig.S, is'obtained By

_sequeﬁtially'connecting the peak points:df'the'muéical 56und

signal waveform, as shown at A in Fig. 5, and indicates the

change in sound level or sound volume with lapse of time

since the time of sound generation. :Thié envelope wavefbrm

is usually represented by parameters such as_ADSR, or atféck

time/decay time/sustain level/release time. Considering the

'case of a piano tone, produced uponiétrikiﬁé'a key, as an

example of the musicai sound signal, the attack fime Ta

indicates the time which elapses since a key on a k?yboard is

“struck (key-on) until the sound volume increases and reaches

the target or desired sound volume value, the decay time TD

. the time which elapses since reaching the sound volume of the

22,



0T envel ope detection of an anplitude nodul ated (AM signal. That is, the
envel ope is detected with the pitch of' the nusical sound signal being _
considered as the carrier 23 frequency for the AMsignal. The envel ope -
data are used when reproduci ng the nusical sound, which is formed on the

basis of the envel ope data and pitch data. The nusical sound data supplied
to the input terminal 51 is transmtted to an absol ute val ue out put bl ock
52 to find the absolute value of the wave hei ght value data.of the nusical

sound. . These absol ute value data are transmtted to an finite inpul se

response€ (Elt@%éﬁp%iq‘i%?ggk‘f“i% er%%rﬂjchEhB ek 88und hrs1tiR bl pelk

55 acts as @ T'Ow pass e cu aracteristics of which are

det erm ned eta%m;ypgl YiAg EBuhbe vo1emd 06K B5shistadhetoaiduml enf stheepians,y
formed in a LPF coefficients generation block 54 based on the pitch data

supplied t gpd dwothieldvel B3. tABevbilhints chatletsnsshiicsedirsowhdwbhart
Fig. 8 as an exanple and have zéro points at the frequencies of the

- fundanment alid dept adimcé r eeqleasynpekely) dept aswimmiuntbierkeyeef i and the.
musi cal sound signal. For exanple, the envel ope data as shown at B in Fig.
5 may be deteteadef tdme HBg ntbechlimeouwriiichgedapsemrs tnca keyFQf foungil
attenuating the frequencies of the fundanental tone and the overtones b
the FIR filextinghéom | ofr &ded f ispend.chaTheertsmies &Hzwr shbpn and TR

occaSionally mean the gradient or rate of change of the sound
volume. othef.envelope parameters than these four parameters
may also be employed. | _
. It will be noted that, at the envelope detection block
13, data indicating the overall decay rate of thé signal
.waveforﬂ'is obtained simultaneously with the envelope
waveform data represented by the parameters such as the above
mentioned ADSR, with a view to taking out the format portion
with the residual attack waveform. These decay rate data
assume a reference value "1" since the time of sound
generation at key-on during the attack time Tp and are then
decayed monotonously, as shown in Fig.6 as an example.
An example of the envelope detection block 13 of Fig. 1
_is explained by referring to the functional block diagram‘of
:Fig. 7.
The principle of envelope 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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by the formula H(f) k .(sin([err] f/fO)/f (11) wherein
[err] indicates the basic frequency or: pitch of the nusical sound signal
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 val ue data of the sanpled nusical sound
signal or sanpling data is explained. In a first block 14 for generating-
the | oopi ng data, the wave hei ght val ue data .of the sanpl ed nusical sound
signal are divided by data of the previously detected envel ope wavehef'm

shown afr8quénEygfor the WM tsidnall byrhe recigiapal datataeedused wheper f or m

an envel ope correction to produce wave hei ght -val ue data-of a wayeform
havi ng aepnqéuamngammqtmmhﬂgéls§9wn@n1W#iﬁhg%STﬁP§N§ﬂmﬂ%ththﬁﬁﬁ%d

signal or, ‘more préecisely,. the ¢orresponding wave hei ght value data, is
fiItereﬁfp6h3r6$ﬁﬁ§QP%n%%ﬁﬁ ?R$ ﬁbgﬁﬁpaﬁtPSely, t-he .corr espondi ng wave
hei ght val ue_data, which is aft ated at. o an; t Qrponent s,
or in other ?d_??séﬁénfé’d‘ﬁ ‘faﬁzleé tsgwepalcloen%o@;énélgé :ﬁ&éﬁ% oggg'gg'?r‘pg@ngﬁt S

e ABANchL A L EULEN G CHRANED 8 ELNO0 13 I 9ETp UK B2CROE il

f undame requency [err]. NMre specifica

a Nigh eSS dildehed R148 WO Re! Ray @ WHEAHENGK 1SRIPEARR! Sof Sttfe as
vi brato, contained in the- : e -

musical sound. These absolute value data are transmitted to
aﬁ fihite iﬁéulse_fésbonse (FIR).pre.digital.filter block-qr
FIR 5iock 55. This fIR block 55 acts.as.a_low pass filter,
the cut-off characteristics of which are determined by
'éupéiyihg_to the FIR block 55 filter gbefficienﬁs pfeviously
férﬁéd in_é LPF_coeff;ciehts géne;ati9n b1qqkf54 based on the
pﬁféh“data sﬁpplied Fo_an input_termigal 53.

 The filter charactexistiés are §p9§n in Fig: 8 as an
exampiélénd héﬁe zéfg_points;at_tﬁg ffequencies=of the
fﬁhdaﬁéntéi.téné_(at.é frequency f;) and -harmonic .overtones
of fhe musicél.éouna_signal. .For example, the envelope data
aé shown at B in.Figﬂ 5 may be detected from the musical
sound éigﬁal $hdﬁn ét A in Fig.-5'by_éttenuating.the
fréquencies ofxﬁhe.fghdamental tone and the overtones by the
FIR.filtér; f;he filter coéfficient cha:ééteristics are shown
by the formulg | _ _ . '_
Hif)=k-(sinCaf/6a)/6 a1
" wherein £y in&icatés the basic_frquen@y,or pitch of the

musical sound signal.
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envel ope corrected signal, and thence through a conb filter having
frequency characteristics shown by a chain-dotted line in Fig. 10, that is
t he f.requency characteristics having the frequency bands that are integer
~multiples of the fundamental.-  frequency [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 also passed
. if necesgary through a | ow pass filter (LPF) to renobve noise conponents
superinﬁg$ed on the output signal fromthe conb filter. That is,

i derr. | cal d si I 't f . '
et ument . as IS | PRRFAERGRabE SIRRFAHE I Er e ar LSS Gt L, 5 R
_ tant . i teh Lqhis | R :
ahlcgﬂs ags &i}{a %F’E‘ﬁggl Bg’l I |'n%n:¢1R EI gdsgﬁg té’%‘er gy c%%ggﬁf&?at i olns-%écgﬁrgﬂi n

the vicinity, -flégﬁéﬁmgmﬂ.ﬁl 1P SHANYp i RE" BatQr FeSRNEh8dwaYd hfepéheh

of the musical sou e Integer multiplé frequencies thereof .
Conversel y,.ydhgeN@hts SEFRWEHHmplede il calesbnih digghaleoa sainfml img

frequency distribution. Therefore, by passing the i nput nusi cal sound
signal thrdgfa aisoekpllielined.havi ng frequency characteristics shown by a
chain-dotted line in Fig. 10, only the frequency conponents that _are-
i nteger nultipl en ot £hestubdassnd 4| foregemeping |the loepingi atasothe
signal, that is, the tone conponents, are passed or enhancidgoﬁﬂﬁiﬁgf 85 er
conponenﬂs%ﬁvﬁoheﬂ&h$ value data of the sampled musica g
_ . are divided by data of the previously detected envelope
et waveform shown at B in Fig. 5 (or multiplied by a reciprocal
. of the data) to perform an envelope correction to produce
wave height value data of a waveform having a constant
amplitude as shown in Fig; 9. This envelobe corrected signal
or, more precisely, the corresponding wave height value data,
is filtered to produce a signal or, more precisely, tﬁé
corresponding wave height value data, which is attenuated at
~ other than the tone components, or in other words, enhanced
at the tone components. The tone components herein mean the
frequency components that are integer multiples of the
fundamental frequency f,. More specifically, the data is
passed 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

frequency bands that are integer multiples of the fundamental
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conponents or a portion of the noise are attenuated, so that the S/INratio
i s inmproved. The frequency characteristics of the conb-filter shown by a
chain-dotted line in Fig. 10 may be represented by the fornula 26 H(f)
[(cos(2[err] f/[err])+ 1)/2 ] [err] (12) wherein [err] indicates
t he 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 nusical sound signal, having the_noise
conponent reduced in this manner is supplied to the repetitive wavehotm

extracting circuit in which the nusical sound signal is féeeqiof %héV
sui t abl £ 7eguen¢Ye fignvasotth/oRaisS Ladtiss e PBSS RPUEndiheLEC % hown

in Fig. 2 and liedt d. d ecor.di | th
o con@RREPTBNGE CONHILARS b AT g SRk FE T Add oot ree.
t di h th -tor : ; I IR t
2t enUaP R PR POREE A s SORPRI et ofOF a8, PR thr LTy ooyt he
repet i Uie woyel,of £ damaien naicd fea LQORKRG WA S° T8 Baskeduance: Theer)

frequency characteristics of the HPF, the conb filter and the LPF are set

on the %Lﬁexﬁ%véhﬂo@gai ‘E:ofrifgﬁﬁi'kztﬁ{'.cé/ s@betipogld or theidwtpwint s geakct ed

det ecti on bl ock )
from the comb filter.

at the pit '

That is, considering a musical sOund-signal} such as the
sound of a musical instrument, as the input_signal, since the W
musicai sound sighal'uSually has a cbnstant'pitch-or tone
height, it has such frequency characteristic¢s in which, as
shown by a solid line in Fig. 10, energyeconCentration_qpcurs.
iﬁ the vicinity of the fundamental frequency f, corresponding
to the pitch of the musical sound and the integer multiple
:frequencies thereof. Convefsely,,the'noise Cbmponentsfin_
general are known to have a uniform'frequency'distribution.
Therefore, by passing the input musical sound signal through
a comb filter having frequency cherecteristics'shdwn bY'a
chain-dotted line iﬁfFig.10, only the frequency COmponents
that are integer multiples of the fundameﬁtal frequency £ of
the musical sound.signai, that is, the tone eomponents, are
passed or enhanced, whereas other compOnente_or non-tone
components or a portion of the noise are attenuated, so that
the S/N ratio is_improved. The frequeéency characteristics of

. the comb-filter shown-by_a chain-dotted line in Fig. 10 may

be represented by the formula
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The signal recordi ng nethod acconpani ed by above nentioned filtering is
expl ained in general terns by referring to*Fig. 11. At step Sl1, the basic
frequency [err] of the input anal og signal or the correspondi ng input

di gital signal for the nusical sound signal, or pitch data, is 27.
detected. At step S2, the input analog signal is filtered through a conb
filter, having the fundanental frequency band of the input signal and its
harnonlc conponents as the pass band, to produce an output analog signal or
“a digits W signal. At step S3, control Is made so that only the fundameént al
frequency band and frequency bauds of the harnonic bands of the input

anal og or di gi tHI(f=grialc ¢s (¥ &  Af b -t He) pds2 bdhd and th(k2kxtracted. At
step S4, the output signal is recorded on the recording medium Wth the
above desmwhnmbsmgﬁglnndxﬂanegytMEhﬁundam@nhﬁi(ﬁ#eqnendylQﬁxﬁh@dlnput
t hrough the conb filter allowi ng to pass the fundamental tone and.its

har noni ¢ oV} §8el cOFpORdIR s Tot AEU@ R&AY t IR t dkecdhpatane ntmet ionehe
non- tone conponent and part of the noise, are attenuated to inprove the

S/N ratio. °9’F\r€§§9f¥ﬁlq‘%oﬁb‘? E;henﬂéf-'-é’i‘l oFodRtekYal nirBA Hr Ehg navrBesdofn

noi se conpaonents ar Lg ped o ess t he | oopi ng nojse. Then, at the
| oopi ng dorfitFYettt F8fi GPB Tﬁg 1, a suitable repetitive waveform

domai n of the mugigal, SOU0) souna signal, having the noise component
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 eupplied-to'and
recorded on the recording medium, such~ae the'semicoﬁductor
: memory. The musical sound signal'data.recorded oﬁ'the
- storage medium has the non-tone component and.a part of the
- noise component attenuated so that the noise at the tlme of
. .repetitive reproductlon of the repetitive waveform domaln or
the looping noise may be reduced. | |
The freqhency characteristics of the HPF, the comb
S ~filter and the LPF are set on the basis of the basic
. frequency £y which is the pitch data detected at the pitch
~ detection block 12. ' . - ' |
"The signal recording method accompanied by above
- mentioned filtering is.explained in'genefal terms.b§
. referring to Fig. 11. At step S1, the basic freqﬁeney folof
_the input analog signal or the corresponding input digital

signal for the musical sound signal, er pitch data, is
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signal having the conponents other than the tone conponent attenuated by

t he above nentioned filtering is detected to establish the | ooping points,
that is, the looping start point LPS and the | ooping end point [err] In
mbre détail, at the detectidn block 16, the | ooping points are sel ected

whi ch are distant fromeach other by an 28  integer nmultiple of the
repetitive period corresponding to the pitch or interval of the nusical
sound signal. The principle of selecting the |ooping points is hereinafter
expl ai ned. Wien | oopi ng nusi cal sound data, the |ooping distance nusksbe an
i nteger nunmber multiple of the fundamental perjod which _is a reciprocal of
t he frequcmqteﬂrthktfahemﬂﬁﬂfﬂth%nénPu#hﬁﬂakggaﬁéﬁﬂﬁkﬂﬁﬁi%%ik%ﬁﬁ g the

pitch of the nusical sound, the_ | ogping distance cap be_deternined easily.
Thus ththtoughng(ﬂmewéélt%rprB@V&GQL%hﬁﬂéﬂqéamfﬂg?£Df§89ﬁ?§°§b25§§§apart
from each other by such di stancge . are.taken_out reel ati o

anal ogy©oéf thige inRjkI signe oFﬁ‘? ik s ARTARPAS §%g’fd9§£§n?\%o5%0?htes%i %rs

eval uated to establish the | | ] ceiBnbYPheals e uail of; jion
enpl oyi 6“90#& Lﬁ’ﬁ°§¥‘°oer %%ﬁ%?ﬁggogﬁ%?ééws%ﬁn%gsBgcta ?g 1%%52%13 ﬁggof t he

si gnal mvg@ggga t *}_E‘?e('tfb'ii t)s Ohaklee FHOVRatWOHIOF NtRel Eutnda mepltai Ned.
The operation of cdnvolution i's sequentially performed with respect to the
sets of £3ldqW@hBYySband and frequency bauds of the harmonic bands of
the input analoé or digital signal prove to be the pass-band
tand thus extracted, At step S4, thg output signal is ;;
recorded on the recording medium.

With the above described signal_recd;ding_method,-the
musical soﬁnd is passéd through the_comb'filterfallowing-tb
pass the fundamental tone and its harmonic overtones,
c§hpqnents 6ther than.thé tone components, that is, the non-

.tone component.;hd_part of the noise, are attenuated: to
iﬁprove the S/N ratio. 1In case-of_ldoping, musical-soﬁnd
ldata which are attenuated in noise components are looped ‘to
suppress the looping noise. _

Then, at the looping domain deteétion block 16 of Fig. ~’
1; a suitable repetiti;e waveform domain of the musical sound
sighal having the components other than the tone componént
attenuated by the above mentioned filtering“is detected to
eétébiish the looping points, that is, the looping start

thpoint LPg and the looping end point LPg.: -

In more detail, at the detection block f6,-the looping

points are selected which are distant from each other by an
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* t0 evaluate the correlation or analogy of the signal waveform 1In the

eval uation by convolution, the nusical sdund data are sequentially entered

to a sumof products unit made up of, for exanple, a digital signa

processing unit (DSP) as later described, and the convolution is conputed

at the sumof products unit and outputted. The set of two points at which

the convol ution becones maxi numis adopted as the | ooping start point

[err] and the looping end point [err]. In Fig. 12, with a candi date point

[err]sg3 the looping start point [err], a candidate point [err] for the

| oopi ng end point [err] wave hei ght data,[eyr%_&ern] at plural B Lntshtsuch
PRI FOh CIHTTPB °

as (2N+1) ipseaer melsidlseh, therrere tddiy
| oopi tart point d with hei ght . d s t
song nanbthe( 2 FhooOkAES Ty br otarthar i +Ra Lo At id: £ 3sEiAY - o o
t he | oopi ng.end, ppi nt LPE, .the .eval yati i Q .
ot er i neBEHp S HRLPoPy Se} 8PELRE LAY Aboblhl Wafts L) Hirdihacede |8

about the % EQ. Eﬁrr] and [err] as the center is to be-found fromthe
formul a (f %. “The "sets of the candidates [err] and [err] are sequentially

changed to fingald {88pioRpimysPeall ol (eh €8 , e hodwingsat etanseh
the eval uation function E Beconmes maxi num are adopted as the _

must be an integer number multiple of the fundamental period
. which is a reciprocal of the frequency of the fundamental
tone. Thus, by accurately identifying the pitch of the
musical sound, the looping distance can be determined easily.
Thus the looping distance is previously determined, two
points spaced apart from each other by such distance are
taken out and the correlation or analogy of the signal
wavefofmé in the vicinity of the two points is evaluated to
.establish the looping points. A typical evaluation function
employing convolution or sum of pfoducts 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
N/ - sequentially performed with respect to the sets of all points
to evaluate the correlation or analogy of the signal
waveform. In the evaluation by convolution, the musical
sound data are sequentially entered to a sum of prodﬁcté ﬁnit
. made up of, for example, a digital signal processing unit
(DSP) as later described, and the convolution is computed“at

the sum of products unit and outputted. The set of two

points at which the convolution becomes maximum is adopted as

29



-

Tooping points. The nethod of |east squares of errors nmay also be used to
find the | ooping points besides the-convolution nmethod. That is, the
candi date points [err] for the |ooping points by the nethod of |east
squares may be expressed by the formula (14) 30. N [err]

(14) 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 opti mum | ooping points may generally be applied to the
met hod for producing digital signals by digitizing anal og signals havéfg

the repetjii .i 0ds .t f ' tg, T | i ng™”
igital sFRRatebPAngo ke (HORY Phareaf Eng) 8QETR)RRLr Rl MRAY,
fl hart of Fi A3 Jdpnt I : L b8 . i Bl I
naving 1 epet |t FICRRer et E5 T e ey XY TRbiat, Bq, Of  SRTPOLREOT
composed SkaRlu'ili RRTRIES, £1aARTRAYS FoRntob PIrdLOLRY NcosoRg! Bnd

from eac e repetitive period of the ahalog signal is

ST o Bl 280, e Fingnt e aogiate g, e pakogpainagons

are found, at, s erSlgiurdile poiwte; sudhaojansl pfpdhets, before and
after the candidate point ap of the looping_start point LPg
and with wave;height.data'b_N, cee 7 b_z,:b_1,-b0, by, by,
.es ¢ by at the same number (2N+1) bf-poings before and after
the candidate point by of the looping end point LPg, the
évalﬁation function E(ao,_bo) at thié time is determined”by
the formula |

E(ao,bo).'_- (NZaubu)’/(Eau“Ebu’) ' ' (13)

k=-N k=-N k==-N

Thé:convOlut;oﬁ at or about the poipt,ao and by as the center
is fo be found ffom the formula:(13),.,The seté=of,the
Icandidatés ap and by are sequentially changed to:find all the
ldoping point candidates and th§ p9ints for which the
'.eﬁaluétion fﬁnction E becomes maximum are adopted as the

llooping points;
| Thé method of least squares of errdrs may also be used
nto.find the loopiﬁg'points besides the cdnvolution method.
Tha£ isL:the candidate points ag, boifor the looping pointg
'by the method of least sgquares may be expressed by the

formula (14)



5Bt are then noved within the effective neasurenment range, at step S14,
whil e the distance between the sanples is maintained, and the prescribed
eval uation functions of the values of the plural sanples in the vicinity of
the sanples at the points of the sets, which are been noved up to a
predet er mi ned nunber of times, are nmeasured. At step S15, the sanples at
the set of points having strong anal ogy or simlarity are determ ned
fron1the val ues of the evaluation functions. At step S16, plural sanples
bet ween thé two points showi ng the waveform analogy in the vicinity of the
sanpl es~of the thus established two points are extracted as the repetitive
data. Wth the above desc#i bed nethod for producing dIgILF* signals, the
val ues of the evédwabebr fukeki-ohs)df the sanples at eac ho sanpl es
spaced apart relatively fkdnfeach other by the repetltlve perlod of the
anal og signal and the sanples in thelr VICInIt ma found, to_gras t%%
mavefornlahalbgysopa§ﬁn1P&rﬁpfﬁﬁCQQ1 e H% Eﬁgaagapﬂ rﬂ%}

the pitch conversion ratig is . co I n the opp. _domai n detectlon bl ock
16 on the BB§|§VB#uﬁﬁé°P05ﬁqﬁf¥ﬂ rteﬁﬁﬁ?mefém ﬁﬁﬂ *the | oopi ng end point

[err] Th! S pltcg,ncon 5| oi%srg :w as giggtggﬁt t&%gxgta]% s‘ﬁofogﬁgcbbg@ngﬁﬁa

at the tinme of ectlon at ase correction

block 17 1 JWpidg FoRALE GAY SGeheRd11PBECRPRL I £B! ERENGd ERoA TS
producing digital signals by digitizing analog signals having
‘the repetitive periods to form looping data. The method for
'producing digital signais in general is hereinafter explaiped

- by referring to the flow chart of Fig. 13.

In the flow chart shown in Fig. 13, an ahalog 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 S12. The
-values of predetermined evaluation functions of plural
samples in the vicinity of the sample at each point of the
" ~ - .set are found at step S13; The samples at the points.of the
set are then moved within the effective measurement range, at
step S14, while the distance between the samples is
maintained, and the prescribed evaluation functione of.the
-- . . values of the plural samples in the vicinity of the semples
- at the points of the Sets, which are been moved'up to a
predetermined number of times, are measured. At step S15,

the samples at the set of points having strong analogy or
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“Vvarious sound source data when these data are stored in storage neans such
as the nenory. The above nentioned pitch data detected at the pitch
detection block 12 may be used in lieu of the pitch conversion ratio. The
pitch normalization process in the tine base correction block 17 is
expl ained by referring to Fig. 14. Figs. 14A and B show the nusical sound

si gnal waveform 32. before and after tine base conpanding,
respectively. The tinme axes of Figs. 14A and B are.guraduated by bl ocks for
quasi - instantanueous bit conpressing and encoding as |ater describef.:In

the waveform A before tinme base correction, the_|ooping domain LP is™
usual | y siohilathtedawet [datarmined. frenr the 19gluefe ofodihieRMARELIPP i s
ti me base conpanded so that the | ooping domain LP is an integer,nultiple
(mple) Minchdobisack l_h'én@tﬁ@mrSbﬁmcl@]a\éFPéd.samBll-e@op‘?ﬁ?jf”@&fgi _f:lhﬁs .%‘P’Eo
o o0 o nEebeha ¥ She PAre o aePeR.Eh BB, PRI i Or P
that tnamaes poEnihgerius nge ERBLERERRo o BV FR oy 1PRS eaieeddlasy (b
For b’ Bl FEpRRLRRTEY il opeL ey ned b ek ook ng oo 2 P of e
source data af;ihe tHdardvecaaseribed method for producing digital
signals, the valués of the eVaiuation functions;of:the
samples at each two samples Spaced'apart;rglatively-from each Q;
; other by the repetitive period of the analoé signal and the
samples in their vicinity may be found to grasp the waveform
analogy or similarity of these samples. |
Turning again to Fig. 1, the pitch conversion_ratio'is
- computed iﬁ the loop -domain detection block 16 on the_pasis
. of the looping start point LPg and the"lbapingiend point LPg.
This pitch conversion ratio is used as the time base
" correction data at the time of the time base correction at
the next time-base-correction block 17. This time base
correction is perfofmed for matching the pitcheS'of'the
various sound source data when these data are stored in
'storage means such as the memory. The-above'menfioned’pitch
data detected at the pitch detection block 12 may be used in
lieu of the pitch conversion ratio. B
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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Wave height value data "O' may be inserted in a offset T fromthe bl ock
boundary of the |eading end of the mnustcal ‘sound signal waveform caused by
such.tinme shift. These "O' data are used as pseudo data in order that |ower
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 conpression is in need of the initial value. A nore detailed

expl anatjon is given in connection .wth the data conpression operation
on the [lock-by-block basis shown in Fig. 21. Fig. 15 shows the structure

of a block for the wave_hei ght value data of the waveform after tine pase
correcti on bafiane iand df ee¥ cHimg wecmmémgaﬂae%m%%%mgf&é%t e€lme

descri bed. The nunber of ve i.ght value data for, 0 bl ock .(nunhe f
sanpl es or aWRYsYEE1gs-. ﬂ% ﬁi'@ecag?é‘,e p‘:f‘f’éﬁgﬁ(#r?a‘fi%{bejoﬁcggnglgsﬁ rSH{‘}atns?i"ma
base conpandin ereby the nunper_ of words.w t hi rdo f e

wavef or m ha?v‘?ﬁga\é‘mfc?)ﬁéﬁl%%?sp ’ng “‘[%'PP]reoggtl\#e& rrég”ld;a ﬁglt?u(?]gngi géngl later
maveformfﬂﬁﬁg1£{kf%g. 2, that is, within the |ooping period LP, will be an
integral n Sk Tple of or mtinmes the nunber of words h in the bl ock.

ore prefer ably, ot Rl §ahetati! i BELBIE0MS1 LS idld]| ERAEEt BECoEhE0

or shifting for. coinciding t start point [err] and the end point [err]
of the | oopid@pdnaelBnldih hep bl 9cks haunganstrediaeaa aldhelié lasks. In

When the points [érr] coincide in this manner with the

. Fig. 14B, the looping domain LP is time base companded so
- that the looping domain LP is an integer multiple (m-ple) of
the block length or block period. The looping domain is also
shifted 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 point LPg and
the end point LPé'of the looping domain LP will be at the
boundary of predetermined blocks, looping can be performed
for an integral numbér (m) of blocks to realize pitch

normalization of the source data at the time of recording.
e ~ © Wave height value data "0" may be inserted in a offset
T from the block boundary of the leading end of the musical
sound signal waveform caused by such time shift. These "0"
data are used as pseudo data in order that lower 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 need of the initial

- value. A more detailed explanation is given in connection
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bl ock boundary positioﬁs, It becones possible to reduce errors caused by
bl ock switching at the tine of decoding by the bit conpressing and encodi ng
system Referring to Fig. 15A, words [err] and W.PE each in one bl ock

i ndi cat e- sanpl es at the l'ooping--start point [err] and | ooping end point
[err] nmore precisely, the point inmmediately before [err], of the corrected
waveform Wien the shifting is not perforned; the | ooping start point

[err] and the | ooping end points LPE are not necessarily coincident with
t he bl ock boundary, so that, ‘as shown in Fig. 15B, the words WPS, WEPEE are

ot ndé bt R Bl B Sl artfon BIC g dfecRuBRInSEaRLC

fronrthé" s an m nunber of tines of the nunber

of words, bsiB ﬁﬂg"m qgk pig.beiing an integer, so that the pitch normalizing
is realized. The tine base conpandi ng of the nusical signal waveform

whereby the npgger 1¢f ¥RAUE VRS Btifict@pgi BF dnblodiP foreghal waven .
.integer nultiple of the nunber of words h in one bl ock, nmay be achi eved by
vari ous Heidiwesvatee @x88pbe, thie nvdformhatted Il mentagpsl adrngethonnave
hei ght val ue data of the sanpled waveform wth-the use of a filter for
over sanprhiigh Nsansibjectedehot bitl agnprepeiondanfl ancading assla&ersound
waveformis not a round nunber nultiple of the sanpling period such that an
of f set ideperdinat beTheemumbesa®f iRV eahe igh ghvadaaudatat €1 08pPng
Start_FKg{gc e{ﬂimggg g?agagkles or words) is h. in this case, ﬁitch.
normalization consists in time base,cpmpanding whereby_the
number of words within n periods of the waveform having a
~constant period Ty of the musical.sound signal waveform.shoﬁn
. in Fig. 2, that is, within the 1ooping'p§riod'LP, will be An
integral number multiple of or m times the number of wofas h
in the block. More preferably, the éitch.normalization
consists in time base processing or.shifting_for.coinciding
the start point LPg and the end point LPgp of the looping
domain LpP the block bqundary positions on the time axis.
When the points LPg, LPg qoincide_in_this manner.with.the
block boundary positions, it becomes possible to reduce ;}
errors caused by block switching at £he£time of decoding by
the bit combressing.and encpding system.  -
) | Referring to Fig. 15A, words WLPg and WLPg each in one
block indicate samples at the-loopingmétart_point LPg and
looping end_point LPg, more precisely, the point immediately
~before LPg, of the corrected waveform. When the shifting is
| not performed, the looping start point_LPS and_the looping

3¢



t'He | oopi ng end point [err] the wave height value coinciding with the
sanpling wave hei ght value at the sanpling'start point [err] may be found
in the vicinity of the |ooping end point. LPE, by interpolation with the use
of, for exanple, oversanpling, to realize the |ooping period, which is not
a round nunber nmultiple of the sanpling period when the interpolating
sanple is also included. Such |ooping period, which is not a round nunber
multiple of the sanpling period, may be set .so as to be an integer
nultiple;gf t he bl ock period by the above described tinme base correcting

oper ati on. C ti e | ' erfQr | : or
exanple, 2 -p|§8§92?s%%§¢¥¥§ éﬁg?ﬁggégﬁ%#%% sgﬁdgigéﬂ#rkéﬁﬁegﬁgt%ébc
|l oopi ng st | [eLr d e I B Pek At ce

1/ 256 to r 2%‘?%%? egérrii:)%t il %%plshgggeg?‘ogggfi g';’.g'A#tBEr Wt%ﬁreéﬁeovf)%ﬂg'g gé‘% n
LP is det ergggesgle 8ndtsabbethare§ bt e ikans wPEREA! LAR Bl ocH@ANddWeder,
nment i oned herei nabove, the | ooping domains LP are connected to one anot her
as shown i rtire hunkBekrOofl WBUES £ thelaidrd M UP g 16o Hesw 6 hE. WLEGP idatd

wavef orm obti aned by taking out only the | ooping domain LP fromthe tine
base correq esumsicaf sbime sinefohen shober rofFigor@4Bhada ameayplock, m
plurality of such | ooping domains LP in juxtaposition to one another. The
| oopi ng datkeir@ cdnrimteges: aspedhat £heodmitrh neumelieing bsosealizgd.
sequentially coq&%gt%gget@%J;ﬂgﬁé&ggggngoégtihe musical signal waveform
whereby the number of words within the looping domain LP is
equal to an integer multiple of the number of words h in one
- block, may be achieved by various methods. For example, it
may be achieved bx_inﬁerpolating the wave height value data
of the sampled waveform, with the use of a filter for
oversampling. |

Meanwhile, when the looping*periéd of an actual musical

sound waveform is not a round number multiple of the sémpling
period such that an offset is produced between the sampling
wave height value at the looping start point LPg and that at
L/ - the looping end point LPg, the wave height value coinciding
with the sampling wave height value at the sampling start

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 looping period, which is not a

. round number multiple of the sampling pefiod when the

interpolating sample is also included. Such looping period,

“which is not a round number multiple of the sampling period,
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LPE of a given one of the |ooping domains LP with the |ooping start point
[err] of another |ooping donmain LP. Since these |oop data are fornmed by
connecting the | oop domains L a nunber of times, the start block including
the word [err] corresponding to the |ooping start point [err] of the |oop
data waveform (see Fig. 15) is directly preceded by the data of the end

bl ock including the word [err] corresponding to the | ooping end point LPE,
nore precisely,. the point imediately before the point [err]. As a
principle, in order for an encoding to be perforned for bit_conpreségﬁn and
encodi ng, at |east the end bl ock nust,k be present _jyst. ahead,of the S¥sd

bl ock omawhee o8@ithFRAoRd T+ FPeo e LRERIST %Péjtdé%‘r a‘PEy;t%:ﬁ bheek

bit conpression a encodi ng on _t.he bl.ock-by-blo SkSwnl r ers
for t hgg?c'é?@ gYoEE? ?&Qtvei ,esﬁﬁig’q.#s)etd”?%?g%% g%ﬁ%rgégpgnlggneg% etflicrgé{d”l ng
for each bl ock, fqr. ex e, ' fd | Selegt | d WJdd. be
subseq ugﬂt F?saegcr 5ed ?g%%gdcéﬁ%%hbﬁg‘n%rinée %\fﬁtggag?ghog h%a?% eofAﬂt'he
start t 1Bl,06¢% _ giS S Iy, A8 W& vPPhbedH® vhBuease
mhereiﬁggﬁegﬁﬁéﬁgép'sgﬁﬁ% %?Sna! conéigﬁfﬁgyonly of Ioop_da?é and dgvoid of
a formeglrgs PERTRIEHHY WESFInPesta st Us8EInBSLPRCaRAURHeS 2UBPE ngBEnD
doing, the sanme data are present for several sanples before and after each
of the bgepitNd. Kt anbhyPBetréQuiledntot h¢ 25@piagread i nhofer rgmooth
Therefore, the rameters for : _

looping reproduction.

After the looping domain LP is détermined and subjected W
to time base correction or companding as mentioned .
~hereinabove, the looping domains LP'are-connected'to'bhé
another as shown in Fig. 16 to produce looping data. fig; 16
shows the. loop data waveform obtianed by taking out Only_fhé'
looping domain LP from the time base corrected musical sound
waveform shown-in'Fig; 14B and,arréying'a pluralify of éuéh
looping domains. LP in juxtaposition to ohe another. The
looping data'waveform is obtained aﬁ a 1odp data generating
block 21 by sequentially connectiﬁg the Iooping end points
LPp of a given one of the looping domai'n-ls' LP with the loopin'g o
~start point LPg of anbther looping domain LP.
Since theée_lodp data are formed by connecting the loop
domains L a number of times, the start block including the
word WLPg correspondiﬁg to the loopingiStart point'LPS'of the
loop data waveform (see Fig. 15) is directly preceded by the
data of the end block including the word WLPg corresponding

to the looping end point LPp, more precisely, the point
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bit conpression and encoding in the bl ocks inmedi ately precedi ng these
points [err] and LPE are the sane so that error or noises at the tine of
| oopi ng reproduction upon decoding nmay be reduced. Thus the nusical sound
dat a obt ai hed upon | oopi ng reproduction are stable and free of junction
noi ses. In the present enbodi nent, about 500 sanples of the data are
contained in the | ooping domain LP just ahead of the starting block. 37
In the process of signal data generation for the format portion FR -
envel opg_gorrection is performed at the block 18, as at the block 14 used
at the ti'me of |ooping data generation. The envel ope correction at this
tine i s perimmestidyelyvbeifuye theappiot Fls.caRssaundisigilepyinperder
envel ope waveform (Fig. 6) consisting only of the decay rate data to .
pfoduce thefomvaenmanhodingctdabs @erferfaiefatoraPhf CANREGSFIIR sAG
in Fig. 17. Thus, in the output signal, of Fig. 17, only _the envel ope % e
attack portenAcdimdw atheled2ft $he §“|de%tl%gl'8u8tthg’F ﬁ&’aﬁe&g 36#%90?9 RS
constant anplitude. .The enyel gpe corrected si aé is filigr q% ld stored
necessary, 2f Fﬁ& SRkt 1g¥°°I?—°8r°%ci{%8rFrlﬁé’pa’tg§lh oﬂsaolblk %g %t esé(-:oﬁbofrﬁ ter
having frequency charagt.eristics,sh 0 egggplc%n&iég},ei&pagﬁddgh%@ilﬂ e
in Fig. 190#gr3nﬁle&?§(?iﬁ'7hiéséc§h ?’:ﬁﬁéeré%as such Trequency g
characterisgi canbhgh JAE-HyeBYYWY basis, the parameters for the start
block, that is, data used for bit compression and encoding
" for each block, for example, ranging or filter selecting data
as will be subsequently described, need only be formed on the
. basis of data of the start and the end blocks. This
technique may also be applied to the case wherein the musical
. sound signal consisting only of loop data and devoid of a
' formant as éubsequently described is used as the sound
~ source.’

By so doing, the same data are present for several
samples before and after each of the looping start point LPg
and the looping end point LPg. Therefore, the parameters'for

N bit compression and encoding in the blocks immediately
preceding these points LPg and LPg are the same so that error
or noises.at'the time of'looping reproductioﬁ upon decoding

" may be reduced. Thus the musical sound data obtained upon

- looping reproduction are stable and free of junction noises.

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

contained in the looping domain LP just ahead of the starting

‘block.
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band conponents that are whole nunber nultiples of the fundanental
frequency [err] are enhanced, whereas, by conparison, the non-tone
conponents are attenuated. The frequency characteristics of the conb
filter are al so established on the basis of the pitch data (fundament al
frequency [err]) detected at the pitch detection block 12. These data are
used for producing signal data of the formant portion in the sound source
data ultimately recorded on the .storage nmedi um such as-the nenory. 38

In the next block 20, tine base correction S|n1Iar to that perfornedgﬁp the
of "thi's ti me" EAcEPBOPFBRERAn ot TPAL ARt ST ”erﬁéﬂ?ﬁarg‘ﬁﬁehs&?néﬁ’r he
Conver o1 Bt FEPR UF RoLRAVERORE, rxeb g el%‘)”r%é%f?’?'ﬁgéa?ﬁf HbBCEEEEN 1 dme

o ook, agl bd MR L Bhocks 2 d e d0T BHY RO ORCREDLR BheTS,

data, argefFexas§@Ge! he&»heFOénwbowlegnae@emmgaw NdRWsl St gl 1 ¢ to

t he fornant portion generating signal fromthe bl ock. 20, a‘fade-out type
signal despgorged by WiV dIng fthe Wean®led ombisithiedowntinsibaallony ddea is
formed, a simlar Hammi ng window is applied to the | oop data fronlthe bl ock
20, a faeiwehopgzp_waylegmajm | (Rireasé Ngconsisting only of the decay rate

‘data to produce the wave height_vaiue,data of.thezsignal
having_thejaneform_shown in Fig. 17. :Thus, in the outpﬁt ' t)
signal of Fig._l?,'only the envelope of the attack portion
- during the_time_TA.is left while otherzpertions are of the
constant amplitude.. | .“
1 The envelope cqrreCted.signal_is_filtered,.if necessary,
~at the block 19. For filterihg at thejb;ock“19, the domb
filter having frequeney eharacteristies shown for example by
.,thg chain dotted line in Fig. 10 is employed. ‘This comb
fi;ter has such freqqency characteristics'that”the_frequency
band components that are whole number_multiples_qf;ﬁhe
fgndamental frequency fO are enhanced;_whereastrby \J
_ comparison,_the;non-tone eompOnents-areiattenuateda The
.frequepcy characteristics of"the Cqmb filter are'also
established on therbasis of the pitch data (fundamental
lfrequency fj) detected at the pitch-detection bleck 12.
:These data are used for produc1ng 51gna1 data of the formant
portlon in the sound source data ultlmately recorded on the

storage medium, such as the memory.
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‘'Wwith tinme at the portion to be mxed wth the formant signal is fornmed and
the two signals are m xed (or cross-faded) to produce a nusical sound
signal which will ultimately prove to be the sound source data. As the | oop
data to be stored in the storage medium such as menmory, data of a | ooping
domai n spaced to sone extent fromthe cross-faded portion may be taken out
to reduce the noise during | ooping reproduction (looping noise). In this
manner ,; wave hei ght val ue data of a sound source signal consisting of the

| oopi ng_gomain LP which is the repetitive waveform portion consisting only
of the.  tone conponent and the formant portion FR which is a waveform
portion contai nifo K@ NnbRRE ADHEONRO} St imec bdde soprecgeimnasimilas to

produced, The starting point of the |oop data signal nay al so be connected

to the | ogpiay péaformedtinfthéecblockant? fis rpewfergesd .orrdthedeformantt he

| oopi ng domain, |ooping or mxing the formant portion and the | oop data,
rough nm xipux € sopeglemremait bpgnedgna bper Theopuipaser pfl thbks i himehdPasaore
accurate processing is then perforned on the basis of the data on the

| oopi ng psiormectinn is ta matebprhgneraprligs the alibchaf 1% HoRpPAYEnd

D e s e s oBRa 55 Y 55 SEnbaSPatom Ty HeEL o it K PHRC)

trial heagégbégsgg%ﬂég@gg lgdhéhfn the block 16 or the pitch data

detected in the block 12.

W ' In the mixing block 22, the formant portion generating
data and the loop data,'correctéd by using the séme pitch
conversion ratio or pitch data, are mixed togethef. For such
hixingq a Hamming window is applied-to the formant portion

.-éeneréting signal from the block 20, a fade-out tybe signal

 decaying with time at the.portion to be mixed'with'the loop

':éata is fofmed; a similar Hamming window is appiied to the
'ioop data from the block 20, a fade-in type signal increasing

"Qith time at the portioh to be mixed with the formant signal
is formed and the two signals are mixed (or cross-fadéd) to
produce a musical sound signal which will ultimately prove to
be the sound source data. As the loop data to be storéd in
the storage médium; 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 durinq looping reproduction

' (looping noise). In this manner, wave height value data.of a

‘sound source signal consisting of the looping domain LP which

is the repetitive waveform portion_ponéisting only of the
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Eﬁocedure shown in the flow chart of Fig. 18, after which the above

descri bed high definition procedure-is perfornmed at step S26 et seq.
Referring to Fig. 18, the |ooping points are detected at step S21 with | ow
definition by utilizing zero-crossing points of the signal waveform or
visual |y checking the indication of the signal waveform At step S22, the
wavef orm between the | ooping points is repeatedly reproduced by | ooping.

At the next step S23, it is checked by trial hearing whether the | ooping
is in sound state. |If otherw se, 40. the programreverts to steplszﬁ to
detect a t JaRQi €h&- formant gmrta OO IFR WAERIENCE d Wd .

until a gg??%#%??%geehﬁegﬁﬁt' I S obtaine If.-the result is-
sati sfactgy¥tibhe G6ARBIMA M PCeRsIs- tonst e@ofﬁip‘brvmets tdtnoav et e m ssunixed
such as by cross-fading- with the formant signal. At the next step S23, it

i s deci degehyratich, hear ipxpddustdier the shifting fromthe formant to the

| oopi ng has been in sound state. If otherw se, the progranlproceeds to step
S24 for re-m xThg. sthe torog rped nhepfpthcedaop cd%tepssseaflhérevt%sm L
definition | oop domain detection at the bl ock .16 j s, perforned

detai |, GumaeeiadoFor (5 dSPRARA HEFRE ROTAS £8P RARth ESERAPE.

for exanple op domai n detection at the definition of 1/256 of the -

sanpl i ng %%Q?% in case of, for exanple, 256-ple oversanpling. At the

For detecting the looping domain, looping or mixing the

formant portion and the loop data, rough mixing is performed
by manual operation with trial hearing and a more accurate
proce551ng is then performed on the basis of the data on the
looping points, that is, the looping start point LPg and the
1ooping end p01nt LPE. | _ _
| ‘That is, before more.pre01se loop domain detectlon in
-the block 16, loop domain detection and mixing is performed
by manual operation Wlth trial hearing in accordance with the
procedure shown in the flow chart of Fig. 18, after which the
above described high definition procedure is performed at
step S26 et seq. _ . -
Referring to Fig. 18, the'looping points are detected;at
step 521 with low definition by'utilizing zere—crossing
points of the.signal waveform ortvisually checking@the
indication'of the signal waveform. At step S§22, the waweform
between the looping points 1is repeatedly reproducedﬁby
looping. At the.next step 823, it is checked.by trial
hearing whether the looping is in sound state. If_otherwise,

LO.



nexXt step S27, the pitch conversion ratio for pitch normalization is
conputed. At the next step S28, tinme base correction at the blocks 17 and
20 is perforoped. At the next step S29, | oop data generation at the block 21
is perfornmed. At the next step S30, mxing of the block 22 is perforned.
The operations since the step:S26 are perforned with the use of the | ooping
points obtained at the steps S21 to S25. The steps S21 to S25 may be
omitted for fully automating the | ooping. The wave hei ght value data of the
signal-Q@psisting of the formant portion FR and the | ooping domain LP,
obtained™ upon such mixing, are processed at the next block 23 by N
conpr essi ortlembeogrdimgeverhsufe shep$2 bito dapeetsadgimbhandRprPyng
systens may be enpl oyed, a quasi-instant conpanding type high effici,enc
encodi ng sypREnts.as Bhdgosedesy bipnpl e KEAURBELgNEE irprﬁﬁ’?n%g\?ﬁ P‘éf‘%ﬂ'tei 4
KOKAI Publications 62-008629 and ,62-003516, i.n i ch pr gdet ermi ned, nupher
of h-sanpl &HbLESLDFEREL tﬁ?@H’S‘fval’i'f'e & ér"(f\,%'r oupga iﬁgg ngcﬁ(ugﬁd e

sublected 0 L eeALEsS! O b LIS ROk Bl e baaERy RAF Uiie che
Gystem [ o FOr e e e B e O BT ey 35 Cat

the reprodycigys i deat the Mexe Beephb283l Y& is decided by trial hearing

whether the shifting from the formant to the looping has been

in sound state. If otherwise, the program proceeds to step

S24 for re-mixing. The program then proceeds to étep S26

where the high definition loop domain detection at the block

16 is performed. In more detail, deteqﬁibn of the loop

domain including the interpolating sample,.for example, loop

' domain detection at the definition of 1/256 of the sampling

" period in case of, for example, 256-p1e oversampling. At”the

next step 827, the pitch conversion ratio fof pitch

normalization is computed. At the next step 828,“time base

correction at the blocks 17 and 20 is performed. At the next

N step S29, loop data generation at the block 21 is performed.

" At the next step S30, mixing of the block 22 is performed.

The operations since the step S26 are performed with the use

- of the looping points obtained at the steps $21 to $25. The

steps S21 to S25 may be omitted for fully automating-the

" looping. ' |
The wave height value data of the signai consisting of

"the formant portion FR and the ldoping domain LP, obtained

G



data x(n) of the sound source signal is supplied to an input termnal 71 of °
t he encoder 70. The wave hei ght value data x(n) of the input signal are
suppliedsto a FIR type digital filter 74 fornmed by, a predictor 72 and a
summ ng-point 73. The wave hei ght value data x(n) of the prediction signal
fromthe predictor 72 is supplied as a subtraction signal to the sunm ng
point 73. At the sunm ng point 73, the prediction signal x(n) is

subtracted .fromthe input signal x(n) to produce a prediction errorfgignal

or a differential output d(n) in the broad sense of the term The {J}

pr edi CtxPﬁSoKZsEeﬁpHﬁ%@iﬁa? Rredplorb ysbdcad £he neit) HYSEkt 28 Py BEES
conbi nati-on* of the past p nunber of inputs x(n-p), x(n-p+1l), ..., x(n-1).
The Fl Redhptessibéni anbeledtidogidq hereinafter as the encoding filter. Wth

t he above described high efficiency bit conpression and encodnig system
the sound sonIgRoW¥kilp wrciibtsnpiw idumpaepsddst ermd reicodimg slyatemss i nput
data consisting of a predeterm ned nunber h of words, are grouped into one
bl ocks,magpd béie esmpbdyeid,l t & - @nalwiv imys bpnitmuepsmanding styes drégh

sel ected for each block._ This nay be realized by providing a plurality of,
four foeEBikEhEINGY h@NAIRA NS FRRECBar a8t PFIPPESY nP¥dViEhe e BERPEBFect | ng

R T L T N NG

62-003516, in which a predetermined number of_h-samplglwords

of wave height value data are groupéd in a blpck and -
squedtéd to bit compression on the bldgk;hyfblock basis. ~
This high efficiency 5it cémpressiod_and_éncoding_system_is
brigfiy explainéd by refe:ring to Fig. 19. |

| In this figﬁré; the:bit cdmpression”and ehéqding_system
is formed by an encoder 70 at the ré_&:.o.r;di.n'g: side and a
dechér go.at tﬁg_reégoducinq side. _Thé_wavg height_va;ue
data xfﬁ) of.tﬁelsouhdlsoﬁrce signal_is sﬁpplied to,;n_inéut
tefminal 71.of the encoder 70.

The waﬁe height.valué data x(n)_of the_input signa}lgre
supplied to a FIR tYpe_digital filﬁer.74-formed_byia QJ
predictor 72 and a summing point.73. Thé wa&e-height_value
‘data X(n) of the prediction signal from the érediqtor 72 is
supplied as.a subtraction signal to the suﬁming_point 73. . At
the summing point 73, the prediction signal §Yn}_is-
subtracted from the inéut signal x(n) to produce a predict;cﬁ
error signal or a differgntial oufput d(n) in the.broad sénse

6f the term. The predictor 72 computes the predicted value

L2,



practice, the equivalent operation is usually achieved by storing a set of
coefficients of the predictor 72 of the encode filter 74 showmn in Fig. 19
ina.plurality of, herein four, sets of coefficient nenories, and
time-divisionally switching and selecting one of the coefficients of the
set.” The difference output d(n) as the predicted error is transmtted via
summing point 81 to a bit conpressor consisting of a gain Gshifter 75 and
a quantizer 76 where a conpression or ranging is performed so that the

i ndex par} and t he nantlssa part under the floating decimal point notation

correspond to the ain G and_ the output fromthe quantizer 76,
respecti vel g{“s the Rrimpasny gePhdnatin o pé'-rh‘%r?l%ﬁtl R M“@:‘hei'h@f

[ f b h h f 75 b f b
LS"E‘&SS&?&%‘?' i wﬁ%sﬁérx‘g@ ha=a J@Z@Eﬁ #%uﬁﬁérg rt?ﬁf:??

h [ { t n er e noi se shapin
Ei?cu:: ?7”ﬁ{?€ﬁ%§a?éséﬁgﬁgﬁaﬁ§ﬁﬁe%%¢§h(ﬁghf?ééﬂﬁ Eh%FSﬁ ?r[or betwgeng
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point 81 as a subtraction signal by to performa so-cal
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f eedback by : _
predetermined number h of words, are grouped into one blocks,
" and the encode filter 74 having optimum characteristics are
- selected for each block. This may be realized by providing a
'plurality of, four for example, having different
-characteristics in 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 equivélent operation is usually achieved By
storing a set of coefficients of the predictor 72 of the
encode filter 74 shown in Fig. 19 in a plurality of, herein
. four, sets of coefficient memories, and time-divisionally
N .- switching and selecting one of the coefficients of the set.
The difference output d(n) as the predicted.errér 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 paft 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

4“2,



t he noi s
t er m nal
‘output d
thé nois

e shaping circuit 77, an output a(n) is taken out at an out put

82. The output d'(n) fromthe :summ ng point 81 is the difference

(n) less the prediction signal e(n)of the quantization error from

e shaping circuit 77, whereas the output d"(n) fromthe gain G

shifter 75 is the output d' (n) fromthe output summng point 81 nultipled

by the g

e(n) pro
is taken
passi ng

ain G On the other hand, the output d(n) fromthe quantizer 16 is
“the sumof the output d"(n) fromthe shifter 75 and the quantization grror
duced during the quantization process, The quantization errof_g(n)
er

. out atthe sunmm ng point 78 of the noise shaping circuit 777%
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t termmnal 87, whereas range data for deternmning the bit shift
qantiz 48i88 Eravk [KEtvedr e @wubnut aad aMe timpati bfedHe

qﬁantizer.?G_is.producéd-at the summing point 81 and

transmitted via a gain G‘llshifter 79 to a predictor 80. and

the prediction signal of the'qﬁantization.error is fed back

to the summing point 81 as a subtraction signal by to per-fo'.:fm _

a so-called er;or'feedbgck=opérétion; After such re-
quantizétion by the quantizer_76fand_the error feedback by
the noise shaping circuit 77, én outpﬁt_a(n)-isftaken put;aﬁ
an output terminal 82. | |

The output d'(n) from the summing point 81 ‘is the

_difference_output d(n) less the predictidn;signal'gkn) of the

quantization 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.pbint_81 multipled by the gain

G. On the other hand, the output a(n) from the -qﬁantizer*] 6
is the sum of thé output d"(n) from the shifter 75 and.the
quantization 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 thrqugh the gain G'1 shifter 79.and the predictor 80

ey
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shitfters 75, 79 and to an output terminal 86. The input termnal 91 of the
decoder 90 at the reproducing side is suppliied with the signal d' (n) which
i s obtained by transmtting, or recording and reproducing the output d(n)
fromthe output term nal 82 of the encoder 70. This input signal d (n) is
supplied to a sunm ng point 93 via a gain [err] shifter 92. The out put
X'"(n) fromthe sunm ng -point 93 is supplied to a predictor 94 and thereby
turned into a prediction signal x(n), which then is supplied to the summ ng
poi nt 93 and summed to the output d"(n) fromthe shifter 92. - This sum
signal S outputted as a decode output x'(n) at an output termnal 95 The
range dat atakdndethedepsimaxy scombinatden e@f the 2ask ( EetumBpr o

recorded and reproduced at the output term nals 8, 87 qf the_encoder .70
are enterednPdtsputther Guantiggtion (ergpr d@é&gerlﬁlf{uﬁ?ﬁdr a’rfbgodat[lée

fromthe input .termnal, 96 are transmited to.t.h | fter. to determ ne
the gain pgﬁgﬁé%1QMuﬁ%§&?fh8(ﬂgd3 gkﬁ%c%%&ﬁﬁ%%%ﬁ%%%régf%%ht terninal 97
are transnitted Q.o Rifdifiole “debariBld’ Bdkdi il ShLPRLE8A] 24 | SbuRa.
These predictionc araé}erls [ 298P T he predictor 94 are selefted so as to

be equal tgggg 3 agotétmﬁspémgaogpfﬁ) epet Bat%w@%ﬂﬁrow tthd udboyLer

descri bed ( e out put ( romthe shif-ter 92 is the product
of the inpyp ahaNHaxdd DutdYat NEndabitpat kermPRath@2qt her hand, the out put

x'(n) from
From a predictionrange adaptive circuit 84, mode
‘selection data as the optimum filter selection data are
outputted and transmitted to, for example, the predictor 72
of the encode filter 74 and an output terminal 87, whereas
‘range data for determining the bit shift _.quantity or the
.gains G and G-V are also outputted and transmitted. to
shifters 75, 79 and to an output terminal 86.
The input términal 91 of the decoder ‘20 at the
reproducing side is supplied with the signal ﬁ'(n) which is
- obtained by transmitting, or recording and reproducing the
output a(n) from the output terminal 82 of the encoder . 70.
N This input signal SWun 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 supplied to the
. summing point 93 and summed to the output 3"“” from the
 shifter 92. This sum signal is outputted as a decode output
- X'(n) at an output terminal 95.

The range data and the mode select signal outputted,

s



“The summi ng point 93 is the sumof the output d"(n) fromthe shifter 92 and -
the prediction signal [err](n). Fig. 20 shows an exanpl e of one-bl ock
out put data fromthe bit conpressing encoder 70 which is conposed of -1-byte
header data (paranmeter data concerning conpression, or sub- data) RF and
8-byte sanpling data [err] to [err]. The header data RF is made up of the
4-bit range data, 2-bit node selection data or filter selection data and
two 1-bit flag data, such as data LI 'indicating the presence.or absence of
the |l oop and data El indicating whether the end bl ock of the maveforfﬁﬁ
negative. Each sanple of the wave height value data is represented &
bit conpasssrn tbed Puropi tisectbibd landanpkpsodfudedi tatlatthd eonltpwt [ err]
are contained in the 46  data [err] Fig. 21 shows each bl ock of the:
quasi - i ndmmi hgls t8€pmBessfdtared emcoded Vitdeake g tealede tiat dnput
corresponding to the | eading part of the musical sound signal waveform
shown .i tezingin®ls | 86Fi §7 2f, the \dadndemv20hei Bine vange data fromHed®d with
the excl usion.of the header. Although each block is fornmed by eight sanples
for sindnpitytefrmingdt rd6i exe i EransmbtEefndee by%ySBﬂﬁ&emuaﬁert%f
sanpl es, such as 16 sanpl es.. Thi.§ may, apply for the.case of Fjq.. . The
quasrd|ﬂﬁ%ﬁﬁ@ﬁ@%u§h9iBaéﬁnpre§%ﬁng‘ﬁmﬂ?gﬁ%oﬁhﬁgwo-e select dé{a:¥}om

the input terminal 97 are transmitted to a predictor 94 to

" determine predictibn'characteristiCS;.'These predictidﬁ
characterisfics of the predictor.94 ére seléCted so as tc be W,
equal to those of the predictor 72 of the encoder 70.

With the above described decédef 90; the'output 3"(n)
from the shifter 92 i the product of the input signal 4'(n)
by the gain G~1. On the other hand, thé oﬁtputlﬁf(h)'from
the summing point 93 is the sum of the bﬁtput 3"(n) from the
shifter 92 and the prediction signai‘;‘(n)f"
Fig. 20 shows aﬁ-example-of one-block output data from
the bit compressing encoder 70 which is composed of 1-byte
header data (parameter data-concerning'COMpréssibh,UOr:sub; .
data) RF and 8-byte sampling data DAO to Dpj. The'hééde£ A
 data RF is made up of the 4-bit range data, Q-Bit mode
selécfion'd&ta or filter selection data“énd tw6.14bit fIaéﬁ

"data, such as data LI indicating the presence or'absenéé: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 represented after bit compfeSsion by four"bits,hwhile

16 samples of_4-bit data Dpgy to Dp3y are contained in the

.



FJ ' . - . . .
system sel ects one of the strai ght PCM node consisting of directly
outputting the input nusical sound signal, :first order differential filter
node .or second order differential filter node each consisting of outputting
the nusical Sound signal by way of a filter, which will give signals having
t he hi ghest conpression ratio, to transmt nusical sound data which is the
out put signal. Wen sanpling and recordi ng a nusical sound on a storage
medi um such as a nenory, inputting of the waveform of the nusical sound is
startedaf- a sound generation start point KS. Wen the first or second

order di qieﬁéiﬁl f%ltﬁr node in need of an initial value should be
sel ect ed "at®? APst9PB3k since the sound generation start point KS, it

woul d be necessaig‘.yﬁgo et %*B% | Ny 4 L %ﬁéé‘diﬁsb& SER& Equlals 1 Si HVRWR 1 ¥ 'bi t

desirable that such initi val ue nmay pensed wth. For this reason

pseudo i npyoboaakaaVand dhddacdusRvhSi iRt Ibh1BEMdmde E6rPespahashe

Is affixed duri-ng the period preceding the sound generation start point KS
and signal §soeaeSilgadsngheaperbor vk shubiaial hesanAsalidpn sl gwalvee fbkn

be processed with the input data. Mre specifically, in Fig. 21, a bl ock
cont ai ni ng shdwnCinaBighe2pseldoFigpulisi gnalys the plaaceheaiwaid walubedadand
generation start point KS and the data "O' fromthe | eading part of the
bl ock are Hxecshpmasseiiths thiee egmuldioghoffthe header. Although each
| block is formed by eight samples for simplicity 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 quasi-instantaneous bit compressing and encoding
syglem selects one of the straight PCM mode consisting of
directly"éutputting the input musical sound signal, first
o:der differential filter mode or second 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
\_J which is the output signal.

When sampling and recording a musical sound on a storage
med;um, 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

G7.



data and entered as the input signal. This may be achieved by providing a

bl ock containing all "0" bits and storing it in a menory, or by starting
t he sanpljng of the nusical sound at the input signal containing all "O

bits ahead of the start point KS, that is, the silent part preceding the
sound generation. At |east one block of the pseudo input signal is
required in any case. The nusical sound data inclusive of the thus forned
pseudo input signals are conpressed by the high efficiency bit conpression
and encodi ng system shown in Fig. 19 and recorded in a suitable recofding

Thus.  WABF AR G T nind 5L CHERGS AT 36 | “%&%%eéiﬁéﬁﬁ?f%p%
! . ) _ L | _ o
epr oduSTion GPARI L ST 4d PO RAhARE RLER (PP RIS, Y, |

~becones g4EEARS BoM tRo88!t thhBel Blicd!tedh!iue 1 ffiixdd Ul i HBRthO pSetoqdary
differential filters in advance. There may be raised a question concerning
the del prddedbngstliel genadaigeanieshtibor i $€aky Pl PEEKE0 d MPUE iGrRl
upon starting the reproduction, which signal is silent since the data are
all zer prdeeeséng tild sthennperifoxomednisenttlsa icthewie [pgdwdoaspignel s
frequency of 32 kHz and with a 16- sanple bl ocks, the delay in the sound
gener at Wil dPeapmacessed with the input data. - - : '

More specifically, in Fig. 21, a block cqntaining_all
~"o" as.the pseudo input signals is placed-aheed of the.sound
generation start point KS and the data "0" from the leading
part o.f the block are bit compressed as the wave h_eight_' val:ue
data and entered as the input signal._ This may be achieved
by providing a blbck-containing-all'“0f5bits and storing it,
in a _m_enior_y, or by st.a_rtin-g the eamp-ling of the musical .SOund
‘at the input signal containing all "0" bits ahead of the
start point KS, that is, the silent part preceding the sound
generation. At least one bloek.of the pseudo. input signal is
requited'in_any case. . |
The musical sound data inclusive of the thus‘formede ;J
_ pseude input signals are compreseed_by the high efficienéy.
bit compressioneand encoding system shown in Fig. 19 and
recorded in a suitable recording medium, such as a memory,
‘and the thus compressed signal is reproduced.
Thus, when reproducing the musical sound data containing
the pseude input signal, the straight PCM mode is selected

for the filter upon starting the reproduction of the block of

3.



me®c whi ch cannot be discerned by the auditory sense. The above descri bed
bit conpression and encodi ng and other digital signal processing for sound
source data~generation is achieved in nany cases by a software techni que
using a digital signal processor (DSP). Fig. 22 shows, by way of an
exanpl e, the overall construction of an audi o processing unit (APU) 107 as
a sound source unit handling the sound source data, inclusive of peripheral -
devices. Jn this figure, a host conputer 104, provided in a custonary
personal>conputer, a digital. electronic nusical instrument or a TV gane
set, is-%ﬁnnected to the APU 107 as the sound -source unit, so that sound
sour ce dat a}pé epseaded ipnt tdisghads,ceppthart 1@ bewiameseunng crRFSa¥ie tAPY
107 is at least mainly conposed of -a central processing unit or CPU 103,
such as a rBeto-thecdssbtial dvgitaessi faxl phecRESMBF YD 1FICGRPLATY
menory 102 storing the sound source data. 49. Thus, at |east the sound
source dat alkffexentiali filkergeddr pAV@NCeInd a variety of processing

ti , i nclusi f d- ' |, af, th S ’
25:{2‘95?23 bi {‘Eea‘z‘ﬁ's%% SR8 I bFER BndusatAtT RO BPRR Y Fne g1 oh
addi ti on or ' b t . ;
ronory 105 $8S nPeBR SRR REoh Araz € AERSCPET Y Bludtli bl Shonal

ngggsgiggé@%ﬁ%SEEggﬁinéT@%éj¥éﬂfBﬁﬁﬁfﬁéﬁlSwhﬁ%hpgmdﬂgf5£§ §R08Rt efince
the data are all zero. However, this is not inconvenient
\_ since, with the sampling frequency of 32 kHz and with a 16~
| sample blocké, the delay 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 achieved in many cases by a software technique
using a digital signal procéssor (DSP). Fig. 22 shoWé} by
way of an example, the overall construction of an audio
processing unit (APU) 107 as a_sound source unit handling the

sound source data, inclusive of peripheral devices.

N ' In this figure, a host computer 104, provided in a
CuStoméry personal computer, a digital eléctronic musical
instrument or a TV game set, is connected 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.

-



operations perfornmed by the DSP 101. The digital nusical sound data,
ultimately produced after these various processing operations by the DSP
101 of the sound source data fromthe menory 102, is converted by a
digital-to-analog (D/A) converter 105 before being supplied to a-speaker
106. The present invention is not limted to the above descri bed

enbodi nents which are given only by way of illustration and exanpl es. For
exanpl @hke, sounek sstritee dedundrsobhoceedaia ahe sboreddéactheasemudi ment's
by connecting the formant portion and the | ooping domain to each otigs.
Howeverl 02 heapdesevan iweyt pén processipgl icperatinespas@tusdve raf”
sour.ce data consisting only of the [ooping domai ns. The decoder side
devi cerendtavtegoatngel modryheosound senrredate, grahnag Lroping
supplied as a ROM cartridge or adapter - CLAI M5 A signal rdi ng
nethodhkﬁp?#??ﬂf%ﬁﬁppylﬁf%ﬁ°Fﬁ&£9mePb§°§gﬁﬂﬂV%Fs&RQWmﬁPvéiﬁﬂ%J

onty ¢ AALETN aoPPLRRoAET BERE TR SRS SRS 800 Py iF Y o
bt o YR8 mORAE £ 8 SLDORTRLS WSk 65 et f&%iS.Jg@g? r#gsa;oduce

out put anaT og or extracting repetl ive omai ns of

Sa'd(MﬁérgofH@hQQtHESg'9%&@0&3§5¥$ébé%&ﬁ&bbﬁergtlons. The CPU 103

controls the contents or manner of these proce551ng

operatlons performed by the DSP 101.

The dlgltal mu31cal sound data, ultlmately produced
after these varlous proce551ng operatlons by the DSP 101 of
the sound source data_from the memory 102,_1s_converted by a.
digital-to-anaioé (ﬁ/A)'cdnverter 105 beforelbeing-supplied.
to a-speaker.106; - o ”

' mhe'preSent.invention'is not limrted”to the.ahove
described enhodinents.which are givenhonlj by_wéy of
illustration'andreXamples. For example,thensound source data
are formed in-the aboVe'described embodiments.by connecting
the formant portlon and the looplng domaln to each other. ﬁ)
However, the present 1nventlon may be applled to the case’ of
forming sound source data con51st1ng only of the looplng
domains. The decoder side devices or the external memory for
the sound source. da_'ta may also be suppliea_ as a ROM carltridge

or adapter.
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repetitive reproduction and recording said domains in a store. 2) A
signal recording nethod according to-cl-aim1 further conprising a nethod
for detecting the pitch of an anal og signal conprising subjecting an input
di gital signal produced upon digital conversion of said analog signal to
Fourier transformto produce a plucBAiMg of frequency conponents, matching
“the phases of said frequency conponents, again subjecting the signals to
Fourier gransform and detecting the periods of the peaks of the output

dat a. C > ALSi LRk c |.8g s L-ai fs ;n?r :
conpri sal)*rrg afrre%aa# g?g%%gg‘égﬁéggﬂ | g%g&glgéh I g%‘@?gﬁ%ﬁga%c&z{ erting an
anal 0g sy AP &£P&hH! igpﬁt""algﬁi‘.?fl‘ssi Qlag@:?! lond i led wppged of
~-plural sanpl®es al a predeterntned sanpling period, Tindi ng tHe val ues of

predet QAN LiGhaPltRPchYACAI £6RbOEIIRER! AAvihg? o1y HHd Yruaaaimt£f two
points relatively spaced apart by a repetitive period of said anal og
si gnal ,£xeghendy L!ii&hdtdfoéaidﬁﬁhgati &nallegysighally abd thdl fiRiduerkif
extracting plural sanples 51 etween two points of one-of said sets the
eval uatband foficiaxmenbdé cbmpbnents thereeofi adi the pass Pamisritaprodudet he
waveforns in the vicinity of said two points. 4) A signal recording
met hod axtpntlianpaleg coni digitalosignad s, hextresting mepetditjve wavefaoi ng
met hod conprisiqg se| ecting. one of . ]

domains of said output analog or digital signals suitable for

repetitive'reproduction and recording said domains in a store.

2) A signal recording method according to claim 1 further

comprising a method for detecting the pitch of an analog signal
comprising subjecting an input digital signal produced upon

digital conversion of said analog signal to Fourier transform
to produce a plurality of frequency components, matching the
phases of said frequency components, again sebjecting.the
signals to Fourier transform end detecting the periods of the

peaks of the output data.
3) A signal recording method according to claim 1 or 2 further

U comprising 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-
predetermined evaluation functions of 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 sets, and extracting plural samples

Sl
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a plurality of nodes consisting of directly outputting an input signal and
outputting an input signal through a fiiter, which wll give the out put

si gnal
si gnal

beweea t B i ?be&ttscoamr e6hkOoMnof akd.i AndettisangAbt td Vg1 hae iBH pgt _
uri ng

, said nmethod further conprising affixing to said input signal

a per ifathqiricoresli of) whécht Aatvepoialived indicafpinig shijghl samdawdey rpfit

signal which will cause the node of directly outputting the input signal

to

be  seltdit etk vedorpeodns theg viled nityuofsisgid tiweipsints.of sai d pseudo i nput

si gnal
furth
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mords,ségbéggﬁ?,?ﬁgigfnethod further conprising setting the nunber of the

vef orm data,conpri se f an . nunber of said periods
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conmpressi ng anda encodi'ng an n

compression rate, gnd transmitting the_output'Signal, said
method further comﬁrising affixing to_said input signal
dufing a period preceding the start poinﬁ of £he input signal
a pseudo input signél which will cause the mode of directly
outputting the input signal to be seleéfed;,and processing

the input signal inclusive of said_ﬁséudo'ihbut signal.

5) A signal recording method according to any preceding claim

further comprising a data compressing and-en¢oding method

comprising _ _
compressing and encoding waveform data having a constant

period, with cohpressing-encoding blocks) eéch consisting of
an h number of sample words, as units, said method further

comprising

setting the nuﬁber of the sample words of the waveform

data comprised of an n number of said periQGS'SO as to be m

times the number of words contained in each of said

compressing-encoding blocks, wherein h, n and m are natural .

numbers. : :
6) A signal recording method according to any one of claims

1

to 5 further comprising a waveform data compressing and encoding

method -

comprising compressing and encoding an n number of the

O



perlods of waveform data having constant periods wth conpressing-encodi ng
bl-ocks, each consisting of an h nunber .of sanple words as units, formng an

m nunber o e%a;agowieaﬁwgf%@ Uigad £ a5 LONANI Ngn0t Lertbal Sath o

bl ock and an “en | oC m-an elng na r ecordi ng

sai d conpr eagi e ancodi Qéfﬁgsb%cﬁ L eG ] B?oﬂ%ﬂ%ﬁf%xﬁ%gd dEEtRogd ‘}n‘Het:her

conprising formng parta ers o Sard’start adi's of data of
Sw(j5tart&¥”s§ﬂ$f&°9%§ds; ‘as units, forming ‘an m number of said
.Q“/compre551ng encodzng blocks containing at least a starting
block and an end block, h, m and n being natural numbers, and
recording said compressing-encoding blocks on a recording
‘medium, said method further comprising forming parameters for

said start block on the basis of data of said start and end

blocks.
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