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techni que which i1s I nation of the s
’ the mformatlon encoding method and apparatus, and an information

recording medium having the encoded information recorded thereon.
Description of the Related Art

There has so far been proposed an information recording
medium capable of recording signals such as the encoded acoustic
information or the music information (referred tro hereinafter as
audio signals), such as a magneto-optical disc. Among methods for
high-efficiency encoding of the audio signals, there are a so-called
transform coding which is a blocking frequency spectrum splitting
method of transforming a time-domain signal. into frequency domain
signals by orthogonal transform and encoding the spectral
components from one frequency band to another, and a sub-band
encoding (SBC) method, which is a non-blocking f;'equency spectrum
splitting method of splitting the time-domain audio signals into
plural frequency bands without blocking and encoding the resulting
signals of the frequency bands. There is also known a high-

efficiency encoding technique which is a combination of the sub-



2 band cadi ng and transform coding, in which case the tine domain signals
;are split-into plural frequency bands by SBC and the resulting band
‘signaks:are orthogonal transforned into spectral conponents which are
‘encoded from band to band. Anong -t he above-nentioned filters is a
'so-called QW filter as discussed in 1976, RE. Crochiere, Digital Coding
.of Speech in subbands, Bell Syst. Tech. J. Vol.55, No.8, 1976. This QW
filter splits the frequency spectrumintd two bands of equal bandwi dths

and is characpghd zesding tawad t$@n§_ﬁéhﬁdc@m@§i 78 Whid®lcd¥eOdHeednd) domain
‘subsequently synthesizing the split bands. The techni que of dividing the

frequency spesigmaisi arei spligsdadton plasephftéquatdyebirds biRoISBGasend the
Quadrature Filters- A New Subband Codi ng Technique, |CASSP 83 BOSTON.
This pol yphaessultingirband esignglseare ortbpgoanletrarsfarmedaintohes psatnal

can be split at a tine ingfp plural ban of .equal hand-w dt h. Anong
the above- neﬁ?ﬁ"&ﬁ@(fntfé’&%’rﬁkgﬂé% ery edg?‘E‘HB tothapdformis such a
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‘converting the 'signals fromthé time axis to the Trequency axis.

Di scussi ons ofutihe€nd 4DEE1] Fysst. FDeete Ji Voll 5B, NBregnaev6.amrhisAQME filter
Bradl ey, Subband/ Transform codi ng Using Filter Bank Designs Based on Tine

Domai n AliasisgliGantel fa¢quency Gi8SRraoBinto two bindheofilequel nband widthOFT

o T is usegn(?sisacﬁgggtderfi%d in that so-called aliasing is not produced on
subsequently synthesizing the split bands. The téchnique of dividing
the frequency spectrum is discussed in Joseph H. Rothweiler,
Polyphase Quadrature Filters- A New Subband Coding Technique,
ICASSP 83 BOSTON. This polyphase quadrature filter is
characterized in that the signal can be split at a time into plural
bands of e'qual band-width.

Among the above-mentioned techniques for orthogonal
transform is such a technique in which an input audio signal is
blocked every pre-set unit time, such as ever& frame, and discrete
Fourier transform (DFT), discrete cosine transform (DCT) or
modified DCT (MDCT) is applied to each block for converting the
signals from the time axis to the frequency.axis. Discussions of the
MDCT are found in J.P. ©Princen and A.B. Bradley,
Subband/Transform coding Using Filter Bank Designs Based on Time
Domain Aliasing Cancellation, ICASSP 1987.

-

If the above-mentioned DFT or DCT is used as a method for



3 .transfarm ng waveform signals into spectral signals, and transform is
rapplied based on a tine block conposed of M sanples, M independent

‘real -aunber data are obtained. It is noted that, for reducing junction
-distortions between tinme blocks, a given tine bock is usually overl apped
with ML sanples with both neighboring blocks, and Mreal-nunber data on an
average are quanti zed and encoded in DFT or DCT for  (MML) sanples. It is
:these Mreal -nunber data that are subseduently quantized and encoded.

On the ot her thansfo rinhirdg ev avefrmesighahednMGpétrabadgaals,aafidt hathsform
orthogonal transform M independent real-nunber data are obtained from 2M
‘sanpl es over liappo@litd hbassdmsiresa ofinpet bloglei ghbpasey t 0 freMbl seaple ThuM
in MDCT, Mreal-nunher data on an average are optained for Msanpl es and
‘subsequent | y 18d5RendERt aptrl-8NmYeY datag@gdrRd 2Rl c dt abti st for

‘el enments obtained.on. inyerse.transformin each block from t.he cades
obtaned by AEERCIGRaRnELEaR FiHAIO L Pert Rd bt I RkS s RS tgachB e bock
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~using MDCT in which, by overlapping with one half “of each of both

nei ghbori ng DBPTker DICGhsfoar {M-aMdarsamglesit Iwi ishthesadgMblregk nluanbéihsdatand
in which the nunber of the resulting z1;(Pectral signals is not increased

_beyond the nthatrrefsutregranginguantized sadpereodedcodi ng can be carri ed

rout with higher efficienc than jf.the DFT or DCT i,s used over, . since
‘the nei ghbo?i ng On the o¥her and, 1fI the above-mentioned MD%D’II’ ex's used as

a method for orthogonal transform, M independent real-number data

are obtained from 2M samples overlapped with N samples of both
neighboring time blocks. Thus, in MDCT, M real-number data on an
average are obtained for M samples and subsequently quantized and
encoded. A decoding device adds waveform elements obtained on
inverse transform in each block fro:il the codes obtained by MDCT
with interference for re-constructing the waveform signals.

In general, if a2 time block for transform is lengthened, the
spectrum fréduency resolution is improved such that the signal
energy 1is concentrated in specified frequency components.
Therefore, by using MDCT in which, by overlapping with one half
of each of both neighboring blocks, transform is carried out with
long block lengths, and in which the number of the resulting
spectral signals is not increased beyond the number of the original
time samples, encoding can be carried out with higher ’efficiency

than if the DFT or DCT is used. Moreover, since the neighboring



4 bl ocks shave sufficiently long overlap wwth each other, the inter- block
ydi stortion of the waveform signals can be reduced. However, if the
transtorm bl ock length for transformis |engthened, nore work area is
required for transform thus obstructing reduction in size of reproducing
Imeans. I n particular, use of a long transformblock at a tinme point when

I

it is difficult to raise the integration degree of a sem conductor should
‘be avoi ded since this increases the nanufacturing cost . By

quanti zi ng sibdoaks &Rvet shffieigitlyalosisequeriayp haitds edxhaothett aheolinter-
orthogonal transform the frequency band in which occurs the quantization
noi se can be bdogkr didtedtim tofathevcodifogmcwigbels aahi boexkdriced. However,
psychoacousti c higher efficiency by exploiting acoqustic characteristics
such as naskilﬁéhéfﬂ‘fééﬁg‘?fmlhl%qkei%f}@ﬂ‘agﬂ dprmuioam ds dengtibemed i mar ekt he
maxi mum val ues o va

f. the absql yt | t h ' . tsin th
‘respective b&ﬁag,'seﬁ?:e‘b‘ﬂ'irﬁa P%’:ﬁ’%’és%?m’g \ou \%b[sslﬁpgallnl%ogg n€$°§f #qnéf"é%(ﬂf.

“As frequency ] S, a | zj < nent.s,
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frequency SpgCiimgn ?b‘ﬁh i it aked ATTOMRt tOfraik b RS YR USh! fegree of
characteristics of the human auditory system Specifically, the audio

signals are di viemicondactopl shakildy bd , avedtiedassidee behids iuiregses the

“bandwi dt hs increasing with increasing frequency. These bands are known as
‘critical banasanufactyninglicegtt he band- based data, encoding is carried out -
by fixed or adaptive bit _allocation on {he band ba?i?. I n enc%di ng '
coefficient data BBt Audddizing signals split into plural frequency bands by a

filter or orthogonal transform, the frequency band in which occurs

R the quantization noise can be controlled so that encoding can be
achieved with psychoacoustic higher efficiency by exploiting
acoustic characteristics such as masking effects. If the signal
components are normalized with the maximum values of the absolute
values of the signal compone'nts in the respective bands, encoding
can be achieved with still higher efficiency.

As frequency band widths in case of quantizing the frequency
components, obtained on splitting the frequency spectrum, it is
known to split the frequency spectrum such as to take account of
the psychoacoustié characteristics of the human auditory system.
Specifically, the audio signals are divided into a plurality of, such
as 25, bands using bandwidths increasing with increasing frequency.
These bands are known as critical bands. In encoding the band-
based- data, encoding is carried out by fixed or ada}ptive bit

allocation on the band basis. In encoding coefficient data obtained



5 by MDCE processing by bit allocation as described above, encoding is by
ran adaptive nunber of bit allocation for band-based MDCT coefficients
obt ai med 'by bl ock-based MDCT processing. As these bit allocation
‘techni ques, there are known the following two techniques. For
‘exanpl'e, in R Zelinsky and P. Noll, Adaptive Transform Coding of Speech
Signals and in 'I|EEE Transactions of Acougtics, Speech and Signal

| Processing, vol. ASSP-25, No.4, August 1977, bit allocation is perforned
on the basis by MPC Tropricesséngfby hit kdhalcatibasas deisgnit ad abioivie,t émsoding
system the quantizatien noi se spectrum_ becones flat, such that the
quanti zati on 18 Ry &8 adapithy¢rinwaber phichisr allogation far beindebpsedi NPCT
not psychoacoustjically ogtinum, .because .t he cousti c, maski ng effect
o bt expt o aafrictents Gtadh T RS SR P Seh B 880 hEiny 1 b Hhfee
.coder- digital e ' of . t he .percep r i s.of t i tor
system M A rtasaggé)gé{\l/??' ,tet‘%gu gggho%gg}uest?ggnﬁ(swlé r%ggha#rq’?lsﬁﬁj?é Jé'eod

to determne t%cfhiﬂﬁdepj t allocation that produces the necessary
-signal -to-noise ratio for each critical band. However, if this technique

is used to neasur Fahexaaipsel, Sin B Belihskiyn@ndaPe NohQUA.dapaivePtidasform
results are obtained because of the fixed allocation of bits anpong the

critical bandSoding of SpreesheSignaksgandese ‘FEGE chegntdndiens sohHropossetics,
hi gh- efficiency encoding device in which a gortion of the total_ nunber
‘of bits usabl®peerb gnd JignrlProfesuingsapls HMSAPF2RedN0i4, Ameysst) HH7, bit

pattern pre-fled, from one 308hed?o8oknd B9 e n2 D bRl ST RY band-
based signals. With this system, the quantization noise spectrum
becomes flat, such that the quantization noise is minimized.
However, the actual noise feeling is not psychoacoustically optimum
because the psychoacoustic masking effect is not exploited.

In a publication ‘ICASSP 1980, The critical band coder—
digital encoding of the perceptual requirements of the auditory
system, M.A. Krasner, MIT’, the psychoacoustic masking mechanism
is used to determine a fixed bit allocation that produces the
necessary signal-to-noise ratio for each critical band. However, if
this technique is used to measure characteristics of a sine wave
input, non-optimum results are obtained because of the fixed
allocation of bits among the critical bands.

For overcoming these problems, theré is proposed a high-
efficiency encoding device in which a portion of the total number
of bits usable for bit allocation is used for a fixed bit allocation

-

pattern pre-fixed from one small block to another and the remaining



6 portion is used for bit allocation dependent on the signal anplitudes of
‘the respective blocks, and in which the bit nunber division ratio between
the fixed bit allocation and the bit allocation dependent on the signal
anplitudes is nade dependent on a signal related to an input signal, such
that the bit nunber division ratio to the fixed bit allocation becones

| arger the snoot her the signal spectrum This technique significantly
i nproves the signal-to-noise ratio on t h€ whol e by al |l ocating nore bits
‘'to a bl ock i pdutilongsarsegrhifor dit allsegrialn dppendeant exhiloe tsigyak empdituddsed
signal energy. By wusing the above techniques, for inproving the .

si gnal -t o- noicfetheatiespestityadierks: iaad, imarhish yhe Adt mumbeedlivasioas ratie

' d, b I he.. d ived b [ i ' ' di
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“hi gher encodin I clency can be achiev supposi ng t e encodi ng
‘device capahilddatibn bocsmepdadgegitiie si6oveer the signhNspbesi echni ques,
the customary practice is to find real- nunber reference values for bit
al l ocation, realiiig techniggradignificantl s émpravast drd signsl-as-doisedringio
-calculations as faithfully as ossible, and to_ use-integer values

“appr oxi mat i n@™ Hder evodpcky MP%IES almeEat bitspito nunbleak including a

particular signal spectrum exhibiting concentrated signal energy. By
using the above techniques, for improving the signal-to-noise ratio
characteristics, not only the measured values are increased, but also
the sound as perceived by the listener is improved in signal quality,
because the human auditory system is sensitive to signals having
acute spectral components.

A variety of different bit allocation techniques have been
proposed, and a model simulating the human auditory mechanism has
also become more elaborate, such that perceptually higher encoding
efficiency can be achieved supposing that the encoding device
capability is correspondingly improved.

In these techniques, the customary practice is to find real-
number reference values for bit allocation, realizing the signal-to-
noise characteristics as found by calculations as faithfully as
possible, and to use integer values approximating the reference
values as allocated bit numbers.

-

For constructing a real codestring, it suffices if the



For constwucting a real codestring, it suffices if the

.7 quantization fineness information and the normalization coefficient

i nformation are encoded with pre-set nunbers of bits, from one
‘nornalization/quanti zation band to another, and the normalized and

guanti zed spectral signal conponents are encoded. In the |1SO standard
(I1'SOTEC 11172-3:1993 (E), a993), there i g described a high-efficiency
tencodi ng systemin which the nunbers of bits representing the quantization
fineness infoAmantizatior Haengss 4afoomapioniamdetbatndrmeligasiommpefficient
anot her. Specjfjcally, the nunber, of bits representjng the quantjzation
fineness inf olHATBHIPE Si¢ €0gded; Jvith AseroidmMPERs (0 Bitss crog one
frequency. There.i -k t hod of ,deternd ni ng the_,.

quant 2t § on PPFRANGIPRIE FEEEERYh BaME I RsHRGTud0R. Bhy thspiRy iped and
exanpl e, the oRQhiRldd 3l atraPeliddiCHohpoRLHF | 0Fe ShEGRCUNCIRC!L 90

bet ween t he ormal 1 zati1'on coefficient I nformation and e quanti zation
fineness infeofaiddi@ (ISOVEEQUI LIR213 :MO9F (Bt h093) hakerdandardesdribed a
beconmes inpossible to introduce the quantization fineness control based on
a nore advanchiglpssffireneystemcaoxiog systlemi uie. whichddihtel omy mibferst hdr ebiits a
width in the conpression ratio to be realized, it becones necessary to set
the rel ation pepiRseRting ther qurnsiRatéon ciapness daformetip meaticonehrid @seto
guanti zation I’IRI’] ss i nf,ormation from one Forrpr tiog.to anqther.

There is al so ecenfe frQW BReLRIRG tParPal 8‘1e§§?%9é8%@§'ﬁ8F BHERSATGE
o ot 22 0ok S Eh8REo oBHAEE G088 A52hs
to be decreased with the increased frequency.

There is also known a method of determining the quantization
fineness information in the decoding device from, for example, the
normalization coefficient information. Since the relation between the
normalization coefficient information and the quantization fineness
information is set at the time of setting the standard, it becomes
impossible to introduce the quantization fineness control based on
a more advanced psychoacoustic model in future. In addition, if
there is a width in the compression ratio to be realized, it becomes
necessary to set the relation between the normalization coefficient
information and the quantization fineness information from one-
compression ratio to another.

There is also known a method of using variable length codes
for encoding for realization of more efficient encoding of quantized

spectral signal components, as described in D.A. Huffman, “A

Method for Construction of Minimum Redundancy Codes”, in Proc.



Met hod for Construction of M ninum Redundancy Codes", in Proc.

8 1.RE,, 40, p.1098 (1952). I n Japanese Patent application No.
7-500482 of the present Assignee, there is disclosed a nethod of
.separating perceptually critical tonal components, that is signa
conponents having the signal energy concentrated in the vicinity of a
specified frequency, fromthe spectral sggnals, and encoding the signal
rconponents separately fromthe remaining spectral conponents. This enabl es
audi o si gnal &-RoEbe 48: 10 -di0&k (y98R2oded with a high conpression ration

i th b i gl Iy deteriopating the. psych i d lity.
The ‘above- descri bad dAEBASRY TR QRed: CaHoBa ypi-SQOFgE rads Bher pidsent
hannel s of LiG S| : |
the-encod ng FEEEHR L EEY, ac SIELIANEN"R, Hefidl Qe Sty AflagHaTHy”

‘associ ated widhid1etbnal d6o mipRateditsaNthdthgs 5Pl CWARPShedts Okl ¢l ét’}ﬂ'he;h

a right-side speaker. The encoding techniques tan also be applied to
(L+R)/ 2 si gnaligabl ainagyobonsefitiditgdt e theChidingly d1da Rpdvirdd fhé giléh sy,

t oget her. The above- nentioned techniques may al so be applied to ?EH?@Z
and (L-R)/2 fsognatise f spectali zignplsf f Roderncentiogi nhe Mignahi tempdmwents
amount of data for encodi ng one-channel signals equal to one-half the data
-vol ume requi rsé@arateiyndapandditt I MHBGBE NP e AT al nwsoBRAMRNESs| dhas senables

TR TET N S S MM A Y R P L
signal s and ‘}a@%jﬁ vt/ﬂrhor_tftcg)ﬁgéﬁgtﬁaﬁl&v@ét‘é}}wming the psychoacoustic sound
quality.

The above-described encoding techniques can be applied to
respective channels of acoustic signals constructed by plural
channels. For example, the encoding techniques car; be applied to
each of the left channel associated with a left-side speaker and the
right channel associated with a right-side speaker. The encoding
techniques can also be applied to the (L+R)/2 signal obtained on
summing the L-channel and R-channel signals together. The above-
mentioned techniques may also be applied to (L+R)/2 and (L-R)/2
signals for realizing efficient encoding. Meanwhile, the amount of
data for encoding one-channel signals equal to one-half the data
volume required for independently encoding the two-channel signals
suffices. Thus, such a method of recording signals on a recording
medium is frequently used in which a mode for recording as one-
channel ﬁmnaural signals and a mode for recording as two-channel

stereo signals are readied and recording can be made as monaural



stereo signal s are readi ed and recording can be nmade as nonaur al

9 signals if it is required to make |ong-tinme recording. Meanwhi | e,
t he techniques of inproving the encoding efficiency -are currently
devel oped and introduced one after another, such that, if a standard

i ncluding a newy devel oped proper encoding technique is used, it becones
‘possi ble to make | onger recording or to @ffect recording of audio signals

of higher sound quality for the sanme recording time. In setting the

above- descri bdgnadanfiat ds raquirdedbharmekedong-timé gecpoedingli ng the fl ag

I nformati on concernning the standard on the__information recording_nmediumin

consi derati on t hatMeABWHikGdthe teaehnianespfimpaqving dhssnrrding effigiencyor

exanple, "0" or '1' ar ecqrded as.a_1-bit fl.ag_ informti when

Tt ety serfingirentyd Siinpethetedatiaphiceradnb REFRLRY ot Flph Bati ng

device conplap ] ] -andj, T [ . .

I nformati on il)sf 418;%(?&(&'1&5%&%?&tdhelevglyﬂiggg?éﬁgg ti oﬁ %%E&%Jé ?ﬁ%hms ugenal

is read out FRAyuEEP! ngﬁlbg?émwé‘fﬁv mftmoﬁl?l@@rﬁﬁd&diﬁgdbmd Rffect

accordance with the as-nodified standard. If the ag informationis '0',

and the repradtairdgngevifcaeudio abipndis ofehigiger vidund heuality i fdd theetsame
standard, the signal is read out and reproduced fromthe information
recordi ng nmedieg@rdangemgasi s of “the standard. |f the reproducing device

o Soena™ " ARGRS HOL SO B et e e
only for recording the flag information concerning the standard on the
information recording medium in consideration that the standard may
be modified or expanded in future. For example, ‘0’ or ‘1’ are
recorded as a 1-bit flag information when initially setting or
modifying the standard, respectively. The reproducing device
complying with the as-modified standard checks if the flag
information is ‘0’ or ‘1’ and, if this flag information is ‘1°, the
signal is read out and reproduced from the information recording
medium in accordance with the as-modified standard. If the flag
information is ‘0’, and the reproducing device is also in meeting
with the initially set standard, the signal is read out and reproduced
from the information recording mediut.r.l on the basis of the standard.
If the reproducing device is not in meeting with the initially set
standard, the signal is not reproduced.

However, if a reproducing device capable of reproducing only

the signals recorded by the standard once set (‘old standard’ or

“first encoding method’) is in widespread use, it is not possible with



the signals recorded by the standard once set ('old standard" or 'first
encoding nmethod') is in w despread use, it is not possible with

10 thiks reproduci ng device designed in nmeeting with the old standard to
reproduce an i nformation recordi ng medi umrecorded using an upper standard
.("new standard' or 'second encoding nmethod') which exploits an encoding
.system of higher efficiency, thus enbarrgssing the user of the device. The
‘reproduci ng devj ce capabl e of reproduci é only the signals recorded by the
st andard oncethist reproductnmdedce: depianed ispnsetinhgvitdvihe oldkisgardard
meeting wwth  the ol d, standar n particular, sone of tggéreproducing

.d . , _
devi ces at thE°tT"ribr°tdrfb°e foilke ‘é‘lfﬁﬁ'a&?’.cfl se.cé’él‘h{‘geﬁﬁ%ldﬁm f§QEGEEY SHREi Yhed
In neeting w Bppeg'h&a?lldQélﬁ;G%% glaf?&Eé&?’ggEdséggé&i{ ﬁgcé?gx%{@éfg%q’ﬁg&%gﬁd

-on the infornmatfon recor medi um and repro

assunption thainidigssSdPnalcodiggosfat e B (331 di ls i
‘encoded in accolr)da(ri]ge Wi th thle%glg st andar .K%}Stﬂ:"ggnﬁ’ m‘? %{:ﬁ?%ﬁjﬁgtsil%

recordi ng nedihgn haerbeen theordedcen aicor depesdwicidy tdwisew dpatlar dofi t
is not all reproducing devices designed in neeting wth the old standard
that can recogepradddiag ondy thd sigaalsomececdedi by thedistanbdasd beroe restoisied
in this manner. Thus, if the reproducing device designed in nmeeting wth
the old stanbereinedipinodeEmsed dereprodwnainsfedes: depignadiiignmeptinggwith
recorded thergi)n ii %?alg ii? meeting wth the new standard, on the
assunption t htte PA4 32aR8AET ng nedi um has recorded thereon the signals in

meeting with the opf b,Gat;cHigf, SbAWTkhd REpFoliichnd WWvices at the time the

old standard was set (reproducing devices designed in meeting with
- the old standard) disregard the flag information recorded on the
information recording medium and reproduce the signals on .the
assumption that the signals recorded on the recording medium are
all encoded in accordance with the old standard. That is, if the
information recording medium has been recorded in accordance with
the new standard, it is not all reproducing devices designed in
meeting with the old standard that can recognize that the
information recording medium has been recorded in this manner.
Thus, if the reproducing device designed in meeting with the old
standard reproduces the information recording medium, having
recorded thereon signals in meeting with the new standard, on the
assumption that the recording medium has recorded thereon the
signals in meeting with the optical disc standard, there ié a fear
that the device cannot operate normally or an objectionable noise

may be produced.



that the «device cannot operate normally or an objectionable noise nay be
pr oduced. On the other hand, if signals of different
standards, for exanple, signals of the old standard or those of the new
standard, are recorded sinultaneously on the sane recording nedium the
recording areas allocated to these two signals are correspondi ngly
‘decreased to render it difficult to maintgin the quality of the recorded
or reproduced signals. SUMVARY OF THE | NVENTI ON It is therefore an
obj ect of the pres@nt theveathiesn handsr dfi gégnsls iof odiffierent estaodiand snefoand

and apparatus and an inforati.o decodi ng, net hod and apparatus in which,
if codes of tfE2BPYS: §f%ﬂﬂ§?8faﬂtf (9§§e§t"d?d°trﬁe°ﬁe§/9%%"aﬁd§abe e (s4e8AaEd, on
.the sane recordi iU, Si f the g9l d standard can be reproduged
‘by the repro ueci‘Iri%c{{rggidcerp ‘H‘Z"'é?ﬂ‘gée‘?i“?‘ﬁ( ett?‘r?g svsa'\n"?‘g ?%ceoro lagstné%‘gﬁlr’a: the

whil e signal Srébfoﬁdfiﬁsr‘&i’\éa% AN A edndot sk olvd Qﬁiﬁ’iﬂ ife t rgﬁgﬁﬁéi\;ﬁgly

.reproduced by the reproducing device designed in eting w

‘standard, anddééresdiedn teoUrchdptalitt difRtert Qoatmeimidys tthe QAT NOf t{ife
signals of the different standards on the same recording medium-can be
reduced. reclardies! anaepeodobedctigmalshe present invention to provide an
-information recordi ng medi um used_in _conjunction with the information '

encodi ng net "D MMABRI ABRIBERVENTION mati on  decodi ng net hod and

appar at us. I.n .one aspect, theb. resent, i nvention provides an |
i nf or mation It is therefore an object of the present invention to provide an

information §ncoding method and apparatus and an information
decoding_ method and apparatus in which, if codes of the old
" standard and codes of the new standard are recorded on the same
recording medium, signals of the old standard can be reproduced by
the reproducing device designed in meeting with the old standard,
while signals of the new standard and those of the old standard can
_be reproduced by the reproducing device designed in meeting with
the new standard, and in which sound quality deterioration due to
recording the signals of the different standards on the same
recording medium can be reduced.

It is another object of the present invention to provide an
information recording medium wused in conjunction with the
information encoding method and apparatus and the information
decoding method and apparatus. |

In one aspect, the present invention provides an information
encoding method including encoding signals of a fractional portion

of a plural number of channels by a first encoding method for



encodi ng J4ret hod i ncl udi ng encodi ng signals of a fractional portion of a
,plural nunber of channels by a first encodi ng nethod for

12 generating first codestrings, encoding signals of the remaining portion
of the plural nunber of channels by a second encoding nethod for
-generating second codestrings and arraying the first codestrings and the
'second codestrings every frame or every plural franes, each frame bei ng of
‘a fixed size. In another aspect, ‘tthe present invention provides
an i nfor mat genecatiog nkjrsppeedestrings) udhagding r sigmlsodifng heeanesn dioring
encodi ng signals, of a_fractional portion of a plural_ nunber of @ channels by
a first enco@PRbiditdbdtoPlydad, apmher iafschagmeds r Prga, seserdngnerddarng

neans for encoQin i gnal s _of. the renaini portion of the IurgJ‘?1 nimber
of channel s BY &0 ei‘_&ﬁ&eé‘ﬁéﬁ i%s?@?ﬂ@cﬁ‘ds&t 'd‘eﬁfefﬁ?i ng%éﬁﬁﬁﬁgc gsfllr’isr‘igs
and codestri @Sd%rsiﬂﬁigﬁgaﬂﬁaﬂr% §@tond' EGYE iLgF %x}re;xﬁryég%ﬂ@s%{ 'e%%gagﬂula

e
.second codestrings every frane or every plur each fra elng of

a fixed sizeframes, ehBh Rali¥ bBRig dFPLEIxed BBz esent invention provides
an information decoding nethod including separating the encoded

i-nformation fornelnbyadfetisdr andpsecpondheodpsesemys inneatide fprotides an
codestrings and the second codestrings, the first codestrings being
signal s of aiffegmatnal epepdinghappasapiuingludinger fofstctmending maznsddrby

.a first encodi ng pethod for each of one or, nore, franes of a fixed, size and
t he second cSH‘égfiH‘&gé‘H)‘é”rlﬁg ig‘naf{rgcﬁ‘fm’taﬂepd’trl‘ig?n gﬁaﬁn@llgr%lnc‘ﬂb@éeby%

. second encod%ggngggshggé& egrcs?détpcaoéit}l% msqu%rdah?rdgfeing%ti%%dﬁ%ts ic% ets)>¥ri%gfsi,r3t

decodi ng et 0
second encoding means for encoding signals of the remaining portion

R of the plural number of channels by a second encoding method for
generating second codestrings and codestring arraying means for
arraying the first codestrings aﬁd the second codestrings every
frame or every plural frames, each frame being of a fixed size.

In a further aspect, the present invention provides an
information decoding method including separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, the first codestrings being
signals of a fractional portion of a plural number of channels
encoded by a first encoding method for each of one or more frames
of a fixed size and the second codestrings being signals of the other
channels encoded by a second encoding method, decoding the
separated first codestring by a first decoding method associated
with the first encoding method for generating first decode’d signals,

and decoding the separated second codestring by a second decoding



with the-first encoding nethod for generating fi.rst decoded signals, and

: decodi ng the separated second codestring by a second decodi ng

13 nethod associated with the second encoding nmethod for generating second
decoded si gnal s. In a further aspect, the present invention provides
an information decodi ng apparatus including codestring separating neans
for separating the encoded information fogned by first and second
codestrings into the first codestrings and the second codestrings, the
first codest methodaissgciprypd| witd the fsezomidgakodingtmebhod fompEanaratimgher
of channel s encoded b first ?ncoding met hod for each of one or nore
frames of a fﬁ"')‘?@&dsflig°aﬁe $'8&2'%econd codestrings being signals of the

ot her channel s engqded e ncgdi n thod, first decodi hg means
for decoding the igep”ar gﬁétcfﬁ?risrggpg%desﬂﬁ ngrggeﬁpfﬁ’%?n é’c“odpﬁﬁwg?%o&n
-associ ated whf idd '3k cBAsRE RY 'Y 2L ratd st

si gnal s, anghsglt’:%ﬁgl(;diecgdfng an%pgg%p‘ggcgqﬁg rﬁgﬁ?%ga%deg%rtg%% gg gg%fﬂg
codestring byneassFordsepersting e Nk AbePGnTbeatidd floieh &EWNTi ACadidng
. met hod for generating second decoded signals. In a further aspect,

. the present isecend ovodestnidgs dmntonfthenefiron eodesinggapmardat tise i sekodidng
~first encoding neans for encoding signals of a fractional portion of a

pl ural nunbercogfesteingtneltienfiesti jqodesdpial nbeirg hoignads gederatisagtronalt

st NG, O e g TR O SRSRdID SIADELE o B T g

coteet 1100 A4 FBEIRHO0LAY 0 fhd Hia dIf 1108 Y L il
second codestrings being signals of the other channels encoded by

. a second encoding method; first decoding means for decoding the
separated first codestring by a first decoding method associated
with the first encoding method for generating first decoded signals,
and second decoding means for decoding the separated second
codestring by a second decoding method associated with the second
encoding method for generating second decoded signals.

In a further aspect, the present invention provides an
information encoding apparatus indluding first encoding means for
encoding signals of a fractional portion of a plural number of
channels by a first encoding method to generate a first codestring,
second encoding means for encoding signals of the remaining
channels by a second encoding method to generate a second
codestring and codestring arraying means for arraying at least a

fractional portion of the first and second codestrings in one frame.

In a further aépect, the present invention provides an



In a further aspect, the present invention provides an

14 information decodi ng net hod including separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, the first codestrings being
.signals of a fractional portion of a plural nunmber of channels encoded by
ca first encoding nethod in a frame and thq second codestrings being
signals of the other channels encoded by a second encoding nethod,

decodi ng t heizfgrmatioa fd@%@dmﬂeme{tihngybgpcdumnt segatadingg the hedcoded

iated with the first i ng, net hoq f ti figst d d
< gnal & and URARA R o SoEBE Ao AIEcaRY *EoRBY PPAGSLY 1E5s bR d idodbiing
t hod ' it i.ng . hqd _f ' L d
decoded o1 napaeseiined, hF, G5 38Handng S shilEL s e firs CRRH MRS g

further aSple%xh%IEeoqfeaseﬂtac!th?ﬂtkﬁ;ﬁh@éﬁwoqe% Su{gyfﬁﬁﬁﬁ:teirofbtd 1Yl s

~apparatus incl g codestring se ating nea separating the

- encoded i nf oefebided b9 mEdibyt fdncuidiapd me6EOddi € odefiah&9antiNtRet BEcHhE ST

+ codestrings and the second codestrings, the first codestrings being

- signal s of acbdastiingalbpiorg signalis af phearalhetuchennels ehaodetisbyencsedecndy a
first encoding nethod in a frame and the second codestrings being signals

- of the otheenepdime methrbddgcedingsdrosaprantind Aifsteendestringshy defsitng

means o1 eqodh M % 9B B0 hbeh: ROMESH R Bubhdis  ASTRONSor
Gecoued 5| onghie A RCARRE S AUIASTRAT T 0T L VEpBERRIE B8
~encodi ng net gedefingeHPrAkeB8nd decoding method associated with the second
" encoding method for generating second decoded signals.

information decoding apparatus comprising:

In a further aspect, the present invention provides an
information decoding apparatus including codestring separating
means for separating the encoded information formed by first and
second codestrings into the first codestrings and the second
codestrings, the first codestrings being signals of a fractional
portion of a plural number of channels encoded by a first encoding
method in a frame and the second codestrings being signals of the
other channels encoded by a'second encoding method, first decoding
means for decoding the separated first codestring by a first
decoding method associated with the first encoding method for
generating fir.st decoded signals énd second decoding means for

decoding the separated second codestring by a second decoding

method associated with the second encoding method for generating



15 second decoded signal s. In a further aspect, the present invention
. provides an information recordi ng nmedi um havi ng recorded thereon encodi ng
paraneters along with the encoded information forned by first and second

codestrings into the first codestrings and the second codestrings, the
first codestrings being signals of a fractional portion of a plural nunber
- of channels encoded by a first encoding thod in a frame and the second
codestrings being signals of the other %ﬂgnnels encoded by a second

encodi ng net$espnd decoded aignelsher aspect, the present invention provides

~an information decodin t hod i ncludi pg separating the, encoded,
information forméd® b fﬁ%rrgﬁeénd‘s?éé’éndtgﬁd t&SeAgs nNestio Mmrpydides an

. codestrings l%r}d t.hei.second c destrig s. ftor.each of $he or nore f rages of
a tixed si2dPIPRBATE; PasoEding edpim, havingrecarded therqan, encqtms on
of aplural pumaLdls slgmgg%&hemgdegﬁeo%@ir.mg,h%ﬁa;f%'rﬁ&m hg@‘s?%& he

second codestrings bein ghal's o ot her S encode a second

encodi ng metybndlecedie’drinps RBArAHLIfilrsE Stc oddeFindsNJapd 3hbl rsdcond
decodi ng nmet hod associated wth the first encoding nethod for generating

first decodesbdegrimgs, arle dficotli ogdedtrisgpabeing segwaid aftiest fiargidyab
second decodi ng nethod associated with the second encodi ng net hod for

generating Bedénd dbcopdural gumber of changelyeencodeddry aspiost endnding
bR LA R R3S R I A A A

other channels encoded by a second encoding method.

In a further aspect, the present invention provides an
information decoding method including separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, for each of one or more
frames of a fixed size, the first codestrings being signals of a
fractional portion of a plural number of channels encoded by a first
encoding method and the second codestrings being signals of the
other channels encoded by a second encoding method, decoding the
separated first codestring by a first decoding method associated
with the first encoding method for generating first decoded signals
and decoding the separated second codestring by a second decoding
method associated with the second encoding method for generating
second decoded signals.

In yet another aspect, the present invention provides an
information decoding apparatus including codestring s’eparating

means for separating the encoded information formed by first and



means for separating the encoded information fornmed by first and

16 second codestrings into the first codestrings and the second
codestrings, the first codestrings being signals of a fractional portion
of a plural nunber of channels encoded by a first encoding nethod for each
of one or nore franes of a fixed size and the second codestrings being
signals of the other channels encoded byjga second encodi ng nethod, first
decodi ng neans for decoding the separated first codestring by a first
decodi ng netsesdrabsoodgstringsi timtohethiei réirsencodentringshand othgerfecanidg -

first decoded signals and sgcond decodin aps for decoding the separated
second codeQ9¢5i§IBgS,a @’écoﬁﬂ“de%% ??ﬁ"ﬁgi %8‘%55@%@% i th RS E%ﬁd

g AN : : th tl
From above. (TEitiofyo B0 B Etalclu B ar SHRUELs L HOREd by a Brsb el
the same regnL0g F@P'mc}iaﬁéc}p HIH SmoPl 58 btLNEREd BT Mnd the

reproduced by an ol d stan accommodat i ng reproduci ng device, while both

signal s can & od ERoAEIIeThEY Helifig NG nll AN6IE - H e 26 Ci0TTRHA R Ys VUL b
device. In addition, it becones possible to avoid the |owering of the

signal quald tsecetnhierenicoelingussdhioy, r Sicet dexp dingnasans foirf deceding the
standards on the sane recording nmedium Specifically, according to the
present i nverepagatedufirist ceadesiringpbpdacfiren fdecodipgomsihed wssecirtesk i on

whi 16t ho-r OBFUIERY (St ERAPALAB AR RS tp P REAGTEHISBGHIAF e Hssfrabbat g
eprogucl 10 6t EEsod PR RREIRAS ARl PSRl Bl
of the sound, J@tiriyg Yy8" ¥eSih £ WeTRWiRY method associated with the second

- encoding method for generating second decoded signals.

It is seen from above that, in case codes of old and new
standards are recorded on the same recording medium, the signals
of the old standard can be reproduced by an old standard
accommodating reproducing device, while both signals can be
reproduced by the new standard accommodating reproducing device.
In addition, it becomes possible to avoid the lowering of the signal
quality otherwise caused by recording signals of different standards
on the same recording medium. Specifically, according to the present
invention, multi-channel reproduction for a prolonged time duration
becomes possible by the new standard accommodating reproducing
device while the reproduction remains enabled by the old standard
accommodating reproducing device, thus enabling the standards for

optical discs or the like to be extended without dismaying the user.

In addition, the lowering of the sound quality otherwise caused by



17 a mul4i-channel systemcan be m nimzed. BRI EF DESCRI PTION OF THE

DRAW NGS Fig. 1 1is a bl ock circuit diagram illustrating a
recordi ng/ reproduci ng apparatus as an enbodinent of the

recordi ng/ reproduci ng apparatus for conpressed data according to the
present invention. Fig.2 is a block circuit diagramshow ng an
illustrative . structure of an encoding gipcuit according to the present

i nvention. mu“iEwFﬁggi}r%g@tQ{'o‘%" %i?r&%fmfgeqpram showing an illustrative

structure of &'si gna nent encoding circui't according to the present

invention. BRIEFFDESCRIPTION WK THEWHRAWAIGAZM showing an illustrative
structure of a conversion circuit according to the present invention.

Fig.5 is a blocFigitcuiis di agrapdockhowicigewin i | dikdraaii VeElRistegtinge Ofq a
decoding circuit according to the present invention. Fig.6 i1s a

bl ock circuirecardipginepsoduicaggan applagstusit i v saruembogiofert of the
back-conversion ¢jrcuit according to the present invention. Fig.71is
a bl ock ci réan’f@iI%a&;{rf&ﬁWéHsW&gamﬁthﬁs entqampressadcdata aecerdingnip
conponent dggodi ng circuit according to the present invention. Fig.8
i |1 ustrat es “a°BHSEERLAREGPRY Hret hod. Fig.9 illustrates the structure

of a codestring figd ffaTg WBER Ot AREALARNCS RN ILA BRS'ifLRRFLALL0
met hod. Fig.10 illustrates an exanple arrangi ng L and channel s
structure of an encoding circuit according to the present invention.

Fig.3 is a block circuit diagram showing an illustrative
structure of a signal component encoding circuit according to the
present invention.

Fig.4 is a block circuit diagram showing an illustrative
structure of a conversion circuit according to the present invention.

Fig.5 is a block circuit diagram showing an illustrative
structure of a decoding circuit according to the present invention.

Fig.6 is a block circuit diagram showing an illustrative
structure of a back-conversion circuit according to the present
invention.

Fig.7 is a block circuit diagram showing an illustrative
structure of a signal component decoding circuit according to the
present invention.

Fig.8 illustrates a basic encoding method.

Fig.9 illustrates the structure of a codestring of a frame
encoding in accordance with a basic encoding method.

Fig.10 illustrates an example of arranging L and R channels



fromframe to frane. : 18 Fig. 11 shows an exanpl e of arranging

the (L+R)/2 channel in a frane. Fig. 12 illustrates an encodi ng.

nmet hed of separately encoding signal conponents in tonal and non-tonal
conponents. Fig.13 shows a structure of a codestring obtained on
encoding by the encodi ng nethod of separately encodi ng signal conponents
in tonal and non-tonal conponents. Fig.14 is a block circuit diagram
show ng an |IIus ratlve structure of ajzgignal conmponent encoding circuit

of separat ef§°Me PiQ Eidghe conponents in tonal and non t onal

conponent s. I i [ Ius ratlve
stpEcture of a S|ggéﬁlégﬁ%%%gh ¥b%$ééj Q?ng gﬁ&Bﬁ

si gnal s obt gi f1aGm&n separately encodlng_5|gnal conponents in tonal and :
non-tonal conponents. Fig. 16 illustrates a recording format in

recording a codeFigiIy ilhistanted aadeacoding metBodldf JdpatsiteB &ncddia
recording format when recording codestrings of the A codec and the é
codec. signgl ¢6mipdnettsakneto mak andrmb mg onal ratmpbhehts.eal i zes
prevention of erroneous reproduction of the B-codec by an old standard
accommodat’i ng reBFS)d]L?tlshQW:ﬁe\#l tauchuEaRs afcadedring htaéned o smdodisgof

the A cod the B¢ 19 il | usty.at dest
Structure | ROEAREOGARSRBIoeht 26 Rbtile L Racoriog Tedel SBPANCHABA | n

a frame. tonal and non-tonal components.

Fig.14 is a block circuit diagram showing an illustrative
structure of a signal component encoding circuit of separately
encoding signal components in tonal and non-tonal components.

Fig.15 is a block circuit diagram showing an illustrative
structure of a signal component decoding circuit for decoding
‘encoded signals obtained on separately encoding signal components
in tonal and non-tonal components.

Fig.16 illustrates a recording format in recording a codestring
of an A-codec.

Fig.17 illustrates the recording format when recording
codestrings of the A codec and the B codec.

Fig.18 illustrates a recording format which realizes prevention
of erroneous reproduction of the B-codec by an old standard
accommodating reproducing device in case of recording the
codestrings of the A codec and the B codec.

Fig.19 illustrates a codestring structure in which signals of the

-

A codec and the B codec are arranged in a frame.



19 JFig.20 is a block circuit diagramshowing an illustrative structure
of a signal conponent encoding circuit configured for generating a
codestring in which signals of the A codec and the B codec are arranged in

a frane. Fig.21 is a flowhart for illustrating a processing exanple
of generating a codestring in which signals of the A codec and the B
codec are arranged in a frane. Fig922 is a block circuit diagram

showing an illusfratjyve. structure aof a.signal co nent decodi L L.cuit
configured for gth%ria(%i Hy & g’gaggt AG N %r‘ﬁg_cfﬁ“%i hArE" By aflheﬂﬁ(gséglcii{elg%and
the B codeg,al&d%e 31989 s nglfééﬂ?)'on nt 311'5'0%3% bfrit! CVRPBIYrdd for
illustrating a processing eXanple o ecodi ng a codestring 1 n which

si gnal s of fg%e/iaemﬂ%% oW shping ¢RONGI S &ighBN@AUthe A ddd¢®.and the B
Fig.24 illustrates the structure of a codestring in which channel

constituti ngodaicaars arpdnged)da 4 framér ane. Fig.25 is a block circuit
di agram showing an illustrative structure of a signal conponent encoding
circuit configurEBégfr isgerfBpadhegt afaroddustiating ra \Biocie ss g @xample of

constituting data are arranged ip a frane. ig.26 is,a flo arg, for
i || ustratingeReppbidgs & fgdeR Ige‘%fWL’c‘ﬁb sigpaly °£H€%rf§n‘f°‘éﬁ%c?di% & Pcui t
configured for, generating a,code ing in which the channel constituting
data are ar Fﬂr‘?&gdaf%aér?'?%\?r%.mda“%urhgi g.27 is a block circuit diagram

showi ng an illusgfatjyeis 5 block circuit diagram showing an illustrative
structure of a signal component decoding circuit configured for
generating a codestring in which signals of the A codec and the B
codec.are arranged in a frame.

Fig.23 is a flowchart for illustrating a processing example of
decoding a codestring in which signals of the A codec and the B
codec are arranged in a frame. .

F!ig.24 illustrates the structure of a codestring in which
channel constituting data are arranged in a frame.

Fig.25 is a block circuit diagram showing an illustrative
structure of a signal component encoding circuit configured for
generating a ¢odestring in which the channel constituting data are
arranged in a frame.

Fig.26 is a flowchart for illustrating a processing example of
‘the signal component encoding circuit configured for generating a
codestring in which the channel constituting data are arranged in a
frame.

Fig.27 is a block circuit diagram showing an illustrative



20 structure of a signal conponent decoding circuit configured for
generating a codestring in which the channel constituting data are
arranged in a frane. Fig.28 is a flowhart for illustrating a
processi ng exanple of the signal conponent decoding circuit configured for
generating a codestring in which the channel constituting data are
arranged in a frame.. Fig. 29 iIIus ates the structure of a

cosestr v \anl 8 e, gt el inn ot o e e
i I f .
L0l CORSIEEl Aot BesEiR b SRTEA M LHLg TURIA Mg abRISTL "3

lis a f|0%h%ﬁgé@ﬁnld|ﬁl§ﬁ1@atl ng a processing exarrpl e of a signal
conmponent decoding circuit configured for decoding a codestring in which

channel constitutFig 2Batis aafowohasy fandélsithatingf & e c AR dXd Pl O FTHE

PREFERRED EMBODI MENTS Referring to the draw ngs, preferred

enmbodi nent s theesignedeao mpanentt degodihg bigcoiplcinféguied dimraiglenerating a
Referring to Fig.1l, an exanpl e, of ressed data recording and/or

r epr oduci ng°8<§\‘r‘|s&é‘nger’fﬁoﬂ ilﬁ'g tthwecgii@ge conspting data aee arranged in a
expl ai ned In the conpressed data recording and/or r epr oduci ng
devi ce, shg W2 en Fig. 1, a magnheto-optical disc 1, run in rotation by a
21 Fig.29 illustrates the structure of a codestring in which the

channel constituting data are not arranged in a frame.

Fig.30 is a flowchart for illustrating a processing example of
a signal 6omponent encoding circuit configured for generating a
codestring in which chqnnel constituting data are not arranged in a
frame.

Fig.31 is a flowchart for illustrating a processing example of
a signal component decoding circuit configured for decoding a
codestring in which channel constituting data are not arranged in a
frame.

DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to the drawings, preferred embodiments the present
invention will be explained in detail.

Referring to Fig.1, an example of a compressed data recording
and/or reproducing device, embodying the present invention, is
hereinafter explained. ’

In the compréssed data recording and/or reproducing device,

rd

shown in Fig.l, a magneto-optical disc 1, run in rotation by a



spindle.notor 51, is used as a recording nedium For recording data on the
magnet o-optical disc 1, a magnetic field nodulated in accordance with
recokding data is applied to the nagneto-optical disc 1 by a magnetic head
54, whilst a laser light beam is illum nated by an optical head 53

t hereon, by way of magnetic field nodulation recording, for recording data
on a recording track of the nagneto-optigal disc 1. For reproduction, the

recording track.pf the gneto-optical disec. 1 is traced wwth the |aser

| Fant beam BRTEAE mogti SROAS Al 2085 F refbiGing mindibdf s H of dstandin gttt

recorded d@ld. the agm‘?oQBB'tRaa'l head 33 i Getfe OFi e8! inf54d fﬂ%ﬂonﬁﬁts’

such as a | aser ﬁlglht source, for exanple, a ser diode, a co\'l | mat or

lens, an okjceord¥AckeRith aeR@rdingadat) Beadp SNkt @ the nfa gdtiondpitced] -

| ens and a phot odetector having a pre-set pattern. For recording data on

t he magnet odopt i dalbyli sc magnktioaheedi SHheawthtlsti o draseen Ibghta beanh is

driving circuit 66 of a recording system as later explained, for

i mpr essi ng Allpotigazedoby magedtiealf herd THrthesponditig way wifemagoesialifie]d

data, and the er light Qeami.s illum.pated on a target,, track of the

magnet o- opt F‘b‘h‘%‘%(sﬁtéen fgeI‘(?rrHéWeg?f F§CPReIHS ARJAT @ ToRISiBen 8ok of the

accordance wt e i ield |ati ste The aptical head. 53
Haghee S atIR e, gk P R HePbbNel o ohe " Roudhbo P ark 3

al so detects aser’ | get tr i ng

the focusi ngherhegnatél-d G chl Atk NTiLkFPEed B¥ithhen1hi &Pt HELROGY aRd by
t he push-pull nmethod, respectively. For reproducing the focusing error and

the tracki ngpeid«lr headte SPpfocaphdtosmaghedbiflty Srépeodweing Nheerrecborded t he
tracki ng error,
data.
The optical head 53 is made up of optical components, such as
a laser light sou_fce, for example, a laser diode, a collimator lens,
an objective 'lens, a polarization beam splitter or a cylindrical lens
and a photodetector having a pre-set pattern. For recording data on
the magneto-optical disc 1, the magnetic head 54 is driven by a head
driving circuit 66 of a recording system, as later explained, for
impressing a modulation magnetic field corresponding to the
recording data, and the laser light beam is illuminated on a target
track of the magneto-optical disc 1 for effecting thermomagnetic
recording in accordance with the magnetic field modulation system.
The optical head 53 also detects the reflected laser light from the
target track for detecting the focusing error and the tracking error
by the astigmatic method and by the push-pull method, respectively.

For reproducing the focusing error and the tracking error, the

optical disc 53 detects the focusing error and the tracking error,



22 while sinultaneously detecting the difference in the polarization angle
(Kerr rotation angle) of the reflected laser light from the target track
for generating the playback signals. An out put of the optical head
53 is supplied to a RF circuit 55 which extracts the focusing error
signals and the tracking error signals from the output of the optical
head 53 to supply the extracted signals to a servo control circuit 56,

whi | ' 'k sjanals t®%a bj. | si, which .is.,
onti ot o hi)d tehihu 1P RUBRSK, 4 ARRLT Sik Uisteiehice 1" Phe) Bolghization

control circitigleS§Kerrrg€atiBnClangie] ST %ef?ect%lgmﬁwrg l§§ﬁyofr%9ﬁ'.t{t?%l

circuit, a tracking servo control “ciTcuit, a spindle notor Servo con

circuit and targbtaagdckdorogemsiating therFlalybackheighgssi ng servo control
circuit focusing-controls the optical systemof the optical head 53 for

reduci ng the focust mpigutopf wiegopitscaloheedo, 5 whisl euppleldr aski IRF Seir¢qit
control circuit tracking- controls the optical systemof the optical head
53 for reducthdhifdh extiakisnghe fosusingrenrort signals anditdesprankiognetror
servo contraol. cjrcuit controls the spindle notor 51 so that the
magnet o- opt iséﬁf‘ai%iéc?nl ‘FI°ng‘r‘hn°fntl_’r%t%ﬁ‘8ﬁ?a’c‘°édpré—3sett° r HBRYoride
velocity, suygh te: +5€t Ll | QCJ. ..The thread servg.contro
circuit also rrnai\g/_g%&tsﬁgng% itéa% *‘ﬁé%a‘g%ﬁ/%_r? ‘ltl%}eéfl%gﬁetwgﬁﬁe%%n%ﬁﬁfﬁgatthe
tar get traghapesbklﬁ@nqmsttfbean@ame{rer QP%ﬁQﬁknlﬂlcﬁCislsﬁﬁ 1P 6% e b FySt €M
controller 57 The servo control circuit 56, perform these various
control oper7dt obrthe seprdsiudiagi sysaemnt i on speci fying the operating states
of the various conponents controlled by the servo
The servo control circuit 56 is made up of, for example, a
focusing servo control circuit, a tracking servo control circuit, a
spindle motor servo control circuit and a thread servo control
circuit. The focusing servo control circuit focusing-controls the
optical system of the optical head 53 for reducing the focusing error
signals to zero, while the tracking servo control circuit tracking-
controls the optical system of the optical head 53 for reducing the
tracking error signals to zero. The spindle motor servo control
circuit controls the spindle motor 51 so that the magneto-optical
disc 1 will be run in rotation at a pre-sét rotational velocity, such
as at a pre-set linear velocity. The thread servo control circuit also
moves the optical head 53 and the magnetic head 54 to a target
track position on the magneto-optiéa] disc 1 designated by a system
controller 57. The servo control circuit 56, performing these
various control operations, sends the information specifying the

-

operating states of the various components controlled by the servo



23 control circuit 56 to the systemcontroller 57. To the system
controller 57 are connected a key input operating unit 58 and a display
uni t¥59. The.systemcontroller 57 supervises the recording systemand the
reproduci ng system by the operating input information fromthe key i nput
unit 58. The system controller 57 also supervises the recording position
or the playback position on the recordigg track traced by the optical head

53 and thecgﬂgﬂ@t hgﬂg@%é% tlﬂﬁsseﬂtgﬂl égfﬁgﬁ%prs-Pased address i nformation

reproduced by t r timer or “subco a‘fromthe recording track

of the magneto- opbi c@lle dspsteln cHMRreVREeNB 7 Calﬂ&rfelo'nt?{ec@Zda'aSOkegrfiw'Hi
control of displaying the playback time on the display unit 59 aseg on
the data coopeessingnunit &®fanda displayeandy 59at aT hecorsde ig/coamrotiesi 5g
device and the playback position information on the recording track.

For pl aybacRkuppneisgissphayecondingctystemagad thiermprodufcingasystem (kgbsbkut e
tinme informationh reproduceg by the Eeader data or the _sub-code Q data
fromthe re@BFERHGS: FRRKE ARIQHBARRINEIQMOBRE deaY 1@pUE unit o §wiTiiepsystemy a
reci procal of the,data c ression ratjo, sucgh as 4 . for the 1/4
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I nformati on can be read out and nultiplied by the reciprocal of the data

conpr essi onreptaduded bdiyspiheyi hgadbe ttmeremir poshdodn Qrdatansroin t ke
actual recording tine. .
recording track of the magneto-optical disc 1. The system
" controller 57 also performs control of displaying the playback time
on the display unit 59 based on the data compression .rate of the
compressed data recording/reproducing device and the playback
position information on the recording track.
For playback time display, the sector-based address information
(absolute time information) reproduced by the header data or the
sub-code Q data from the re.cording track of the magneto-optical
disc 1 is multiplied by a reciprocal of the data compression ratio,
such as 4 for the 1/4 compression, in order to find the actual time
information, which is displayed on a display unit 59. For recording,
if the absolute time information is pre-recorded (pre-formatted) on
the recording track of, for example, a magneto-optical disc, the pre-
formatted absolute time information can be read out and multiplied
by the reciprocal of the data compression ratio for displaying the

-

current position in terms of the actual recording time.



24 .In this recording system of the disc recording/reproducing

devi ce, an analog audio input signal Alerr] at an input termnal 60 is
supplied via a lowpass filter 61 to an A/D converter 62 which then

guanti zes the anal og audio input signal- Alerr]. The digital audio input
signal Derr] fromthe input terminal 67 is supplied via a digital input
interfacing circuit 68 to the ATC (Adapjjve Transform Codi ng) encoder 63.

The ATC. d 63 f bi t ' dat ' .
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64. Supposing that the data conpression ratio is 1/8, the data transfer

rate i s redynahtines ahe- engjligh ankdio hiapaat sigmadnAf er That digital hadTd idput
format as the standard digital audio CD format of 75 sectors/sec or to -
9.375 sect signskdhpdrom the ThpukdeomingRAY issupplisdkdiasa aigifdleinprnory
having data, wite/readout .controll eﬂ by the systemcontroller 57 and which
is configuiBtrafaring aptiedtit| §3ndpaithg ol freddrdpntpee ATcanafermy o diae)
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its data transfer rate’reduced to 1 ' transfer rate for the
standard CDtb& diio®l a@ididSPEM! dity ofeipre-§dtatrdnsfed At876b £ialed oh

second. It is this conpressed data (ATC .

quantization of the input signal A;, by the A/D converter 62. The
compressed data (ATC data) outputted by the pre-set data
comp.ression ratio is supplied to a memory 64. Supposing that the
data compression ratio is i/8, the data transfer rate is reduced to
one-eighth of the data transfer rate of the CD-DA format as the
standard digital audio CD format of 75 sectors/sec or to 9.375
sectors/second.

The memory (RAM) 64 is used as a buffer memory having data
write/readout controlled by the system controller 57 and which is
configured for transiently holding on memory the ATC data supplied
from the ATC encoder 63 for recording the data on a disc whenever
the necessity arises. That is, if the data compression ratio is 1/8,
for example, the compressed audio data supplied from the ATC
encoder 63 has its data transfer rate reduced to 1/8 of the data

transfer rate for the standard CD-DA format of 75 sectors/ second,

that is to 9.375 sectors/ second. It is this compressed data (ATC



25 data) that is continuously recorded in the nmenory 64. For these

conpressed data (ATC data), it suffices to record the data at a rate of

one sector per eight sectors, as discussed previously. However, since this

recording every eight sectors is virtually inpossible, sector-continuous

recording is carried out, as will be explained subsequently. This

recording is carried out in a burst fasﬁ%gn at the sane data transfer rate
r

that f d CD-DA f ormt tors/ d), wit t
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recording data at the above-nentioned transfer rate /5 séctors/secohd.
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i ncluding the non-recording period, is the above-nmentioned |ow rate of

9. 375 sect orsgcéecrrntipg@serecomding nst asrrabedusutiatas twihsber exaisindd hi n
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That is, the ATC audio data with the data compression rate
of 1/8, continuously written at a low transfer rate of 9.375 (=75/8)
sectors/second, are read out from the memory 64 in a burst-like
manner as recording data at the above-mentioned transfer rate of
75 sectors/second. The overall data transfer rate of the data, thus
read out and recorded, including the non-recording period, is the
above-mentioned low rate of 9.375 sectors/second. However, the
instantaneous data transfer rate within the time of the burst-like
recording operation is the above-mentioned standard rate of 75
sectors/second. Therefore, if the rotational velocity of the disc is
the above-mentioned standard velocity of the CD-DA format
(constant linear velocity), recording is by the same recording
density and the same recording pattern as those of the CD-DA
format.

The ATC audio data, that is the recording data, read out from

the memory 64 in the burst-like fashion at the (instantaneous)



26 transfer rate of 75 sectors/ second, is supplied to an encoder 65. In
the data string supplied fromthe nenory 64 to the encoder 65, a

contsi nuous recording unit per each recording is a cluster made up of

plural sectors, such as 32 sectors, and several cluster- interconnecting
sectors arrayed ahead and at back of the cluster. These cluster

i nterconnecting sectors are set so as tyx be longer than the interleaving
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recordi ng data supplied in urst-11ke fashio omthe nenory

recording daicenennwsles! rey oritn grnaidep edbe fole revppdimdid @ éhRteraaRgeiwp head
driving circuit 66 To this magnetic head driving circuit 66 is connected
the magnet iaf hpddr&4 sectdrat, tswchmgset32 desadrS4 aaddrsescerdlorclaspeys ng
the magnetic field nodulated in accordance with the recording data to the
nmagnet o- optiié¢arcemaecting sectonqarsgxednpbeond rond cdt Irckeofothe akustey.
control as scriged above on thg nennré?64, whi |l e al so Cﬁntrollin t he
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control | i ngdditr £6RcH dHtaPOt blthep ciliisidtsS manner, the recording position
read out in a burst fashion fromthe nenory 64 is supervised by the system

controller 57 f@hesengldienrgss applieslemdodialg feleeirgontdorgechbion,ceatHi 9

position on the recording track of the
parity appendage and interleaving, or EFM encoding, to the
recording data supplied in a burst-like fashion from the memory 64.
The recording data encoded by the encoder 65 are supplied to the
magnetic head driving circuit 66 To this magnetic head driving
circuit 66 is connected the magnetic head 54 so that the magnetic
head 54 is driven for applying the magnetic field modulated in
accordance with the recording data to the magneto-optical disc. 1.

The system controller 57 performs memory control as described

above on the memory 64, while also controlling the recording
position for continuously recording the recording data continuously
in a burst-like fashion from the memory 64 by this memory control
on the recording track of the magneto-optical disc 1. For
controlling the recording position in this manner, the recording
position read out in a burst fashion from the memory 64 is

supervised by the system controller 57 for supplying a control signal

designating the recording position on the recording track of the



27 magneto-optical disc 1 to the servo control circuit 56. The

repr oduci ng system of the disc recording/reproducing device shown in Fig.1
is npw explained. This reproducing system is configured for reproducing
recordi ng data continuously recorded on the recording track of the

magnet o-optical disc 1 by the above- described recording system Thus, the
reproduci ng systemincludes a decoder 3% supplied with a bi-level signal

obtained by a RF circuit 5 fram i,he playbac tput -0 ined in turn by

the opti cal Wtﬁop#f%”cli %b‘ct Lg%ﬁt‘%ﬁgm cfbrngégyggyct%gtgrf‘ggnet o0- opt i cal
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the transfer rate of 75 sectors/second. In the nmenory 72, the

~ above- nenti epe¢ing aybaekcsipding Wratkeof athd heagneto-optical disc 1 with a
- 28 above-nentioned transfer rate of 75 sectors/ second, is continuously
read out at lager lightsbeamalteininozegrthateapsrenlystkemagaet esppHdairhglisto

- th i : . .
the data CO%rte:lSéloOPhé ?’%gdggng %ptical disc similar to the compact disc (CD)

can be read.

The decoder 71 is a counterpart device of the encoder 65 of
the above-described recording system. The playback output,
converted int the bi-level signal by the RF circuit 55, is decoded for
error correction or EFM decoded for reproducing the ATC audio
data having the data compression rate of 1/8 at a transfer rate of
75 sectors/ second which is faster than the normal transfer rate.
The playback data, obtained by the decher 71, 'is supplied to a
memory 72.

In the memory (RAM) 72, having data write/readout controlled
by the system controller 57, the playback data supplied from the
decoder 71 at the transfer rate of 75 sectors/second, is written in
a burst-like fashion at the transfer rate of 75 sectors/second. In the

memory 72, the above-mentioned playback data, written at the



The systemcontroller 57 perforns nmenory control for witing the playback
data in the nenory 72 at the transfer rate of 75 sectors/second, while
readi ng out the .pl ayback data fromthe nenory 7 at the transfer rate of
9. 375 sectors/second. The system controller 57, performng the nmenory
~control for the nmenory 72 as described above, controls the playback
position for continuously reading out t pl ayback data written in the
burst-1ike fashion from the marp)ry 72 b% éhe mam)éy cont,raql frotmthe 1
recording t rak&YormeRrHO nfdy FRATSISHITALE 0 u7 4 cSeCtOFRL SEPRPAadR GUNIPPRSIY
control is b rvi sy a ict | t | : read
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57 and by sugplii ¥Gtd cORbrelsivpMe ggaignating the playback position on
the recording track of the optical disc 1 or the nagneto-optical disc 1 to

the servo controlTigé IsgdtémS6ontroller Bive pATEb amnsimedniry, coattdInfloustsitinsnd
out fromthe nenory 72 at the transfer rate of 9.375 sectors/second, is
supplied to tre plagbdedodbataz3n Thesmenmooecddert 78he stransant eatsaral dbvi ce
of the ATC encoder 63 of the _ recordjng system and reproduces the 16-, bit
digital auditeaters/eanbanibile t FRAdINE At b‘}reapﬁéifgb?k ofdatg; JRem THe
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obt ai ned frogddgoPDaAab8REEr E8htriAs tBe Optaitbdckd positéon Ofor continuously
reading out the playback data written in the burst-like fashion from
the memory 72 by the memory control from the recording track of
the magneto-optical disc 1. The playback position control is by
supervising the -playback position of the playback data read out in
the burst-like fashion from the memory 72 by the system controller
57 and by supplying a control signal designating the playback
‘position on the recording track of the optical disc 1 or the
magneto-optical disc 1 to the servo control circuit 56.

The ATC audio data, continuously read out from the memory

72 at the transfer rate of 9.375 sectors/second, is supplied to an
ATC decoder 73. This ATC decoder 73 is a counterpart device of
the ATC encoder 63 of the recording system and reproduces the 16-
bit digital audio data by expanding the ATC data by a factor of
eight. The digital audio data from the ATC decoder 73 is supplied
to a D/A converter 74.

The D/A converter 74 converts the digital audio date supplied



pass fikter 75 at an output termnal 76. The high-efficiency
encoding is explained in detail. Specifically, the techni que of

hi gh-effi ci ency encodi ng an i nput digital signal, such as an audi o PCM
signal, by techniques of sub- band codi ng (SBC), adaptive transform
codi ng (ATC) and adaptive bit allocation is explained by referring to
Fig.2 ff. In the informati on encapP ng device (encoder 63 of Fig.1)

for  executfirgeh tHie "®ilodid X4 i the i r.oat . oustic .
wavef orm si gnals) of the pr esen?n%eﬁgiooﬁ airyaﬁr? utsxgﬁﬁﬂngforw;ft%g%lrnﬁ 21 10a
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110b. These si gnal frequent(c:]j;/u corr%onent S 110b are trrién encode ugygggfs??gnal
conponent ertadi nteirelifronl thet ®/pr aduneeraer 7€Nd¢9dedt fitged! vid Oc 104y -

codestring generating circuit 11lc then = generates a codestring 110d from
an encoded RiFsafiltand Syatetmteutputpyerminalodést ri ng generating circuit

11lc. The,ﬁfnv rsion_circuit 1lla splits the input signal 120a by a
band-splitting fitlker NigRsefHCienGl HEAGOIARE r dsul exAlpingd bamd Eeidiki s

120b, 12c ar, . f by, f orwar .t hogonal.. transform circuits, 112b,
Ti2c by woot Be B e Ao SRS 36 BRER Shrisi' Bt Gaodink, s cighna
120a corresppiait Higdde, SulitAlasWay el 9418 BIARA Qfn bl gbﬁ Mdiguw%fp&%f al
signal conponéents 120d, 120e correspond to the”sidna tfrequ ncy conponents

110b shown ibanidi goding (SBC), adaptive transform coding (ATC) anf 4dapfiQe
conversion circuit 111a, shown in Fig.3, the bandw d%hs of = the two

band-split ¥igrdlecatiob, isl28plairediby naférring taRigl 21t#f. of the input

signal 120a, thainit%e Errllfoxirggt%tonsie%ré%ldir:}éogewi/iscet ?nggge?ug3 of Fig.1) for
executing the method for encoding the ‘information (acoustic
waveform signals) of the present invention, an input signal waveform
110a is converted by a conversion circuit 111a into signal frequency
components 110b. These signal frequency components 110b are then
encoded by a signal component encoding circuit 111b to produce an
encoded signal 110c. A codestring generating circuit 111c then
‘generates a codestring 110d from an encoded signal 110c generated
by the codestring generating circuit 111c.

The conversion circuit 111a splits the input signal 120a by a
band-splitting filter 1-12a into two bands and resulting two band
signals 120b, 12c are transformed by forward orthogonal transform
circuits 112b, 112c by MDCT into spectral signal components 120d,
120e. The input signal 120a corresponds to the signal waveform

110a of Fig.2, while the spectral signal components 120d, 120e

correspond to the signal frequency components 110b shown in Fig.2.



by 1/2. .O course, any other structure of the conversion circuit 11la may
be used besides the illustrative exanple. For exanple, the input signal
may e directly transformed by MDCT into spectral signals, while the input
signal may al so be transforned by DFT or DCT, instead of by MDCT. Although
the input signal may be split into frequency conponents by a band
splitting filter, the input signal is g?eferably transforned by the
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cal culating the quantization fineness infornmation 130c fromthe signal
conponent s 18palA2; Ofe coquran] i ey i athefri senasturdeofstinn womwertsidd 3bircast
shown in Fig.4. The quantization circuit 113c quantizes the normalized
signal s 130b! ¥lamay fhe needdigsides ahecillusinativgaxisarpe . ofi orhexamphe,i thae i on
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above-descri bed i nformati on encoder, codes 140b of the signal
is preferably transformed by the above-mentioned orthogonal
transform methods into frequency components because then a large
number of frequency components can be obtained with a smaller
volume of processing operations.

The signal component encoding circuit 111b normalizes the
signal components 130a from one pre-set band to another, by a
normalization circuit 113a, while calculating the quantization
fineness information 130c from the signal components 130a by the
quantization fineness decision circuit 113b, as . shown in Fig.4. The
quantization circuit 113c quantizes the normalized signals 130b from
the normalization circuit 113a based on the quantization fineness
information. Meanwhile, the signal components 130a correspond to
the encoded signal 110c of Fig.2. The output signal 130d includes
the normalization coefficient information for normalization and the
above-mentioned quantization fineness information, in addition to

-

the quantized signal components.



conponents are extracted froma codestring 140a by a codestring resolution
circuit 114a, as shown in Fig.5. Fromthese codes 140b, signal conponents
140c are restored by a codestring decoding circuit 114b and, fromthe
restored signal conponents 140c, acoustic waveform signals are regenerated
by a back-conversion circuit- 114c. Thi s back-conversion circuit 114c
of the information decoder is configurgd as shown in Fig.6 and is
associated with the, conversion circuit shown in Fig 3. |n e .
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150e of the band synthesizing filter 115¢c corresponds to the acoustic
wavef or m sizgsalulieod cafciHitgl H4a, as shawe o §anglS .cofipemetitestecodiengl 49bcui t
114b of Fig.5 is configured as,shown in Fig.7, and appljies dequantization
and denor riBn#At COMBRBERES| WU E 0 2 fie TESIRISH AH #r GRIEHET i8I LEFQ HP 8

resolution circujt a, that_.is spectral .,signals. _In the signal onent
decodi ng ci HEGPEE 111%% ) ‘K/]m f'ho-rﬁ'i Q%f %eségﬁggntsi@ﬁ?roﬁompOgenats f‘%@’
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Crcuit RO EEINANARER |IRal £ RS reEkheriied Ty T8 BARRCEBRVERIAT
dequanti zatgi@Buit01 Pyput si gnal conponents 160c. The above codes 160a

correspond to codes 140b fromthe codestri-ng resol ution
This back-conversion circuit 114c of the information decoder

is configured as shown in Fig.6 .and is associated with the
conversion circuit shown in Fig.3. In the back-conversion circuit
114c, shown in Fig.6, inverse orthogonal transform circuits 115a,
115b apply inverse orthogonal transform to input signals 150a, 150b,
respectively, for restoring the band signals, which are then
synthesized by a band synthesizing filter 115¢c. The input signals
150a, 150b correspond fo a signal 140c the signal components of
which have been restored by the signal component decoding circuit
114b. An oﬁtput signal 150e of the band synthesizing filter 115¢
corresponds to the acoustic waveform signal 140d of Fig.5.

The signal component decoding circuit 114b of Fig.5 is
configured as shown in Fig.7, and applies dequantization and
denormalization processing to the codes 140b from the codestring
resolution circuit 114a, that is spectral signals. In the signal

-

component decoding circuit 114b, shown in Fig.7, a dequantization



circuit,l1l4a of Fig.5, while the output signal conponents 160c correspond
to the signal conponents 140c of Fig.5. The spectral signals obtained
by the conversion circuit of the above-described information encoder,
shown in Fig.3, are as showmm for exanple in Fig.8. The spectral
conmponents, shown in Fi'g.8, denote absolute values of the spectral

" conponents .by MDCT after |evel conversi3@n by dB. That is,-in this

component o HeEna saEeak B3 IR 4FaFETE SR, il deffiRbifation
normal i zed apgcyant 164 | MeddiBigts o b 1ot ©10b. hes Bl e Och A0
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conmponents are distributed ere is assured encoding wth

- perceptual | ylédghcefrfespendy toi tckn@tsppir@slsl fromf thhe codesdripgl résplution
deterioration to the mninmm 19.9 shows an jllustrative structure
of a codest r¢ifguity thée eof Feglci)dﬁﬁ'gllastbléseﬂfﬁbbﬁ siignad. componentg hk60c
codestring of the pr il1lustrative struc ere_is arranged the

i nf or mati on Wr&ﬁppé‘d[sﬁ‘gtt&}&t%igﬂé‘ d’°f"6?°?€§f§) r(?(j ?%glgs})ectr al signals of
each transform b' dqot‘mi %Qgﬂglss BHEDi o é}f%@eghe'&ﬁéﬁ%ﬂtéﬁ@u‘{‘{ tJF phéral

frames each const
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the information which is control data, such as previously enhcoded encodlng
units and thiorsyexanspBndns Figrne.odathevspecarpr edarponeadsr shofwibiins FiglBe
header information is followed by the information
denote absolute values of the spectral components by MDCT after
level conversion by dB. That is, in this information encoder, the
input signal is converted into 64 spectral components, from one pre-
set transform block to another, and ‘is normalized and quantized in
terms of eight bands, termed herein encoding units, shown in.[l] to .
[8] in Fig.8. If the quantization fineness is varied from one
encoding unit to another depending on how the frequency
components are distributed, there 1is assured encoding with
perceptually high efficiency with suppression of the sound quality'
deterioration to the minimum.
Fig.9 shows an illustrative structure of a codestring in case of
encoding as described above.
In the codestring of the present illustrative structure, there is
arranged the information which is the data used for restoring the
spectral signals of each transform block and which has been encoded

-

in association with plurzil frames each constituted by a pre-set



obt ai ned on sequentially encoding the quantization fineness data and the
normal i zation coefficient data of the encoding units in the order of the

i ncreasing frequency of the encoding units. At the trailing end of each
header are spectral coefficient data nornmalized and quantized on the basis
of the above-nentioned normalization coefficients data and the -
quanti zation fineness data fromone eng®ding unit to another in the orde
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nunmber of the quantization bits specified by the quantization™fineness

i nf or mat i on eafccatinlg enttadand thmisyncasignwby, bacvdededifk aprease nanfitane.
Only the above- nentioned required nunber of bits fromthe | eading end of
each frame afs Wigni fThanheader hinformatdonr tprfodlavednbywithe info rmeatiom ng
area of each frane, being voi ea not_.i nfluencing, the playback signals.
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Figs. 10 and 11 show an exanple of the recording format in
quantized on the basis of the above-mentioned normalization
coefficients_data and the quantization fineness data from one
encoding unit to another in the order of the increasing frequency of
the encoding units.

The number of bits actually required for restoring the spectral
signals of the transform block is set depending on the number of
encoded encoding units and the number of the quantization bits
specified by the quantization fineness information of each encoding
unit, and may be varied from frame to frame. Only the above-
mentioned required number of bits from the leading end of each
frame is significant at the time of reproduction, with the remaining
area of each frame being void area not influencing the playback
signals. Usually, a larger number of bits are effectively used for
minimizing the void area of each area.

By encoding each transform block in association with the frame

of a pre-set number of bits, the recording position of an optional

transform block can be calculated easily, thus enabling ;'acilitated



case of .chronologically recording the frane data shown in Fig.9 on a
recordi ng nmedium Fig.10 shows an exanple of. alternately arranging signals
of two channels, such as a left (L) channel and a right (R) channel, on
the frame basis, while Fig. 11 shows an .exanple in which one-channel
signals generated by (L+R)/2 operation of left (L) and right (R) channels
(nonaural signals generated fromthe |§£t and right channels) are arrayed

on the frane Sis. . By usi.ng the recording format. shown in Fig. 10,
the two chdff&1%™ o Ce3i R cé}ftbglsr e‘gaotradeﬁeporr?cﬁﬁfélgﬁné‘r?'g’co?ﬂi r?d’tr‘ﬁgﬂf‘ﬁm
On the otheryhgngh,if the recording format of arranging only one channel
of (L+R)/2 opn t he x%rame basis, as shown in Fig.11, is used, signal

recordi ng/ reprodwigisono f iid dpubsigowi @n duaa{ﬂlenobeﬂw&%coﬁaﬁ% bF€r@sat in
conpared to the recording format in which the two channels of L and R are
arranged al terseab€lghmamdliogitaHyerbasidingsthsfoame data ghkGyn vithi Fégihen
reproduction may be facilitated without conplicating the reproducing
circuit. a re¢¢ordimg eomdinny fHIgd0 shbowsi reiFi gxample tef nelterhately
standard tine pode,, the recordin format enablin | ong-ti ne
recor di ng/ r &IF8AEEEE SHisfRlh of twel P f’ngﬁlrﬁae?“%*f %&nlrfé‘lts(lgaﬁhlﬁéneﬂe#%@ a
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above- descri'b® ti ne node. a
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channels, is recorded, the signal that can bé recorded Is tw ce as ong as
the tine reqperadid®r ofeteftdi(lg bnid fiphtl @) Fhahidisel(onaural signals
generated from the left and right channels) are arrayed on the frame
basis.
By wusing the recording format shown in Fig.10, the two
channels of L and R can be recorded on the same recording medium
On the other hand, if the recording format of arranging only one
channel of (L+R)/2 on the framelbasis, as shown in Fig.11, is used,
signal recording/reproduction for double time duration becomes
possible as compared to the recording format in which the two
channels of L and R are arranged alternately on the frame basis as
shown in Fig.10, while the reproduction may be facilitated without
complicating the reproducing circuit.
If the recording format shown in Fig.10 is termed the standard
time mode, the récording format enabling long-time
recording/reproduction with a smaller number of channels can be

termed a long time mode enabling recording/reproduction twice as

long as the above-described standard time mode. If, in the example



This recording node can also be ternmed the | ong-tine node. Al t hough
the foregoing descriptionis |imted to the technique of the encoding

met hod explained with reference to Fig.9, it is also possible to inprove
the encoding efficiency further with respect to the encodi ng nmethod of
Fig.9. For exanple, the so-called variable I ength coding, in which a
short code length and a | onger code | enggh are allocated to quantized

tral si fq hi
preciral o Shigola AR LoV, B CHIEOSL s NS0 gpe 1 ena

addition, iR tch@ndRI¥eisMetorned, Rhe- siginallr @il 4 QSKOMed%Cﬂd% alshe
input signals, that is the time block I'ength for orthogonal transform is

set to a | ohgeg wsslthe, tinhe rarminéd dlort hecorsdingi Boah ythenfoandt ROGhaRad®d.y
the quantization fineness information or the normalization coefficient

i nf or mat i onThiarreisordénigonddercamelsecby teamdyd dhea longi-tiene meodeequency
resolution is inproved, thus enabling the, cluant_i zation fineness to be _
control | ed on t h&lthowghdhe farsgoing g“'ﬁpﬁ’eﬂ vonpigslimiged\tionghe e chnigaeng

ffici . Th ' di sal in,the,J Pat ent , .
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36 conponentke enfcolding methed dSFused, audio signals or the like can be

encoded efficiently at a high conpression ratio wi thout substantially

produci ng percepFoaleximgphé, dheeso-aradtédrvariable length coding, in which a
short code length and a longer code length are allocated to
quantized spectral signals of higher and lower frequency of
occurrence, respectively, may be used for improving the encoding
efficiency. -

In addition, if the above-mentioned pre-set transform block in
encoding the input signals, that is the time block length for
orthogonal transform, is set to a longer value, the amount of the
subsidiary information, namely the quantization fineness information
or the normalization coefficient information, can be reduced
relatively per block, while the frequency resolution is improved,
thus enabling the quantization fineness to be controlled on the
frequency axis more finely thus improving the encoding efficiency.

There is also disclosed in the Japanese Patent Application
No.7-500482 by the present Assignee a method of separating

perceptually crucial tonal signal components from the spectral signal

components for encoding independently of other spect;al signal



The nmet hod of separating and encodi ng the tonal signals conponents is
explained with reference to Fig.12. In the exanple of Fig. 12, there is
shown the state in which three tonal conponent sets, as tonal signa
-conponents, have been separated fromthe spectral signals conponents.
The signal conponents, making up these tonal conponent sets, are encoded
along with the respective position dataef the t onal conponents on the
frequency axis. I n_general , .the signal, conponents of the taqnal _
conponent's, §HMPRITCALSt hégsr}dﬁaﬁ“e’éﬁgﬁgﬂf i%jé"eéorf’c‘giﬂ stenels, of E%ﬁl‘ﬁﬁu%r
of | spect 1 al, coPANGS. BAehAyOCA AU hESH (& AR EXBATHy1il! i fEGE eC
of fineness. The spectral conponents in each encodfng unit reed o onhal

conponent s (dyHkth@Ra11pRAGdingi Pé¥e ptaRPRNERNS Bl et &ABrRE ANt i zed with a
-relatively small nunber of bits without deteriorating the perceptual sound

quality. ATheugletholdy of r e¢pasatéhy amdl |envodiarg ofhespruidialsigngdal
conponents are shown in Fig.12 for sinplifying the drawi ng, the signal
energy i s cormmpongnss isrexpliadnediwithl refameocents Fig.12ndnathe ekgmgile of
conponent s n&king-u a given encoding unit. Therefore, the anpount of data
i s not incrdi€edZsi g*h‘?"fq dindhgWis ther stple inr whishathteotural gempenent

components, Syeh LB ofiP SR9ST Ml st dse v E ReBE BEBRRISY kDo @
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iIlustrativeghgseUtdndle comPéReht st 2%ed, eRéod e 4RAM REith the respective
position data of the tonal components on the frequency axis. |

In general, the signal components of the tonal components, in
which the signal energy is concentrated in a small number of
spectral components, need to be quantized to an extremely high
degree of fineness. The spectral components in each encoding unit
freed of tonal components (non-tonal spectral signal components)
can be quantized with a relatively small number of bits without
deteriorating the perceptual sound quality.

Although only a relatively small number of spectral signal
components are shown in Fig.12 for simplifying the drawing, the
signal energy is concentrated in a few signal components of tens of
signal components making up a given encoding unit. Therefore, the
amount of data is not increased significantly as a result of
separation of the tonal components, such that the encoding
efficiency can be improved on the whole by separating the tonal

-«

components.



end of each frame, the information conprised of control data, such as sync
signals and the encoded nunber of the encoding units, encoded with a
pre-set nunber of bits, as a header portion. Next to the header portion is
arrayed the information conprised of the encoded tonal conponent data as
tonal conponent dat a. As tonal conponent data, the information which
i's the encoded number of. signal conpongsts in the tonal conponents is

d fi | §3f b ' ' ich i s the. d
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coefficients and the information which is the normalized, quantized and

encoded t onalhesipgeakncoilbostaatiove isnrabiwre,othi€re is arrayWdxt at otliddehangg :
conponent data is arrayed the information which is the encoded data of the
resi dual si gtitd afepachfframe,stibe riadormation tdompoisald of graitrodnpatagnssclir om
the original spectral, signal conponents. This residual signal can also be
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38 in the orgifodéd thaal RonEFSHEGt H@ea%ncdmafcéﬂ?o%mdim.uni ts. It is

noted that spectral signal conponents of the tonal and other

As tonal component data, the information which is the encoded
number of signal components in the tonal components is arrayed
first and is followed by the information which is the encoded
position information of the tonal components on the frequency axis,
the information which is the encoded information on the
normalization coefficients and the information which is the
normalized, quantized and encoded tonal signal components, in this
order.

Next to the tonal component data is arrayed the information
which is the encoded data of the residual signal left after
subtraction of the tonal signal combonents from the original spectral
signal components. This residual signal can also be termed noisy
signal components. This residual signal is comprised of quantization
fineness data and normalization coefficient data of each encoding
unit and spectral component signals normalized and quantized based

on the normalization coefficients data and the quantization fineness

data (signal components other than the tonal components) encoded



si gnal eonmponents (coefficient data) are encoded by VLC (variable |ength

code). Fig.14 shows an illustrative exanple of the signal conponent
encoding circuit 111b of Fig.2 when separating the tonal signal conponents
fromthe above-nentioned respective signal conponents. In the signal

conponent encoding circuit 111b, shown in Fig.14, the signal conponents
170a (110b) sent from the conversion Ci%é:mht 11la Ff Fig.2 are sent to a
t onal conpongnt ,separat i ircuit 117 The_sign conmponents 17Qa ar

separated into ?P8n§F5°%i°gﬂéch‘é‘r%8ﬁé’rﬂ% 17359’583_8?%‘? gﬁ&ﬂgfn%o‘ﬂfgﬁengg
170c (non-t ofaly o 2lq9Nala t COpRONGN! §%gnaﬁh%oﬁx?ﬁé‘h ﬁwgﬁ ltgl%m?%%ﬁ‘t §n&7%ﬁh@Ee

sent to a tonal conponent” encoding circuit 11% t he non-tona

si gnal  coONPOIAIYIS ¢ Fijo it S €6 efifPci nl0dat H) ak e CONPEIED th e CRAi (Wa FiiabEeli t
117c. The tonal conponent encoding circuit 117b and the non-tonal

conponent enkeog@thgcede}yuit 117c encodes the signal conponents supplied
thereto to output resulting output signals 170d, 170e. The tonal conponent
encodi ng circuit Rigzb4gshewst as tlhestrativereaxample ofsthe wigngl tqpmponght

conponent data of, Fig.,13,.at e s .time as it encqdes jhe information
consti tuting®tHe ’c‘l’ﬁ\a‘l"“&&lhﬁ)oh{em Bgfglg&f ‘?Pﬁ'.‘lg??%’e“gggﬁéP bl signal
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non-t onal conpo encoding circult c are e sane
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separated frpig.lllag thespinidlveo mipdminte oNPONN1VDb) sent from the conversion
circuit 111a of Fig.2 are sent to a tonal component separation
circuit 117a. The signal comf:onents 170a are separate-d_*into fonal
signal components 170b and other signal components 170c (non-tonal
signal components). The tonal signal components 170b are sent to
a tonal component encoding circuit 117b, while the non-tonal signal
components 170c are sent to a non-tonal component encoding circuit
117c. The tonal component encoding circuit 117b and the non-tonal
component encoding circuit 117c encodes the signal components
supplied thereto to output resulting output signals 170d, 170e. The
tonal component encodinlg circuit 117b generates the information
constituting the tonal component data of Fig.13, at the same time
as it encodes the information constituting the tonal component data
of Fig.13. The signal encoding arrangements in the tonal component
encoding circuit 117b and in the non-tonal component encoding
circuit 117c are the same as those shown in Fig.4.

-

Fig.15 shows an illustrative example of the signal component



In the signal conponent decoding circuit 114b, shown in Fig.15, the code
140a supplied fromthe codestring resolution circuit 114a of Fig.5 are
made. up of tonal component data 180a and non- tonal conponent data 180b,
whi ch are sent to associated tonal conponent decoding circuit 118a and
non-tonal conponent decoding circuit 118b, respectively. The tonal
conponent decoding circuit 118a decode he tonal signal conponents from

the t I t dat o Fi I3t t put [ ti t I ' I
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resul ti ng non-tonal signal conponents e tonal signal conponents

180c and the nonjhongle Ssiigﬁal 66V E dSOsldiny echikulit SEN4 bl OsRoSRECIHH al
signal synthesis circuit 118c, which then synthesizes the tonal signal

conponent s &ig.1bgethercddndld 0ai sunpp 1iedofromn e he sc ddesstding rebelution circuit
above-nentioned position data to output the resulting signal conponents
180e. The dddddi od EigS gueamiagies upopfttamalopamporpoindatadb8dadisnd iorui t
118a and the ngn-tonal conponent @ecodih circuit 118b are the sane as
those showntpgalprgmponent ¢gig 148 Bowk BiCh ofFfat $¢Mg f&(a?ﬁﬂ%lﬁﬁe‘iaé‘én%he

si gnal s enCOdedpoglégg%s%roicﬁﬁg 98%‘6? 134 ﬁﬁﬂ;ﬁgﬂitofhaé‘;éé{xg%%@%'ted%p:cf%ing

magnet o- opt o8 n enbodr ment” O si gnal
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40 In Fig there are recorded on the disc hanagenent data used for

recordi ng/ r gargxdecodeslitieo tohanaigasl 8 ont) Owentsi fiivrh ket Gnisi Gomponent

i nformati on- data corresponding to four nusical nunbers. In the
data shown in Fig.13 to output resulting tonal signal components
180c. The non-tonal component decoding circuit 118b decodes the
tonal signal components from the non-tonal component data to
output resulting non-tonal signal components 180d. These tonal
signal components 180c and the non-tonal signal components 180d
are both sent to a spectral signa-l synthesis circuit 118c, which then
synthesizes the tonal signal components and the non-tonal signal
components based on the above-mentioned position data to output
the resulting signal components 180e. The decoding configurations
of the tonal component decoding circuit 118a and the non-tonal
component decoding circuit 118b are the same as those shown in
Fig.7.

Fig.16 shows a formatting example in case the signals encoded

as described above are recorded on, for example, a magneto-optical
disc. In the embodiment of Fig.16, audio signal data corresponding

rd

to, for example four musical numbers, are recorded.



addresses 0 and 1 of the nmanagenent data area are recorded the |eading end
data nunber and the trailing end data nunber, respectively. In the exanple
of Fi.g.16, 1 and 4 are recorded as the values of the |eading end data
nunber and the trailing end data nunber, respectively. It is seen from
this that four audio signal data of from1l to 4 are recorded on this disc.
In the addresses 5 to 8 of the managenenygdata area are recorded 'data

i fyi wh .h [ d ti di ' | data',
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addresses 5 and- 6, respectively. By using these managenent data, the
pl ayback ordt¢adisig ¢ padf i data apymyonandustibeal traibing seodn deta nnomhemged

b i nt h [ t.h tent ft . 5 d 6 instead of b
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certain encogi,jfh dreGpQeRiv4ISS at'i®0seen from this that four audio signal data
41 to hereinafter as an old sfandard or an A-codec), was devel opeéd and a

di sc recordi 8 ftommittorMdsarsl feclordid ed tidisndisichi s techni que. An  encodi ng
t echni que of higher efficiency, termed herein new standard
In the addresses 5 to 8 of the management data area are

recorded ‘data specifying where on the disc are recorded respective
audio signal data’, that is the address information (the information
on the address storage position). This information on the address
storage position is recorded in the reproducing order of audio signal
data (the musical number playing order), such that the information
on the address storage information for the audio signal data
reproduced first and that on the address storage information for the
audio signal data reproduced next are stored at the addresses 5 and
6, respectively. By using these management data, the playback order
of the first and second musical numbers can be interchanged by
interchanging the contents of the addresses 5 and 6 instead of by
interchanging the actual recording positions of the audio signal
data. In the management data area is set a reserve area for future
extension. In this reserve area is recorded ‘0’ data.

It should be noted that a certain encoding technique, referred



or B-codec, and which has expanded the codec-A, was subsequently

devel oped. In such case, the signals encoded by the B-codec can be

recorded on a disc of the sane sort as that on which is recorded the

signal by the A-codec. If the signal by the B-codec can be recorded as
that by the A-codec, signal recording continuing for a longer tinme becones
possi bl e on the disc thus enabling the gijgnal to be recorded wth a higher
sound quality to extend the scqope of usgge of .the

di sc. f, i,nt
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spectral signals urring nore requently, while |longer code |engths are

al l ocat ed t qft BATR deRCCaKd iwRidetasleepuiedéd thenoyd be- Aprees \saxb sas ulenely
B-codec. Simlarly, an encoding nethod in which the transform bl ock |ength

i n encodi ng d¥véloped.sigsalchi sass| te sdghalshencodgdrby cheeBacpdeicycan be
decrease the anount of the subsidiary information, such as  the
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ot hod of erSBaRRGI phEIARFOLPEnE B HaNEN D dBsaPatbrse St fsncreGREEe "
32" concel vedha iate o IhAcA-CPRES, FHRKEI Pe BRing continning for 2 Ipnger
efficiency ﬂ@ﬁl%dib%orlﬁéyﬁsm& b@r_lcﬂfE:Qii\éSd_thF&?alﬁiﬁQdﬁl@e signal té be
. recordi ng signals encode y the B-codec, which is an
recorded with a higher sound quality to extend the scope of usage
of the disc. |
If, in the above-described embodiment of the present invention,
the encoding method explained with reference to Fig.9 is conceived
as the A-codec, the encoding method employing the so-called
variable length encoding technique, in which shorter code lengths
are allocated to the quantized spectral signals occurring more
frequently, while longer code lengths are allocated to those
occurring less frequently, may be conceived as the B-codec.
Similarly, an encoding method in which tﬁe transform block length
in encoding an input signal is selected to be longer to relatively
decrease the amount of the subsidiary information, such as the.
quantization fineness information or the normalization coefficient
information per block, may be conceived as the B-codec. Also, the
enc’odiﬁg method of encoding spectral signal components feparately

as ‘tonal and non-tonal components as described above may be



expansi an of the A-codec as descri bed above, on a disc, the node
designating information, shown in Fig.17, is recorded at an address 2,
which is used as a reserve area in a disc designed to cope only wth the
ol d standard (A-codec) shown in Fig.16. If-the node designating
information is O or 1, it indicates that the recording is nade in
accordance with the old standard (A-code or the new standard (B-codec),

respectively. Therefore, if, the value .t he de designating information
is 1 at the ofeedvediasctheR-sadas ,agﬁf“i% nce mPHé’“pPgﬁéﬁﬁFiltl;ghs

high that re Is the,.di s¢c | n | d - codec) .

I f the signal ?E%lgﬂ‘é?%-nccocfelggi @e#gggrpggggé% gz’g?g{:{?g&oaé%gga?ﬁ%é?ﬁ?el I mnary

areas provided nexh t@chb@idy Cfighdls' €60bdeAY blyNa hea B &sPed, NP ITH! 119N |
(start address and endcaddlrtgéss) gfas ghown I n nyg. 16‘33 I's usedd’asvplgalln%arlgaapor

t he codec degixpaatsiog 6Nfthemal-codec! &s ddscribedcablesé grat ianditd)f ehevmode i S
O, it indicates that the audio signal data specified by the address

i nformati on dedéeguptiol information, sbdvemdnabig dskess masobded atnendedidiess

accordance with the new standard (B-codec), whereas, if it is 1, it
i ndi cates thas Whéchudi Bsedi Al TAREEY e idGdeln By dine drrdBaedi thgormtanly
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~standard (B-codec), referred to hereinafter as a new
standard (B-codec), respectively. Therefore, if the value of the
mode designating information is 1 at the time of disc reproduction,
it is seen that the probability is high that recording. on the disc is
| based on the new standard (B-codec).

If the signal by the B-codec is recorded on a disc, one of the
preliminary areas provided next to the area for recording the
address information (start address and end address) as shown in
Fig.16 is used as an area for the codec designating information. If
the codec designating information is O, it indicates that the audio
signal data specified by the address information made up of the start
and end addresses has been encoded in accordance with the new
standard (B-codec), whereas, if it is 1, it indicates that the audio
signal data encoded by the audio signal data designated by the
address information has been encoded in accordance with the new

standard (B-codec). This enables the audio signal data encoded by

the A-codec and the audio signal data encoded by the B-codec to be



standargd accommmodati ng reproduci ng devi ce. However, a disc on which
data of the A-codec and data of the B-codec have been recorded

si mu) t aneously cannot be discerned from its appearance as to whet her
recordi ng has been made in accordance with the A-codec, that is old
standard, or in accordance with the B- codec, that is new standard. Thus,
the user is labile to reproduce the di by an ol d standard accommbdati ng

reproduci ng device., Since the  old tandard,. acco dat i ng. reproducing
devi ce, con&tGerdest simulteReauslye A thet FRMS| ﬁlsﬁ’awg'gfﬂ,e q’gb'é%d ¢ fi1s¢

" atorded si GHARS SFErGALERd Y o Eeit Sfubthd EVIBEHHRRLER, {d Yo E1H Wit

recorded sig ng conten

of the addregs, 2,uhj chyq et%ﬁ‘lc@déc)ﬂ RYeAled 66 HEPWhaftér Fag. h6.ndwe
si gnal s cannot be reproduced, or a random hap-hazard noise is produced,

t hus di st resgiaildridead66mmodatingUnélerodieiag devinerst ances, the present
Assi gnee has proposed in Japanese Patent Application No.8-228968 a net hod

in which, if recdosiewen,sa dde om wmbiah datecofiithh Aheodedandidatdaofithaew
standard), a signal advising the fact that part of recorded signals, _.cannot
be reproduceB-pgdeedraxrubenn necord edasimeltapgouspe caanptiiie d13¢f1ded fipm g
is recorded jn accordance with the old stagﬁlar d*b%A-codec) and icn \lMai ch, if
the signal iYSrEPPORRARGE BY (& IRtheTHeGPTAIRS e RE5EPRAS Yottt 2SR Al s
ot her than that, recogd ' : ; i -
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produced. The.Japanese Patent Application No.8-228968 also teaches a

met hod i n whilkd distedsagen sohhastdnddrtie odabmmentietiolg reproducing device.
Since the old standard accommodating reproducing device,
constructed in accordance with the old standard, proceeds ‘to
reproduce signals recorded on the disc on the assumption that the
all recorded signals are based on the A-codec, without checking the
contents of the address 2 which was set at all times at 0 as shown
in Fig.16, the signals cannot be reproduced, or a random hap-hazard
noise is produced, thus distressing the user.

Under these circumstances, the present Assignee has proposed
in Japanese Patent Application No.8-228968 a method in which, if
recording is made in accordance with the added standard (new
standard), a signal advising the fact that part of recorded s-ignals
cannot be reproduced by reproducing means adapted to cope only
with this standard is recorded in accordance with the old standard
(A-codec) and in which, if the signal is reproduced by the old

standard accommodating device, signals other than that recorded in



(A-codeg) is pre-recorded on the recording nmediumand, if recording is to
be nade by the new standard, the contents of the playback nanagenent
information are acted upon so that, if the signal is reproduced by the old
standard accommodating device, the above nessage signal is reproduced for
enabling the signal to be recorded on an inexpensive new standard
ﬁgcgnggggggnglreproduEing device. The Jgpanese Patent Application

. 8- al so teaches a neth inwhich, if the signal is to be .
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the ol d standard. at I's, the Japanese Patent Application No.8-228968

teaches a ngshoded shehiachetheddial wiibat a aneswig eeigesir bguhedobd st hrd at dl
standard accommodati ng reproduci ng device itsel f cannot be reproduced by
m st ake and @A+~esdegkingresiexptdwml onethofechrdingmestinm ehd; HE recosdinsg
mediumis transmtted to the user to prevent the user of the old standard
a(r:]corrrmdati g tepbeduidry bxicihiec ey othapdase idieicontgays of the Pilﬁyfil%c '
shows an exanple in which_.recordi ng has heen made on . a, di.sc e A
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: on an inexpensive new standard accommodating reproducing device.
The Japanese Patent Application No.8-228968 also teaches a method
in which, if the signal is to be reproduced by the old standard
accommodating reproducing device, the message signal is reproduced
in association with the signal portion recorded ﬁy the new standard
for advising the user of the o-ld standard accommodating reproducing
device which musical number has been recorded by the old standard.
That is, the Japanese Patent Application No.8-228968 teaches a
method in which the data that cannot be reproduced b;r the old
standard accommodating reproducing device itself cannot be
reproduced by mistake and a message advising the user of the
contents of the recording medium is transmitted to the user to
prevent the user of the old standard accommodating reproducing
device from becoming dismayed.

Fig.18 shows an example in which recording has been made on

a disc by the method disclosed in the Japanese Patent Application



first reads the old standard | eading data nunber at an address 0 and an
old standard | ast data nunber at an address 1 (these nunbers correspondi ng
to the- |eading data nunber and the trailing data nunber of Fig.16). In
the exanple of Fig.18, it can be construed fromthe old standard | eading
data nunber and the old standard | ast data nunber that the data recorded
on the disc is only one beginning fromgsie data nunber 1 and term nating

Gevi ce cneok U Rebaggssindn (1, S bR EE FRLINTTINE, ehd s OREnL T g3l
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I nformed of the position of the address data In the managenent area
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t he address (address 118) specified by the address storage position

i nformation of tHa Higrkssthe ialdostierdard becommiodatidgofephedponig idevice
(address 2000002 in which the audio signal of the data nunber O is stored.
I't shoul d befif® éeatihatthe M istandard|lgadingdtate avodmrottenngddress Odued ng

devi ce disre argfdst he c des| nati ng,i nfornmati on stat ed at an address
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application hence
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data nunber 0 are a nessage running: "Please use B-cddec acconmodati ng
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is reproduced, the user of the old standard
data number that the data recorded on the disc is only one beginning
from the data number 1 and terminating at the data number 1.
Then, the old standard accommodating reproducing device checks the
contents of the address 5 (that is the address storage position
information) in accordance with the old standard in order to be
informed of the position of the address data in the management area.
The old standard accommodating reproducing device then checks the
contents of the address (address 118) specified by the address
storage position information of the address 5 in order to be
informed of the position (address 200000) in which the audto signal
of the data number O is stored.

It should be noted that, while the old standard accommodating
reproducing device disregards the codec designating information
stated at an address 118, audio signals having the data number O is
actually encoded by the A-codec in the method described in the

I

above-mentioned Japanese Patent application No.8-228968 and hence



accomodati ng machine is safeguarded against falling into a distressed
state. I f a reproduci ng devi ce accommpdati ng both the old and new
standards, that is a reproduci ng device accommpdati ng the new standard,
reproduces this disc, the contents of the node designating information at
the address 2 of Fig.18 are first checked in accordance with the new
standard. This advises the new standard g4eccommodati ng machi ne of the

possibility that this.disc has t;)]f:en ecorded jn accordance with the new

Standard 1 (BESityiissha PRACISM. %, Ponbhnty PECRE, BUREY st BRI BEVIRE ( pe
de desi : T . 1 q : :
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standard and reproduces recorded signhals on the assunption that, fromthe

contents of dize”l.ebflithds esigmddt &s neprerduafed,heheewsest afddred lid isbhen dded ess
3 and the contents of the trailing end data nunber of the new standard at
- the address accammodating ropebimeeds tpfegusrdiedc agadnsdbufallang dntdr om
addresses 2 to 5. That is, the nessage for the old standard accommopdati ng
r epr oduci ng Fewseq 8§taffal s having the data number 0) is not reproduced in

11 case. MYy ik S0H TSR 9Lk SR B "

standard ac isNg Vige,, | : a L r S i h I ue
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! information at the address 2 of Fig.18 are first checked in
accordance with the new standard. This advises the new standard
accommodating machine of the possibility that this disc has been
recorded in accordance with the new standard 1 (B-éodec). Based
on the provision effective for the case of the mode designating
information of 1, the new standard accommodating machine
disregards the leading end data number at the address 0 of the new
standard and the trailing end data number at the address.1 of the
old standard and reproduces recorded signals on the assumption
that, from the contents of .the leading end data number of the new
standard at the address 3 and the contents of the trailing end data
number of the new standard at the address 4, data to be reproduced
by this disc are four data of from addresses 2 to 5. That is, the
message for the old standard accommodating reproducing device
(signals having the data number 0) is not reproduced in this case.

rd

However, by way of a caution to the disc user, the message can be



t he abave-nenti oned Japanese Patent application No.8-228968 is used, not
only the desired audi o signal data recorded on the disc by the new
'standard accommodati ng device can be reproduced, but also only the nessage
of caution concerning disc reproduction can be reproduced by the old
standard acconmodating reproduci ng device, thus preventing the user from
falling into unneeded distressed state. 47 However, it is not the signal

h but th | .that b duced
Above. descr FBBORBE ARG SByRL R HHE ReknRLbR A1a0 SRRSISTIONS & by B8YEFfry in
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even by the old standard accommodati ng reproduci ng device, while both the

signals by the Alrdsiexeeandroimoske dorielpeiflg tionigeif tloe hethe@prdidotesed fint he
new standard acconmodating reproducing device is used. On the other
hand, if sighel sbovedinehdiomned sizparess Pateat iapplidagian sNof. 8-BE 8968 is
standard (A-codec) and s gnal of ,the,new, standard (B-codec), are, recorded
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codestring is prescribed so that 1ong-tine
thus preventing the user from falling into unneeded distressed state.

However, it is not the signal as such but the message signal
that can be reproduced with the above-described method by the old
standard accommodating reproducing device.

Thus, with the present embodiment, the following technique is
used so that, if-signals by the A-codec and signals of the B-codec
are recorded on the same disc, the signals of the A-codec can be
reproduced even by the old standard accommodating reproducing
device, while both the signals by the A-codec and those of the B-
codec can be. reproduced if the new standard accommodating
reproducing device is used.

On the other hand, if signals of different standards, that is
signals of the old standard (A-codec) and signals of the new
standard (B-codec), are recorded together in the same disc, the
recording area allocated to these two signals is decreased, thus

-

possibly lowering the quality of recorded or reproduced signals (the



signal ¥ecording/reproduction is possible if the nunber of channels s
small, as in the recording format shown in Fig.11 or if nonaural signals
are vecorded as in Fig.10, a nunber of bits smaller than the total numnber
of bits that can be allocated to each frane is allocated to the snal
nunber of channels. Stated differently, for the A-codec, a nunber of bits
smal l er than the total nunmber of bits alggocated to each frame is used for

di t hat | di WL ' di f ..and
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signals). For producing the above-nentioned void recording area, the

channel encesbddimente Fhavdac i€rcodidegt rimghixdpeeascdib edaso abad fiohg-tine
bandwi dth, in addition to adjusting the nunber of allocated bits as

descri bed abugaal recordifgi{tepradistéenisdpBssibdecifsthynaiwmbee ahcbdadels t h
. the nunber of bits smaller than the nunber allocatable to a frame, as
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However, since the present enbodi nent enploys a nethod hi I'n " encodi ng
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| ong-tinme transform bl ock for encoding the B-

a number of bits smaller than the total number of bits allocated to
each frame is used for encoding so that a void recording area will
be produced in a frame and signals not reproduced by the old
standard accommodating device, that is signals of the B-codec, are
recorded in the resulting void recording area in the frame, for
enabling long-time mode multi-channel recording/reproduction
(recording/reproduction of both A-codec and B-codec signals). For
producing-the above-mentioned void recording area, the channel
encoded by the A-codec encoding method can be narrowed in
bandwidth, in addition to adjusting the number of allocated bits as
described above.

If the A-codec and B-codec signals are encoded with the
number of bits smaller than the number allocatable to a frame, as
described above, the number of bits allocated for encoding the A-

codec is reduced as compared to the case in which the total bits are

allocated for encoding the A-codec, so that the reproduced sound by



codec, -t he nunber of bits used for encoding the B-codec is relatively
small to increase the nunber of bits that can be used for encoding the
A-cedec, thus suppressing deterioration in sound quality. That is,
by the present enbodi nent, by encoding signals of a channel not reproduced
by the old standard accommodating reproducing device, that is B-codec
signals, by a nethod nore efficient thag when encoding signals of a
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actually inproving the encoding efficiency nmay be enunerated by use of
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Fig. 19, eacgufaqﬁ > conposed of a pre-set nunber of bits is separated into

two areas. Specifically, in areas 1 and 3 of Fig.19, signals of a channel
(L+R)/ 2, encodedThgttiswy by the present embodiment, by encoding signals of a

channel not reproduced by the old standard accommodating
reproducing device, that is B-codec signals, by a method more
efficient than when encoding signals of a channel reproduced by the
old standard accommodating reproducing device (A-codec signals),
it becomes possible to minimize the lowering of the sound quality
otherwise caused by reducing the number of biots allocated to
signals reproduced by the old standard accommodating reproducing
device as a result of using multiple channels.
The methods for actually. improving the encoding efficiency
may be enumerated by use of long-time transform blocks or of the
" variable length codes, separation of tonal components and so forth.
These methods are encompassed by the method of the present
invention.. For simplifying the description, the case of using the
long-time transform blocks or of the variable length codes and
separation of tonal components is hereinafter explained.

Fig.19 shows an example of a codestring employing the above-



above Ascodec encodi ng net hod, are recorded, whereas, in areas 2 and 4,
shown by hatching, signals of a channel (L-R)/2, encoded by the above

B- codec “encodi ng net hod, are recorded, while areas 2 and 4 correspond to
.the void recording areas. The above-descri bed A-codec encodi ng net hod
.1s the encoding nethod explained with reference to Fig.9. the B-codec
~encodi ng net hod nay for exanple be a rgy hod of Fig.13 used for encoding

signals tran nto S conponent signals with a transform
l ength twi ceifﬁ&f mter?g° g&gﬁ pr‘ﬁ’ré“ﬁr‘&ﬁ§f‘6’r°rﬁ 1ength for the A- codec
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A-codec. Therefore, the nunber of bits used in a codestring obt ai ned by

the above- ment iaaded A Fdgel Enaeghals ofcahetapne! o(-eR)1Z, harceidel yr the
the A-codec codestring) can be calculated easily. If the nunber of bits
used by the Abovded-cadebeencalding anethodharkeoatiowyl eglgsivhierrasf inhereas 2
codestring obtained by the above-nentioned B-codec encodi n9 met hod
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be known easily varlab enco |ng et hod, for exanple, is used
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B-codestring can be calculated easily in this mnner, it becones
possi bl e fomethbd er:qﬂaudaﬂzlwg_th deafiecence to Fig.9. the B-codec encoding

. method may, for example, be a method of Fig.13 used for encoding
signals transformed into spectral component signals with a transform
length twice that for the A-codec. The transform length for the A-
codec is twice as long as the B-codec transform block length.
Therefore, the code corresponding to the transform block are
recorded across two frames.

In the example of Fig.19, the fixed length encoding method is
used for the A-codec. Therefore, the. number of bits used in a
codestring obtained by the above-mentioned A-codec encoding
met-hod (referred to hereinafter as the A-codec codestring) can be
éalculated easily. If the number of bits used by the A-codec can be
calculated, the leading position of the codestring obtained by the
above-mentioned B-codec encoding method (referred to hereinafter
as the B-codec codestring) can be calculated easily. Alternatively;

d

the B-codec codestring can be adapted for beginning from the



accommdati ng both the A-codec and the B-codec (new standard accommodati ng
repr oduci ng device) to process both of the codestrings pronptly by
paral | el operation thus enabling high-speed processing. Al so, in the
enbodi ment of Fig.19, since the A-codec encoding nethod uses the
fixed-length encodi ng nethod, the nunber of bits used by the codestring
obt ai ned by the A-codec encodi ng net hod {;A- codec codestring) can be
calculated easily. If the nunber of bits used by the A-codec codestring
can be cal cuisdtiog endtof & fesmer Itlﬁélislwm,n@leeig@ﬁ@s& ppsitign ehdhe B-

d [ b h - cod - i NQ [
At glfﬁé't ingefj%‘,lgﬁ o G BB o A M temroen a1 Th o v BREAb £ ik n SaF Siine
trailing e f . ln thi , I ' .
codest r ' ng Behnad: TeRcuirmbls I BoER% thf AT BaBPlifh b Ath St s REERe
met hod, f Orlea@fggﬂagsit'i nﬁ?@h@sBIa@déﬁﬁ@ﬁi?%ﬁf‘@%démmw@%as'ﬁy ihehis

| eadi ng end ~ pos on o e B-codec codesTring can be calculatéed easily in
this mannemanplelr, DRCONBEcoMesSI ?'d%silfym fdre thepr adpeoduciflgvi device
accommodat i ng both the A-codec and the B-codec (new standard accomodating
repr oduci ngacelemincedating froaheshebdt-lcodeic tamel tbedBstroidegs (peonpthpdbyd
paral l el operation thus enabling hjgh-speed

52 processimgeommodaiipgt héeNQgﬂ@tﬂBan i6§) nethoPrO6RERI MOthe of the

T M L R S N AT NTNACRITE e
nar r oned fo;rnocessing. _

Also, in the embodiment of Fig.19, since the A-codec encoding

. method uses the fixed-length encoding method, the number of bits

used by the codestring obtained by the A-codec encoding method (A-

codec codestring) can be calculated easily. If the number of bits

used by the A-codec codestring can be calculated in this manner, the

leading end position of the codestring by the B-codec (B-codec

codestring) can be known easily. Alternatively, the B-codec

codestring can be designed to begin at the trailing end of a frame.

In this case, the leading end of the B-codes codestring can be

known easily even if the variable-length encoding method, for

example, is used as fhe A-codec encoding method. If the leading end

position of the B-codec codestring can be calculated easily in this

manner, it becomes possible for the reproducing device

accommodating both the A-codec and the B-codec (new standard

accommodating reproducing device) to process both of the

codestrings promptly by parallel operation thus eﬁabling high-speed



securing an area for recording signals of other channels (void recording
area) as described above, the quantization fineness data or the
normal i zati on coefficient data on the high frequency side, for exanple,
can be omtted conveniently. In this case, the nunber of bits used for
encodi ng by the A-codec encoding nmethod can be calculated easily. - In
t he above-descri bed enbodi nent of Fig.19.,the (L+R)/2 channel signals are
recorded as an A-codec codestring, wher €28 t he (L-R)/ 2 channel signals are
recorded as Rf%°S8te&- codestring. Thus, if only the area having the

A- codec signal s, for, ex | e, recorded therein, is.reproduced and. decoded,
(L+R)/ 2 m)gaural Igighealéméoa‘ﬁéc B G P%&%t&o%deq%g s Ptfhebdf‘ﬁogﬁa Yody on
havi ng A-co j Safl ei :gngar i - € ignal s -
recor ded tﬁgl%eﬁlﬁg%?é ?te.g?%g{ﬁgg gﬁgsdeé(}o eg:,@é?lblat ehgé%%ﬁgﬂf\%&qw

decoded si GilainthdlSehObBdd bhetlié 0Alcd i c CoddEin gSinddd &d G8NnRer JWRBOHYEEd.
On the other hand, if the ditference between the two decoded signals is

found, the Isefcuridy ahammek Sfognateocdingesipmpiodofedthet hoharnabd i (goid
stereo reproduction. The ol d standard acconmodating reproduci ng

devi ce di sragarddingisreaeas cdesariibgdnebpum Haei qgantizatooestinengssf d#ta. 19
recorded thereon, the gbove-descrjibed area encogeg_gb&{:he B- codec, engodi ng
53 method, < thamemalizarion graFEcient dats at sREHEN Hoquaney sitor g

et el g B ORUE TEARER SRRTRNIAARYT I A UL FRE bR
having recondegd ﬁ@@&e%‘rt@@c&@ﬂf?tﬁ}nﬂléhﬂy‘@odgc encoding method can be
| calculated easily.

In the above-described embodiment of Fig.19, the (L+R)/2
channel signals are recorded as an A-codec codestring, whereas the
(L-R)/2 channel signals are recorded as a B-codec codestring. Thus,
if only the area having the A-codec signals, for example, recorded
therein, is reproduced and decoded, (L+R)/2 monaural signals can
be reproduced, whereas, if both an area having A-codec signals
recorded therein and an area having B-codec signals recorded
therein are reproduced and decoded, and the sum of the two decoded
signals is found, tﬂe right (R) channel signals can be reproduced.
On the other hand, if the difference between the two decgded
signals is found, the left (N) channel signals can be reproduced,
thus enabling stereo reproduction.

The old standard accommodating reproducing device disregards,
in the recording medium having the codestring of Fig.19 recorded

-

thereon, the above-described area encoded by the B-codec encoding



in Fig.l9, by a reproducing device carrying both a A-codec decodi ng

circuit and a B-codec decoding circuit (reproducing device accomobdati ng

the.new standard). Thus, if, after the coming into w despread use of the

ol d standard accommodati ng reproduci ng device, the new standard

accomodat i ng reproduci ng device has introduced the encodi ng nethod shown

in Fig.19, as a standard for stereo repg®duction, the old standard

accommodat i ng reproducin devi ce can reproduce npnaural signals,

~ Meanwhi | e, smﬂt:leo@hemdég@ai mpnaurali signelsgetdni hg traradesadc fepsestkan
be i npl enent ed a hardware of a relatively small gcal t he reproducing

device car rrficﬁéggﬁ%hmﬁgé'éﬁ‘i ﬁd"évgc&h% g %%é‘?%ﬁ?%it %?igsftréngoﬁ;%%"s‘f‘?&

Fi g. 20 sho KL ratl v r r : i LI el

generat i ng. 31e0ael; (s MERSTIBERE, RiBLoABRARY B Bl o Ld, trom

present i nveNte@Brding mediuml hadlnglr&dGrdé@d thePeénSIHEN3bdbIPANE dhdwn
R-channel input signal 190b are converted by a channel conversion circuit

119a into dnsFigndlo,liPPe caproriyeing dgvice chif)ing bodhtaoAacsidgoadedSdihg
corresponding to (L-R)/2, respectively. The (L+R)/2 signal 190c and the
(L-R)/ 2 sigredrcuid0daade serB-¢odect idetodingpdichrewitr c{ieprotgisingd device
second encoding circuit 119c, respectivel 3/ - The first encoding,

circuit 119BGe® REGidadingtthe nefe sspgdard). Thus, if, after the coming”into

o1 comonenty SRS et ARl i AR ARASHESH el e
A-codec encQfllyige Telil0th o (1 st Ni5d RE 164 c {GRGh 0 44 n3C TePFo dBBAPE! BEvELL CAd
119¢c has a transfornatlon bIocﬁ ?engt% twce as
introduced the encoding method shown in Fig.19, as a standard for
stereo reproduction, the old standard accommodating reproducing
device can reproduce monaural signals. Meanwhile, sincé the
decoding circuit for decoding the A-codec codes can be implemented
by a hardware of a relatively small scale, the reproducing device
carrying such decoding circuit can be fabricated at a low cost. |
Fig.20 shows an illustrative structure of an encoding circuit
for generating a codestring of Fig.19 using the above-described
method of the present invention.
In Fig.20, L-channel input signal 190a and a R-channel input
signal 190b are converted by a channel conversion circuit 119a into
a signal 190c¢ corresponding to (L+R)/2 and to a signal 190d
corresponding to (L-R)/2, respectively. The (L+R)/2 signal 190c and
the (L-R)/2 signal 190d are sent to a first encoding circuit 119b and
to a second encoding circuit 119¢, respectively.

rd

The first encoding circuit 119b is equivalent to the signal



|l ong as.the first encoding circuit 119b, and is equivalent to the signal
conponent encoding circuit 111b, having the configuration of Fig.14. To
thi s, second encoding circuit 119b is applied the above- described B-codec
encodi ng nmet hod. The A-codec codestring 190e of the first encoding circuit
~119b and ‘the B-codestring 190f of the second encoding circuit 119c are
both sent to a codestring generating %hrcuit 119d. Thi s codestring
generating circuit 119d generates a_codeString, shown in Fig.19, fromthe
codestrings Sogwonent engodinpgusiremit Iddheoft gw(?oééyfnsrfdwagoarﬂlsmwpn

destring si 90 . Fig .21 the . ing f).o0w h
Codest 11 ng o@RdriE: fng T thit FIrETeasdmbgout wih HErtas e aliBE R bt oot

Fig. 19. de'sgri{f)iegi' ?\]'-cgat%b;c fern%%ﬁ_i@g?g%rthga'.eyﬁﬂihtei ?g éleﬁ&ah% 1tH3et sgagﬂd

S101. At the next step an C CoO ring e is récelve rom

‘the first engadb@gngi E¢hlit 1PPe His o RPaPIfbIma tiohS bil 8REe YA NeFiceOlasnOt
the frame nunber F Is odd or even. If the frame nunber is even, processing

transfers tolehgpaShhe afiktsti éntbdidg asiecoivlarot,sanddis dyuicasentido the
transfers to step S104. At step S104, a B-codec codestring 190f from
the second eigmeli ngmpignent endoding cirewitvebllbAhavheg tet configusadinn oife
above- nentioned codestring of Fig.19 . is synthesized, from¢the codestrings
55 190e, 190Fig.14. Toathiy sgcardpenreding qizekiddl WALt HerP@listhiths, abeysng

Fa.20 is toharraeed Hrgode shrdrinecmothads (ERE Auhidfcroodbstiisg' fod’
of the first encoding circuit 119b and the B-codestring 190f of the
second encoding circuit '119¢ are both sent to a codestring
generating circuit 119d.

This codestring generating circuit 119d generates a codestring,
shown in Fig.19, from the codestrings 190e, 190f to output the
generated codestring as an output codestring signal 190g.

Fig.21 shows the processing flow for the codestring generating
circuit 119d of Fig.20 to generate a codestring of Fig.19.

In Fig.21, the frame number F is initialized to 1 at step S101.
At the next step S102, an A-codec codestring 190e is received from
the first encoding circuit 119b. At step S103, it is judged whether
or not the frame number F is odd or even. If the frame number is
even, processit.lg transfers to step S106 and, if the frame number is
odd, proce.ssing transfers to step S104.

At step S104, a B-codec codestring 190f from the second
encoding circuit 119c is received. At the next step S105, t’he above-

mentioned codestring of Fig.19 is synthesized from the codestrings



. the second

increnented by one at step S107 before processing reverts to step S102 to
repeat the above processing. In the processing of Fig.21, the frane
nunber ‘F begins at 1. However, since the processing unit of the encoding
nethod for the B-codec is tw franmes, which is twice that used in the
A-codec encodi ng nethod, the codestring is generated every two franes.
Fig.22 shows an illustrative structure ofsa decoding circuit of the new
standard acco%noda%gpg reproduci ng devi ce adapted for decoding the
codestring aP ﬁbd: ‘generated by the above-described encoding nethod of

the present invepi fep, S106 061 eh e AwhOREr G905 PrRee30liny Wb BN IS

a codestring of i's ’separate y a codestring separation circuit

120a into tlpe, mPsCRISCcERALCTH ANGIAROD #NGHR Beseriess CORSS! brogeddiag othi ch’
are sent to a first decoding circuit 120b and a second decoding circuit

120c, respe@igVel yis terminbtedfiansd, décodhagwise,cuthte f20me snwembievalFenis t o
the signal conponent decoding circuit 114b of Fig.5 and operates for
decodi ng t ecremedéedcbyesne Hiesbter Fhl dcweftinggpeo eessing1pecertisato rjea
conversion block length twice that of the second decoding circuit 120c, is
equi val ent 3 &hto Jiepeart tEEngRMERPIASESAI M circuit 114b  having the
configuration of

56 codec codes. Kll:ls 'SQT%Q(%G% ﬁ{égﬁﬁgg@%ﬂ?ﬁgg;fr%stehgleu(?%%?rngF cbler“”t:iﬁlist at 1120b

B e LR
B-codec is two frames, which is twice that used in the A-codec
endoding method, the codestring is generated every two frames.

Fig.22 shows an illustrative structure of a decoding circuit of
the new standard accommodating reproducing device adapted for
decoding the codestring of Fig.19 generated by the above-described
encoding method of the present invention.

In Fig.22, an input codestring 200a, which is a codestring of
Fig.19, is separated by a codestring separation circuit 120a into the
A-codec codestring 200b and a B-codec codestring 200¢c, which are
sent to a first decoding circuit 120b and a second decoding circuit
120c, respectively.

The first decoding circuit 120b is equivalent to the signal
component decoding circuit 114b of Fig.5 and operates for decoding
the A-codec codes. The second decoding circuit 120c, having a
conversion block length twice that of the second decoding circuit
120¢, is equivalent to the signal component decoding circuit 114b

4

having the configuration of Fig.5 and operates for decoding the B-



signal (L-R)/2 190d. Since the signal (L+R)/2 200d and the signal
(L-R)/2 200e are of different conversion block | engths and hence are of
diffegrent processing tine delays, the signal (L+R)/2 200d fromthe first
decoding circuit 120b and the signal (L-R)/2 200e fromthe second decoding
circuit 120c are sent to a nenory circuit 120d and to a nenory circuit
120e, respectively, where the above-mentioned processing tinme delays are
absorbed. The signal (L+R)/2 200d and t1®€ signal (L-R)/2 200e, passed

t hrough the fedeeycedetui fis signal ZOszeieo&d@dgém the firshaesodipgngincstion

(LR 12 2001 28Ri% REOLTHIERE (3 thF) Bieat g?ﬁsﬁéé?ﬁﬁra‘%%zg*u thaniendd] 40
200n. vt © 84bLEERLHYSDS R dd 2 0BT 1981 Hu0lens 13RS

200f to generate a R- hann S|gna annel
si gnal s. signal (12R )/2Npy6dt he processing flow when the codestring
separation ci rcw t 120a separates ‘the codestring of Fig.19. I n
Fig.23, the franeSineebthie Fligmali (L+RY/2 2000 datandt ele SPPdalt OL-R)/ 222 0eChre
S202, the A codec codestring to be sent to the first decoding circuit 120b
i s separ at edofindiffergnt Atontegsi®R0Blo¢k lealgtbhe@hdd hnrm@teharreopfndifﬂelnent
frame nunber F is qdd or even. If the franme nunber F is npot odd,

processi ng t PEQS® 5188t dlglteerﬁegggs, athe signal (L+R)/2 200d from the first

A C R T SEEE G- T AR W L

separ at ed an&‘eé@@fng circuit 120c are sent to a memory circuit 120d and to a
memory circuit 120e, respectively, where the above-mentioned
processing time delays are absorbed. The signal (L+R)/2 200d and
the sigxial (L-R)/2 200e, passed through the memory circuits 120d,
120e, are sent to a channel conversion circuit 120f.

This channel conversion circuit 120f sums the signal (L+R)/2
200f and the s&gnal (L-R)/2 200g to generate a L-channel signal
200h, while sub'tracting the signal (L-R)/2 200g from the signal
(L+R)/2 200f to generate a R-channel signal 2001 to output these L
and R channel signals.

Fig.23 shows the processing flow when the codestring
separation circuit 120a separates the codestring of Fig.19.

In Fig.23, the frame number F1 is initialized at step -8201 to
1. At step S202, the A codec codestring to be sent to the first
decoding circuit 120b is separated and sent. At step S203, it is
checked whether or not the frame number F is odd or even. If the

P

frame number F is not odd, processing transfers to step S205 and,



At step.S205, it is checked whether or not processing for all franes has
cone to.a close. If the result is YES, processing of Fig.23 is term nated
and,,if otherwise, the frame nunber F is increnented by one at step S206
bef ore processing reverts to step S202 to repeat the above processing.

In the processing. of Fig.23, the frame nunber F begi.ns at 1. However,
since the processing unit of the encodln thod for the B-codec is two

frames, whic twice th at of .1h dec en od| met hod, the codestring
I S separ at ed&e{’/gl?‘i'/"?vﬁf R rﬁs“'ss"tl Eiranfﬁ PR rig)escri ption of the

preferred embodi rrxetsmepréyoz;sm@aéﬁc&ée@@oa@gmh Ned ¢ Ebegﬂ%m&ﬁwgseond

signals) are recorded a vold recordi ng area each
nodi ficati ondecédiﬂ*@ cifouite ¢ 4k s@lpmtaataadr@gqr ded in a void area are
set to'0", it is also possible to record the information speC|fy| ng the

channel structurét step §2&%p| H, is rvhtelok edomch atheor of mptapeacesfinghdochalinel
structure is recorded in a frame, it beconmes possible to effect standard
“extension i nfrgmen hae ¢Rmpetoot elnsenelf flltﬁ ireséhsied YEW 1 rotacensdngyiofg
the contents re?Z rded in the so-called.tahl e-of - nts (TOC area i.n

~case of usi i s'& a‘§r§"f’366 dPHS mikii AR eTWis ey hé}?‘éb Vem&e bey F is
embodi men} A n‘tanﬁc%n{érﬂ@ed 'bﬁ' %' : tjeﬁtegz% b%rf??e o d 3%9%5,[ m&%r} s%apfor

B- codec I'S case cessary 1O recor

i nformation SE@Q'tfoVkE‘Eeihehé%%tove processing. 58
that such recording has been nade. If the information specifying the

channel structurdn sheeppsdesking blﬂa*‘igmd reofeamg AuabeasFi beghes g1r gsent
nmodi fication, it is unnecessary to nodify the TOC contents.
However, since the processing unit of the encoding method for the
B-codec is two frames, which is twice that of the A-codec encoding
method, the codestring is separated every two frames.
In the above description of the preferred embodiment, only
signals of an additional channel (B-codec signals) are recorded in
a void recording area of each frame. As a modification, if the
contents of dummy data recorded in a void area are set to ‘07, it is
also possible to record the information specifying the channel
structure, for example, in the void recording area. If the channel
structure is recorded in a frame, it becomes possible to effect
standard extension in which the number of channels is increased
without modifying the contents recorded in the so-called table-of-
contents (TOC) area in case of using a disc as a recording medium.
In the above-described embodiment, each frame is divided into an

area for A-codec and an area for B-codec. In this case, it becomes

necessary to record in the TOC the information specifying the fact



O course, this nethod can be used in conjunction with other nethods of
the present invention as described above and, by so doing, high efficiency
encogdi ng can be advantageously realized w thout nodifying the TOC portion.
The present nodification enploying this nmethod is hereinafter explained.
For sinmplifying the explanation, it is assuned that the transform bl ock .
has the sanme-length in the A-codec encodi B§ nethod and in the B-codec

encoding et iads At PaLo A AL B BRI s oK EOmb 1S PepR0RG 805 O

nethod i s enc n one ourse

i nvention Ca'%h{l‘in%ﬂ’péﬂr%@tﬁpe 3isC?§€orH@dV‘ﬂi Ghet B8id rRARDrALAY bi%k aseﬂgttli'leOf
t he B-codec encoding nethod 1s longer than that of the A-Codec encoding

met hod. presgnf4mebbiibativn, | itUist tahkeyes caBMpd emodify ¢Rd€BOIC ROntents.
associated wth the nodification. In thi's nodification, only audio
signal s of of¥f chawmrss, dhis (neRhod xam rkexcousied im cohpjunciddac withnnether
(termed A-channel) as in Fig. 19, whereas, in the void recording area, the
channel cond¢thadsplydhs |P§°Feebr’d?é’d=néﬂé)hga§\n das¢nibed aRpre @Wé‘nnbb’ |Sﬁ
the wvoid recor.ding R, st er eo rep r oduct.

from t e two JOURERNBTED P Fieienew aRao LRy £l Hbortis HUCRORUF By TEREZA
oL encard Ry PRSI TPERISRM hou mdllvine the T
space for recordi g e PeesERHES d FPOSLibhUEMPIoFed @ this a8etied is hereinafter
explained. For simplifying the explanation, it is assumed that the
transform block has the same length in the A-codec encoding method
and in the B-codec encoding method and that data of a transform
block of the B-codec encoding method is encoded in one frame. Of
course, the method of the present invention can be applied to a case
in which the transform block length of the B-codec encoding method
is loﬂger than that of the A-codec encoding method.
Fig.24 shows an illustrative example of a codestring associated
with the modification.
In this modification, only audio signals of one channel of
'(L+R)/2 are recorded in the A-codec channel (termed A-channel) as
in Fig.19, whereas, in the void recording area, the channel
constituting data is recorded along with the (L-R)/2 channel in the
void recording area.
By so doing, L and R stereo reproduction from the two
channels of (L+R)/2 and (L-R)/2 becomes possible by’ the new

standard accommodating reproducing device without modifying the



provided next to the (L-R)/2 signal, and the channel constituting data is
set to 1. If the channel constituting data is 0, no vacant recording area
i S gener at ed. Fi g. 25 shows an enbodi nent of an encoding circuit for
generating the codestring shown in Fig.24 enbodying the present invention.
In Fig.25, an input signal 210a is conprised of L- and R- channel signals
and converted by a channel conversion ciggcuit 210a into a signal (L+R)/2
210b and a signal (L-R)/2 210c which aresent,, to a. fi rﬁt enco(%'n Ci rcyit
121b and a sBEO&hdcemtttisnglei thei example of cEigd4. dpythe emb ’é‘q?ﬁ s?

di [ it 121b i i val . h [ I i .
i oui t 111tF 1 2 g 3PRESI Y {REORUMKEbY eranibl,ca FEEREARE 4RRE R is,
ot hod The BLTHGES Bl PP A0 2TSRES DAL ORY R oSSPRLIME

the B-codec gadestridd to2i0erpfihehenagaentaivioditifigCacaiils 921s0avechat h
supplied to a codestring generating circuit 121d. This codestring
generating cigcdltiding2hdagisngentested.codestring shown in Fig.24, fromthe
codestrings 210d and 210e, to output the generated codestring as an out put
codestring signalFigi@h. shows Tne embpadjmemit of #hgeradisgudeischitofer ol
circuit 121e. This, control ¢circuit 12le is rPe_spggsiv o an, input

" signal 210f generating the codestring shown in Fig. 88 %ttihﬁgpgﬁéent

- encoding node to .generate a control signals 210g which controls conponents
fromthe cod®¥MthY"separation circuit 120a to the codestring generating

circuit 121d to %nq{igt.fﬂr@n input signal 210a is comprised of L- and R-
channel signals and converted by a channel conversion circuit 210a
into a signal (L+R)/2 210b and a signal (L-R)/2 210c¢ which are sent
to a first encoding circuit 121b and a second encoding circuit 121c,
respectively.

The first encoding circuit 121b is equivalent to the signal
coxﬁponent encoding circuit 111b of Fig.2 having the structure
shown in Fig.4. To this first encoding circuit 121b is applied the
above-mentioned A-codec encoding method. The A-codec codestring

:210d of the first encoding circuit 121b and the B-codec codestring
210e of the second encoding circuit 121c are both supplied to a
codestring generating circuit 121d.

This codestring generating circuit 121d generates a codestring
shown in Fig.24, from the codestrings 210d and 210e, to output the
generated codestring as an output codestring signal 210h.

The arrangement of Fig.25 includes a control circuit 121e. This

-

control circuit 12le is responsive to an input signal 210f



codestring of Fig.24 as will be explained subsequently with reference to
the flowhart of Fig. 26. Fi.g. 26 shows the processing fl ow when
geneyating a codestring shown in Fig.24 based on the control signals 210g.
Nbanmhlle it is assumed that 200 bytes, for exanple, are allocated per
frame and that, if the recording/reproduction I's to occur

~stereophoni cally, as described above, bytes, 49 bytes and a 1 byte are
“allocated to the signal (L+R)/2, signal ?E R)/2 and to the channel
constitutingddatgnatiegptht iamioding modé ntdigpmdgateta i &0 rtited keig natl s s2 EPg
S301 whether qr not the recording/reproduction is tq occur

st er eophoni c#high centrelsnsempracuttairom shgnapdesting. sspppekioar cirquit

Step Ssos. 190373 B, oS adnerranat itRi 224 dog aaiatE theine
A~ codec, ugj, gs}gggbygpsm?fzgheadsneggl 15t§9 }%%an?é‘c?g ?ﬁéﬁeﬁ%f?jate

generat e t he c annel “constitdfirng data to ‘enco gen
data. Then, géfeq.re‘ﬁgest%oghetfmwghqul f(IngRh@Z i's encoded by the B-codec,

usi ng 49 byt es. he ot her hand,” the signal (L+R)/2 is encoded at
step S305 wusing orl bzse.sﬂml, tiie spepce3Ping 4F1dwt ewhane Yefdritingncede
the signal (L-R/2 by t he B-codec. At step S305, 200 bytes are used

to encode theodegtring(IlshRw® in Fig.24 bised henAtbodeontrol signals 210g1
Fi g. 27 shows_an enbodi nent of a decoding circuit of a standard

accommodat i nM ¥ bilgeilhgsdesswreddditted0Poby trSe g xampdec sdestHpsgtetown

'n Fig.24. per frame and that, if the recording/reproduction is to occur

stereophonically, as described above, 150 bytes, 49 bytes and a 1
byte are allocated to the signal (L+R)/2, signal (L-R)/2 and to the
channel constituting data, respectively.

In Fig.26, it is checked at step S301 whether or not the
recording/reproduction is to occur stereophonically. If the mode
designating signal of Fig.25 indicates a stereo mode, processing
transfers to step S302 ff and, if otherwise, to step S305.

At step S302, the above signal (L+R)/2 is encoded with the A-
codec, using 150 bytes. At the next step S303, one byte is used to
generate the channel constituting data (=1) and to encode the
generated data. Then, at step S304, the signal (L-R)/2 is encoded
by the B-codec, using 49 bytes.

On the other hand, the signal (L+R)/2 is encoded at step S305
using one byte. Then, at step S304, 49 bytes are used to encode the
signal (L-R)/2 by the B-codec.

rd

At step S305, 200 bytes are used to encode the signal (L+R)/2



In Fig.27, an input codestring 220a, as a codestring of Fig.24, is split

by a codestring separating circuit 122a into a codestring signal (L+R)/2
220b, and a codestring signal (L-R)/2 220c. The codestring signal (L+R)/2
220b and the codestring signal (L-R)/2 220c correspond to the codestring
signal (L+R)/2 210d and the codestring signal (L-R)/2 210e, respectively.
The codestring signal (L+R)/2 220b and the codestring signal (L-R)/2 220c
are sent to a first decoding circuit 122% and to a second decoding circuit
122c, respebyithd p-codec.The first deco 'rlng circuit 122b corresponds to

t he signal conpopent ding circuit 14b of Fig.5, haying the stricgture
of Fig.7, and degbﬁle% tﬁg°&ﬁje§no1e W‘EBHeef %h %‘d’@ ded&dithg© of 2

circuit 1220 tod g c e o] r t

o, havind ERSFEE PfECupB ¥R E%f’wéi%%c%v‘é@?hg%%% B qcing”

B- codec. Thetﬁgcgeoq;ggtpgl is88¥n & §/§4.220d decoded by . the f| rst decodi ng
circuit 122b, correspon s to the codestring signal (L+R)/2 210b, while the

codestring signal If lRiR.22, 220enpeiecodedting 2hoaf iassh cedostirigg Of Bugla4,
122c, corresponds to the codestri ng si gnal (L+R)/2 210c. There is a

di fference i s prpdee sy ng dadstdalgyséqeﬂmﬁemgthecuq;boﬂé&a iimgoskgnaldestriRy 2

220d and the codestri signal (L+R)/2
62 220e. Thusigaze @mﬁw (226 / and2ad crqdﬁﬁtfnhgfﬂgétaldébo&)ﬁ%, é2Pgui The

1220 a7 e ot EL4, TR LA AR SR8 UM
RETRCRCAEA T EAATH I R A et
codestring signal (L-R)/2 210e, respectively. The codestring signal
(L+R)/2 ZZQb and the codes-tring signal (L-R)/2 220c are sent to a
first decoding circuit 122b and to a second decoding circuit 122¢,
respectively.
The first decoding circuit 122b corresponds to the signal
component decoding circuit 114b of Fig.5, having the stricture of
Fig.7, and decodes the codes of the A-codec. The second decoding
circuit 122c corresponds to the signal component decoding circuit
115b of Fig.5, having the stricture of Fig.15, and decodes the codes
of the B-codec. The codestring signal (L+R)/2 220d, decoded by
the first decoding circuit 122b, corresponds to the codestring signal
(L+R)/2 210b, while the codestring signal (L+R)/2 220e, decoded by
the first decoding circuit 122¢, corresponds to the codestring signal
(L+R)/2 210c¢.

There is a difference in processing time delay between the

codestring signal (L+R)/2 220d and the codestring signal (L+R)/2



passed through these nenory circuits 220f, 220g, are sent to a channel
conversion circuit 122f. Thi s channel conversion circuit 122f suns
the signal (L+R)/2 220f and the signal (L-R)/2 220e to generate a
L-channel signal, while subtractinng the signal (L-R)/2 220g fromthe
signal (L-R)/2 220f to generate a R-channel signal to output these L and R
channel signals. In the arrangenent of Fig.27, the codestring
separating circuit 122a separates the channel constituting data fromthe

i nput  codesppioey PROS, thé dipaat{UwR)/2sepddarid €ad Firar 46608NME dibchite
stereo node, the conponents of codestring separating circuit 122a from
the codestri@dgb sedathe ismgnaki(LlcRi)/21220etfrom hde shaond! decodireg Tiocuit
circuit 122f generate a control signals, 220h for perform ng the ..
above- ment i ohédCcdaEods it dPeBaMYAOTY Sidsyit h22depdat@ece BRIV SiEemits
to the respegtive conponents. If th channel separating data corresponds
o the monaul APendasPeCH eI, qEReHe Hhe Bbp R RIIBRF U o SOAInE AiB A A y
the codestri i ( / t p ce '

the conti gur BT aYeeasdsiTEY afaRer gL kIR 238 thd gRel PaRN A 208,

Fig.28 Shomgﬁpﬁélﬂ‘w&l{gmmé hﬂeﬁ%‘i‘?skﬂaﬁﬁeﬁéb?t ii‘ﬂo%,h are sent to a

63 circuit 122a of the configuration of Fig.27 generates e control

si gnal s 220gchonfehtbalverfiod esfariti M2 fonponent s. In Fig.28, the
nunber of bytes L1 of the first codestring 220a, that is the codestring
signal (L+R)/2 27Dbis ichamaghdcenversdpnSatxicuiy 122f sums the signal (L+R)/2

220f and the signal (L-R)/2 220e to generate a L-channel signal,
while subtracting the signal (L-R)/2 220g from the signal (L-R)/2
220f to generate a R-channel signal to output these L and R channel
signals.

In the arrangement of Fig.27, the codestring separating circuit
122a separates the channel constituting data from the input
codestring 220a. If the channel separating data corresponds to the
stereo mode, the components of codestring separating circuit 122a
from the codestring separating circuit 122a to the channel
conversion circuit 122f generate a control signals 220h for
performing the above-mentioned decoding operation to send the
generated control signals to the respective components. If the
channel separating data corresponds to the monaural mode, the
codestring separating circuit 122a outputs only the codestring signal
(L+R)/2 2200b to reproduce the monaural signals by the configuration
downstream of the first decoding circuit 122b.

r

Fig.28 shows the flow in which the codestring separating



cal cul ations. At step $S402, it is checked whether or not the nunber of
bytes L1 is snmaller than 200. If L1 is snmaller than 200, processing
transfers to step S403 ff, whereas, if L1 is not smaller than 200 (L=200),
processing transfers to step S405.: At step $S403, it is checked

whet her or not the value of the channel constituting data is 1. |If the
val ue of the channel constituting data is 1, processing transfers to step
S404 and, if otherwise, to step S405. 63 At step S404, since the node

is the stereegirgide, 182600KT the @daﬂghsa%@h JOIFigespdpbfetdtesSikBatontrdd) / 2
and the signal (L-R)/2 is generated and sent to respective conponents. At

step $S405, sisig:xealst21%0guahecbntntdiethmnaapeadtmmdmmpom(cmttsoI si gnal 220h for

decoding the sigpal_(L+R)/2 is generated and sent to respective
conponent s. In fFligh%8alib?enmhteird?'ﬁ‘ébYéh&rlanOfcﬂri%tflftsﬁt‘FQ@eﬁél%\g i220a,

-?Eetiiﬁcod?ﬂgh%ﬂ?ﬁ?sﬁt R a&fgeﬁi‘%ﬁg /Zze%'ﬁ%arfsthzf@ai“a' oA by
brescr | bed ¢ S RsiTAT nad R 8e0as fol PheYhhs W%iﬁffefv”?éf%ﬁenumaﬁ{na
consti tut i ndogateanhe o Ipﬁam@ t&ﬁﬂf@égngxﬁf LACTY42 sm 192k fian| B S

case, however, t he channel encoded A- codec encodi ng

i s recorded, pi‘beedﬁtx@_ gr@mdfelry 1ieadeépt 9408 ff, whereas, if L1 is not smaller
64 brought into coincidence with the data anount all ocated to the frame,

or the signatbamf20dk Kbr209nrraio cessbue dir bysfieire tB- strfe§40ncodi ng et hod
need to be substantially silent data Fi %.h%sra g?ot\l/vo;t ht%es'gl;lljltl:gurfe (Ijlfe a
codestring in cas@ttHerrdthd it is checked whe of t
channel constituting data is 1. If the value of the channel
constituting data is 1, processing transfers to step S404 and, if
otherwise, to step S405.
At step S404, since the mode is the stereo mode, a control
signals 220h for decoding the signal (L+R)/2 and the signal (L-R)/2
is generated and sent to respective components. At step S405, since
the mode is the monaural mode, a control signal 220h for decoding
the signal (L+R)/2 is generated and sent to respective components.
If the above-mentioned channel constituting data is omitted,
and the data quantity of the codestring of the signal encoded by the
encoding method of the A-codec is smaller than the data quantity in
the frame, codes of other channels encoded by the B-codec may be
prescribed to be contained. By so doing, the data quantity for the
channel constituting data can be allocated to encoding of actual

signals. In this case, however, if only the channel encod’ed by the

A-codec encoding method is recorded, the data quantity needs to be



constituting data is omtted as described above. I f the codestring
shown in Fig.29 is used, the same structure of the encoding circuit as
thaf shown in Fig.25 can be used, while the sanme decoding circuit as that
shown in Fig.27 can be used. Fi g. 30 shows a flowhart for the
processi ng exanple of generating the codestring shown in Fig.29. In
Fig.30, it is checked at step S501 whether or not the
recordi ng/ reproduction is to be ihn ster & as described above. O the node

desi gnati ngbgoapalt 2468 ¢othcidleas et Meitht @he0 davgdeampunedidgated ansftdres to

step S502 ff an I f otherw se, to step S504. At step S502, 150 bytes
are used forfrmeodongthhessggmksl of{ lotRer2 channiet #ncoded. bxt thhie Breod est ep
S503, 50 bytes are used to encode the (L-R) by the B-Codec. At step
S504, 200 bwnégdaas raséhioweemicbaéet sebgtantiallyrsilenfeda.codec.

Fig.31 shows a f nillustrati progcessi ng.when t.he
codestring of Fi ot t%ﬁ ﬁfrd".cﬂ‘,retﬂg r%’g‘ﬁiﬁlf“%g%e%aﬁfl E? ‘f erlrst

codestring 327%91351%?@%.&%& lt;i?&(?ﬂ%%té%g%s%k_ ad a{)h )/2 220b, is found at

step S601 b ons &€ked whet her or not the

nunber of bytesytipieSceAB Ghgt @ﬁ‘@w%of’n Hifg h§ i u%%' | e SRk %qucture
65 processing transtfers to step $403 , Wnereas f1is not smaller

than 200 (L9%0fhe epcacHag 6irduidnss eh5t tshoSWﬁpmSWé.ZS can bAt ustdp Wwhils,
since the node is the stereo node, the signal
the same decoding circuit as that shown in Fig.27 can be used.
Fig.30 shows a flowchart for the processing example of
generating the codestring shown 1n Fig.29. |
In Fig.30, it is checked at step S501 whether or not the
recording/reproduction is to be in stereo as described above. Of the
mode designating signal 210f indicates the stereo mode, processing
transfers to step S502 ff and, if otherwise, to step S504.
At step S502, 150 bytes are used for encoding the signal
(L+R)/2 by the A-codec. At the next step S503, 50 bytes are used
to encode the (L-R) by the B-Codec.
At step S504, 200 bytes are used to encode the (L+R)/2 by the
A-codec.
Fig.31 shows a flowchart of an illustrative processing when
decoding the codestring of Fig.29.
In Fig.31, the numb.er of bytes L1 of the first codestring 220a,
that is the codestring signal (L+R)/2 220b, is found at step S601 by

calculations. At step S602, it is checked whether or not tl&e number

of bytes L1 is smaller - than 200. If L1 is smaller than 200,



(L+R)/2 and the signal (L-R)/2 are decoded. At step S604, since the node
is the nonaural node, the signal (L+R)/2 is decoded. In the
foregoing, the signal (L+R)12 is encoded by the A- "~ codec, while the signal
(L-R)/2 is encoded by the B-codec. It can be easily understood that, if
the signal (L+R)/2 is encoded by the A-codec encodi ng nethod, and the
L-channel signals are encoded by the B-codec encodi ng net hod, the decoding
circuit can be constructed so that nonfiral reproduction and stereo

reproducti O?roﬁags eahifA4 Py dtBp Sk@3sFANdaIdt «acC TMRdald MG tr SRRPMBICI NG
devi ce and the new standard acconmodati ng reproduci ng device,

respectivel Yhadlwgo i(E=206), &ds3idigitdaasfanmadatem@ 60r oduci ng  devi ce
can generate R-channel signals by subtracting the L signals fromthe
si gnal corresponditngtem $6©@3sisinak the-Rppdents tthgl steresy modey Hbeepignal

ducing both the L and R ch | s, i
et g’ e Hosa o TRy el st Gt iRy Gib A
medi um i ded si I ded i i ch -

o Ehnne el sbRcARRaR Yt R A LRl Al g™
reprodauci n .
produci ng devi g2 ahd %%@gg@@,ggg@gaﬁa&cgmﬁ@ 38NeREodb@PbYJ1REI ALY

t he new standar d accomrod evice, are conprised

the scope ofoldhag, i WHENE iI14@ FEEAAI(L-R)/2 Bl 8Rcodsdaby AR TN diNGan

met hod, there is used such a 66

met hod i n whiecBatsilg anidieretcodrdlas, dfetlslsignaht(@ tB)/ Dasndeneondied dry Hdgonal
transfornmed to produce spectral coefficients which are then normalized and
quanti zed sd-wodes Bacodénganethied, whdntlie feghannel signals are encoded by

the B-codec encoding method, the decoding circuit can be
constructed so that monaural reproduction and stereo reproduction
can be realized by the old standard accommodating reproducing
device and the new standard accommodating reproducing device,
respectively. That is, the new standard accommodat:.ing reproducing
device can generate R-channel signals by subtracting the L signals
from the signal corresponding to the signal (L+R)/2 multiplied by 2,
thereby producing both the L and R channels.

It is seen from above that the encoding method and device,
decoding method and device and a recording medium having the
encoded signal recorded thereon, in which a small number of
channels can be reproduced by fhe old standard accommodating
reproducing device and a larger number of channels can be
reproduced by the new standard accommodating reproducing device,
are comprised within the scope of the inventive method.

4

Also, as an A-codec encoding method, there is used such a



| ength coding. On the other hand, as a B-codec encoding nmethod, there is
used such a nethod in which the entire signals are split into two bands
and,_ orthogonal transformed to produce spectral coefficients which are
then separated into tonal and other conponents and subsequently
encoded with variable | ength coding. The encoding nethods other than those
descri bed above may be wused. For exanple, such an A-codec encodi ng net hod
may be used in which tine-domain si gnal556 obt.ai ned on band splitting

fol | owed by o832l WhdcHePRE G A rensigialaanr ilie hite nwore eyl ardl
guantized so as to be then encoded by fixed |l ength coding, whilst such a

B- codec encaglith® goatdlodramsfobmeds@d ipnodhicehsp betriail neeefficivmits wihjnhl arof

the entire range are orthogonal transformed to produce spectral

coef fi ci ent sthem aloraralizédrambrgudntized suasttode thaa eneoded with fixed

B- codec encoding nmethod, it is desirable to redyce the deterloratigg ﬁi‘n
Py

sounddqual'i thenigthc soding- r‘ébrﬁb%cﬁtih(?ﬁ hgnd, e 8l 'gf’QﬁBaFﬂcagb%nfBa .
G T ohancy therels RéedouigansEELT ifonnih dferERtiLé STaRPL B RETLCRFES "0
used as an exanggf%d;-heaﬂi{“’gﬂttw%g% hog Gf¥tor RRWEV €6 Pﬁo&'ﬁé‘g i {pddifal

st afrdar

signal s reprtov&ﬂc y the ol accommodat i ng reproduci ng ‘device

are video signdSciehtat whichf 4fee tHehNWEpusitedal imtar etogacodad asther ol d
standard codestring, the inventive nethod can be

67 used for @sigipanetsoand signedqueartlyotmcodet withnaasiatdet lrngtdodedingng.

The channel in the present invention is nmeant to be
The encoding methods other than those described above may be
used. For example, such an A-codec encoding method may be used
in which time-domain signals obtained on band splitting followed by
sub-sampling depending on the bandwidths aré normalized and
quantized so as to be then encoded by fixed length coding, whilst
such a B-codec encoding method may be used in which the time-
domain signals of the entire range are orthogonal transformed to
produce spectral coefficients which are then normalized, quantized
and encoded. As the B-codec encoding method, it is desirable to
reduce the deterioration in sound qualfty in case of reproduction by
the old standard accommodating reproducing device by using a
technique which realized an optimum encoding efficiency.

In the above-described embodiments, audio signais are used as

an example. The inventive method can, however, be used if the
signals reproduced by the old standard accommodating reproducing

device are video signals. That 'is, if the luminance signals are

. encoded as an old standard codestring, the inventive method can be



conprised of |um nance signals, chroma signals or color hue signals if the
signals are video signals. Al though the foregoing description has
been made in connection with recording an encoded bitstreamon a
recording nedium the inventive nethod may al so be applied to transm ssion
of a bitstream As the recording nedium not only the recording

medi uns, such as an optical disc, but also a random accessible

sem conductor menory, may al so be used$7 68 VWHAT | S CLAI MED

| S: 1. udedi nfoar matdomg ertedniyy BRidwld coOnNpPEbbdnNghue signals eacadieng
signals of a part of a plural nunber of channels by a first encoding
met hod for gedesttingg f lihet chedesirimghe present invemébud nig siepntl $oobet he
remai ni ng channel s by a_ second . encodj ng nethod for generating, second
codest ri ngscomprised of lumigapgeisignals.qchroma signads omgelanhusasigrasond

codestrings.f b everﬁ%frane or every plural franmes, each frane being of a
fixed size. if the signals.are ¥idRo.§igR2l51c0di ng method as clained in claim1

wher ei n ir c [ [ o] tri co { i t he
substantial bit f‘&éﬁg&{gégl s?%)en [ n?gkéﬁgon&?%‘?ﬁ Hﬁ%‘ﬁi ﬁ‘g“% Ib@gnB. H{laﬁdeé1 (L

I nf or mati oncghRnaediitth ”Wiﬂpdr@&orqiﬂﬁnﬁfi idhddddN Hitsb&athNon a St dihpSt
encodi ng-nethod is an encodi ng nethod different fromsaid second
encodi ng newdwium, thedinvimiveafmetinéd omagnadsh rige npipibeld a craismiksion
claim1l1 wherein sai d second encodi ng nethod transforns tinme-domain
channel signélasbitstream.

As the recording medium, not only the recording mediums, such
as an optical disc, but also a random-accessible semiconductor

memory, may also be used.



into spectral signal conponents fromone transformblock of a pre- set
time wwdth to another and encodes the resulting spectral signal

conponents. 5. The informati on encoding nethod as clainmed in claim4
wherei n ' ' encodi ng nmethod transforns time-donmai n channel

si gnal s| |II|“| "lﬂﬂlm “Iwﬁlﬂal si gnal conponents from one transform bl ock
shorter = ¢ ttham the transform bl ock Ieﬁgth in said second encodi ng net hod
to anot her and and encodes the resul'ting spectral signal conponents.
6. The i nfor MHAD ISNCAA T B®RtISad as clained in claim4 wherein

69 said second encoding net hod encodes spectral signal conponents of a
transform bl dck dor bsfoqmatian éncoding niethbdecompmsimg:on encodi ng net hod.
as clained in claim1 wherein _said second encodi ng net hod encodes channel

signal' s by vari abfRCOAERg: Handds et 2 gartief janplurad: nymbarcodi shameelsolyas
econd en ar ates channel

Fai med i lai.m.,1 wh ' i d di d . s
Sianars i ntoartirs e RESATEA meB L IFE Fen RaREE Ftal B GreP i na ot nev
nals | ponet . . i | |
O Rl wher o e ERES4ing . sidits (SLLFRE. QUublRdy "enTuudRd B3, 4 “5RESRND
rethod di £ ghsoliRfhEhad oF alet liting 3b8oR codentiphgd0fnd he second

encodi ng net hod. The information encoding nmethod as clainmed in claim1l
wherein the firsirrayingi sgidrefired todesfrings uhd tshidk- secmnd cbdesalings

every frame or every plural frames, each frame being of a fixed size.
2. The information encoding method as claimed in claim 1 wherein
each first codestring is such a codestring containing the
substantial bit rate decision information for encoding.
3. The information encoding method as claimed in claim 1 wherein
said first encoding method is an encoding method different from said
second encoding method. -
4. The information encoding method as claimed in claim 1 wherein
said second encoding method transforms time-domain channél signals
into spectral signal components from one transform block of a pre-
set time width to another and encodes the resulting épectral signal
components. |
5. The information encoding method as claimed in claim 4 wherein
said first encoding method transforms time-domain channel signals
into spectral signal components from one transform bloc_k shorter
than the transform block length in said second encoding method to
another and and encodes the resulting spectral signal coznponents.

6. The information encoding method as claimed in claim 4 wherein



signals into spectral signal conponents fromone transformblock of a
pre-set tine width to another and encodes quantized data of said spectral
si gpal .conmponents by fixed | ength coding fromone encoding unit of a
pre-set ‘unit to another. 11. The informati oglmmm"{nlmu"mm)as cl ai ned
in claim 10 wherein the nunber of said encodi I encoded.

12. The information encoding nethod as clgi ned 1n %l & n'l hhetein the
arraying direction of said first codestri'hgs arranged fromone or nore
frame(s) of saidiseednsi zacbdinganbkeliod sencvdessefdettmh digmalavorapomgnts of
direction of said second codestrings.

70 13. The infrenseronblatdodichgssmpinoel framesi ned in claim 1 wherein there

is also arrgyeq the i.nformation al so specjfying the presence, of  said,
second codedtrime 1nfarmagion,; ‘F‘&ng’é‘ﬁESHi ﬁg ‘éﬁb‘&gétl}éc 6‘rﬂ5r1s‘1"ﬁ§?em
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second encogl g eaA$nkOr encoding signals of the remaining channels by a
second encodi ng nethod”for generating second codestrings; and

codestring grr ayhédniematicd eWcotinBImerhddf 4§ Hlab@dasin ichaim BReh &P IR
second codestrings every frane or every plural franes, each frane being of
a fixed sizeaid lsecolitt ¢mdoding imet bant ook peyadppackhdnmsel asgnalsi neto i tomdlai m

14 wherein .
components having a concentrated energy and other non-tonal

components. _

9. The information encoding method as claimed in claim 1 wherein
the allocated bit rate per channel for the first encoding method
differs from the allocated bit rate per channel for the second
encoding method.

10. The information encoding method as claimed in claim 1 wherein
the first encoding method transforms the time-domain channel
signals into spectral signal components from one transform block of
a pre-set tine width to another and encodes quantized data of said
spectral signal components by fixed length coding from one encoding
unit of a pre-set unit to another.

11. The information encoding method as claimed in claim 10
wherein the number of said encoding units is also encoded.

12. The information encoding method as claimed in claim 1 wherein
the arraying direction of said first codestrings arranged from one or
more frame(s) of a fixed size to another is reversed from the

-

arraying direction of said second codestrings.



each first codestring is such a codestring containing the substantial bit
rate decision information for encoding. 16. The information—ene A '

apparatus as clainmed in claim 14 wherein said first encodin '
encodi ng method different from said second encodi ng method. f"ﬂmmi‘m!!mﬂl”m
* I *

nti
odi

I nformati on encodi ng apparatus as clainmed in claim 14 wherei

encodi ng neans has transformnmeans for splitting tinme-domain channel
signals in terns of transform bl ocks of7qre-set time widths as units for
t ransf or mi ngt 3 her hbamfelr maitjoml endotiagsmechodl asichaihed dmpokadnt §; wherein
71 si gnal component encodi ng neans for encodi ng said spectral signal
conponent s; threde is alscedeayed nhegaformaition raéaﬂsﬁprmiflgiémeltg?imgsgaice of
second codestrings fromthe encoded spectral signal components. 18. The
i nfor mat i on SAdotRGRPHECHSEtELE | ained in claim 17 wherein said first

encodi ng ne has . f . f | i tL] | me-d [ h I

signals i al[‘hi-_r réndfggwa%ioi#‘%g%é?éﬂ‘éia?;fﬁfor%éﬁ?Eco'gﬁék%gxeﬁé han the transform
oc ength in | ' '

channel i gnal s (e SBEGRNEE SHEORL For TCRR o s NSl oL paF Py S pTunl e

encodi Ng Mea(ismber SNCADnHS15H ¥ oSPRGH dhco8imgdhe YD PoeNsenefdtdng first
codestring generating neans for generating said first codestrings

fromthe encaskbsstepegsyr al signal- conponents. 19. The information encoding
apparatus as clainmed in claim17
second encoding means for encoding signals of the remaining
channels by a second encoding method for generating second
codestrings; and '
codestring arraying means for arraying said first codestrings
and said second codestrings every frame or every plural frames, each
frame being of a fixed size.
15. The information encoding apparatus as claimed in claim 14
wherein
each first codestring is such a codestring containing the
substantial bit rate decision information for encoding.
16. The information encoding apparatus as claimed in claim 14
wherein said first encoding method is an encoding method different
from said second encoding method.
17. The information encoding apparatus as claimed in claim 14
wherein said second encoding means has
transform means for splitting time-domain channel signals in

terms of transform blocks of pre-set time widths as units for

transforming the channel signals into spectral signal components;



wherein the signal conponent encodi ng neans of said second encoding neans
encodes—spectral—stgrat—conponents of a transform bl ock across plural
frames. i.nf tion encoding apparatus as clainmed in claim14

wher e”r&ﬂﬂﬂ!ﬂﬁﬁg“m%dl ng nmeans encodes channel signals by variable

| engt Ry s i nformati on encodi ng apparatus as clained’in claim
14 wherein said second encodi ng neans has tonal conponent separating
means for separating the channel signal®linto energy-concentrated tonal
conponents and Off}§faIN@Bmponent encoding means for emcoding said spédtidlnal

conponents; onal conponent encoding neans for encoding said tonal
conponents; signal cofpdmigtls; @adponent encodi ng neans for encodi ng said non-
tonal conponents; and codestring generating neans for generating said-

second codestriagdéstringhegenetaténgt ongrnandfatongesratiagnpdbicht second.

The information encodi ng apﬁar at us aqs1 clainmed in ¢laim14 wherein the

al | ocated bredesteingsrfroming encnded speciegl o iGRMPRBEALS differs from

t he al |l ocat Eg bi t
0

h | for. th d Yol e 2
The i nf or maiPon cHEbATMPEPEUPE FRER BB MELTH &P ol Ha® TRePLH ¢ 12
first enCOd'ﬁvg%sr@Fﬁ”ssdiHaﬁrst encohf@é’ﬁ&fﬂ? ggans for splitting time-donmain

channel sig
transform means for splitting time-domain channel signals in

terms of spectral signal components shorter than the transform block
length in said second encoding method as a unit for transforming the
channel signals into spectral signal components;

signal component encoding means for encoding said spectral
signal components; and

codestring generating means for generating said first
codestrings from the encoded spectral signal components.
19. The information encoding apparatus as claimed in claim 17
wherein the signal component encoding means of said second
encoding means encodes spectral signal components of a transform
block across plural frames.
20. The information encoding apparatus as claimed in claim 14
wherein said second encoding means encodes channel signals by
variable length coding.
21. The information encoding apparatus as claimed in claim 14
wherein said second encoding means has

tonal component separating means for separating the channel

signals into energy-concentrated tonal components and other non-



terns of transform blocks of pre-set time widths as units for transformng
the channel signals into spectral signal conponents; si gnal conponent

encaodi ng nmeans for encodi ng dat ' 4anti zi ng said spectral

si gnal conponents by fi xed Ieng?,fllWH"MIlHﬂﬂmnFe encoding unit of a
-pre-set length to another; and * ¢ cadestrsnge generating neans for
generating said first codestrings fromthe encoded spectral signal
conponents. 24. The information encodi ngZ2apparatus as clained in claim23
wherei n the tbgablcomvppnartd; encodi ng nmeans of said first encoding neans
-al so encodes the nunber of said encoding units. 25. The information
encodi ng appar at utoasl ccampanent c¢z¢oding means for encoding said tonal
73 wherein said codestring arraying neans reverses the arraying direction
of said firsCOoRYRBERITigs arranged in each of one or nore frane(s) of a

fixed size fromthe afrayjn i |on of ..said seco codestrings., 26.
The i nformation eﬁeé}af%ﬁaﬁ%ﬁ%{’?ﬁg}‘és‘“}:‘i%‘?‘ﬁ‘éd RS ;kidorﬁ f&“@h%%?‘ﬂdt P& i s
al so arrayed i.nf ' o specifying the presence of said second
codestri ng. tét}_ﬁl &%%ﬁ%iﬁ%iﬁédecodi ng met hod conpri sing:.

separating the enggdestiiAgor gehtpitihgr madahy ffdist gaRdredagndsaiddebbhags
into the first codestrings and the second codestrings, said first

codestri ngs beidegtsingnfilcem atheaepao dedftoaaplandhonutdmeal od mpoheemtel s encoded
by a first encodi ng nethod for each of one or nore franmes of a fixed size
and sai d secddd Tdwidadprmgdioni pgcodingapBparatuse ast rdpimednial sleimoddd

by a second %vq{:eor%liggtﬂrgt&?g;cated bit rate per channel for the first encoding

means differs from the allocated bit rate per channel for the second
encoding means.
23. The information encoding apparatus as claimed in claim 14
wherein the first encoding means has
transform means for splitting time-domain channel signals in
terms of transform blocks of pre-set time widths as units for
transfofming the channel signals into spectral signal components;
signal component ehcoding means for encoding data obtained
on quantizing said spectral signal components by fixed length coding
from one encoding unit of a pre-set length to another; and
codestring generating means for generating said first
codestrings from the encoded spectral signal components.
24, The information encoding apparatus as claimed in claim 23
wherein the signal component encoding means of said first encoding
means also encodes the number of said encoding units.

-

25. The information encoding apparatus as claimed in claim 14



decoding the separated first codestring by a first decoding nethod
associated with said first encoding nethod for generating first decoded
signals; and decodi ng the separated second codestring by a second
decodi ng nethod associated with said second encodi ng net |.0g
second decoded signals. 28. The information decoding m?@"',?ﬂ"l@ﬂﬁﬁﬁl"’n
claim 27 wherein each first codestring is such a coedestri s e
containing the substantial bit rate decission information for encoding.

29. The infWhBPéinONs £IL0dbBEestMNhBOdaGayshal HRean$ ¢bdbPesthe arrayin :
74 wherein said first decoding nmethod i S an encodi ng net hod dlfferenY %rom
sai d second dieeotiiory afeshiodl firs30codébrings cdrrahiged e ceadbiing fNeh 0o a%ore
clained in claim 27 wherein said second decodi ng nmethod includes

decodi ng saifgasedehdo£ @diad sgze dsoal tbe srrayiagsdivartion of seidiovexiond
channel signals info spectral signal conponents from one transform bl ock
shorter tharF‘{%estf’r%\%f ormblock length to another and encoding the

[ ti | si I ts,.t t tral sj | ..
comonent's: g (e AR AR oiaEs eBRrAl s, Bt dmforidhicteim d
ti me- domai n wﬁegéslal $hePe L&' @s@faltxﬁté'e.dt Eﬁgsm‘ mﬂi%gﬁggegsé%{%{fgg%ég ! he

resulting signa 31. The informtyo ecodl ng ne
claim 30 presence of said second codestring.

27. An information decoding method comprising:

separating the encoded information formed by first and second
codestrings into the first codestrings and the second codestrings,
said first codestrings being signals of a part of a plural number of
channels encoded by a first encoding method for each of one or
more frames of a fixed size and said second .codestrings being
signals of the other channels encoded by a second encoding method;

decoding the separated first codestring by a first decoding
method associated with said first encoding method for generating
first decoded signals; and

decoding the separated second codestring by a second decoding
method associated with said second encoding method for genérating
second decoded signals.
28. The information decoding method as claimed in claim 27
wherein

each first codestring is such a codestring containing the
substantial bit rate decision information for encoding.

rd

29. The information encoding method as claimed in claim 27



wherein said first decodi ng net hod decodes said first codestrings

obt ai ned—m‘*r—t—lLaﬁs—f—ele—ng—t_l_rre- domai n channel signals into spectral signal
conponent transform bl ock shorter than the transform bl ock

| ength i HB! ﬂiﬂ mc"! odi ng net hod to anot her and decoding the
resultin conponents to restore spectral signal

conponents; and transf ormng the spectral signal conponents into
time-domain signals i-n terns of said shgyter transform block and

synt hesi zi ngvmeemr Eﬁd Fifd9 Sédng method THQn BhObARAE e tliR6 addiTTe r@id10d
as claimed in claim 30 wherein said second decodi ng net hod decodes said

second codedroimngaid second decoding method. 75 encoded so that
spectral signal conponents of a transformblock lie astride plural franes.
33. The infér.matTha aeﬁ@mnyqnetdmpwa:m.eﬁqu. sclddphmed7 inyedpbmn Zs7a| d

second decodi hg net had decodes, said second ¢qde i ng having
vari abl e-1 er‘fbhﬁ“‘éﬁc"tﬁ)‘ ds%ml‘ﬁélecé’iddﬂﬁl‘geph ﬁ”‘ci‘ﬁée? nf or mati on decodi ng

et hod as ol al Mg bR 4ihl Toid Tse 0RACkORRHnBsC U IpEe b RY PEA it deS

sai d second code separated rnt

cner g7 COnC 12451072 GBITAREEL 5 (200401 Ty AL ETRORE o B

se arate state rmath on decodi ng net hod as
clainmed in o mraalfomatﬂbaksamriu sthatead@d ngaiefdranl Hbsekeke mgbhd tioi r St

codestring for restoring spectral signal conponents, said first codestring
bei ng another and encoding the resulting spectral sxgnal components to
restore spectral signal components; and
transforming the spectral signal components into time-domain
signals in terms of the transform block and synthesizing the
resulting signals.
31. The information decoding method as claimed in claim 30
wherein said first decoding method
decodes said first codestrings obtained on transforming time-
domain channel signals into spectral signal components from one
transform block shorter than the transform block length in said
second encoding method to another and decoding the resulting
spectral signal components to restore spectral signal components;
and .
transforming the spectral signal components into time-domain
signals in terms of said shorter transform block and synthesizing the
resulting signals.

32. The information decoding method as claimed in claim 30

wherein said second decoding method decodes said second codestring



_obt ai ngd by transforming time-domain channel signals in terms of transform
bl ocks of a pre-set {j ' [ pectral signal conponents and by
encodi ng quanti zed dulmmlﬁmmmtmlmr al signal conponents by fixed | ength
coding i'n terns of an*en€odtng' urfit *of a pre-set length as a unit;

said first” decoding nmethod transform ng said spectral signal conponents

I nto transform bl ock-based tinme-domain signals and "~synthesizing the

resulting signals. 36. The informati of3decodi ng nmethod as clained in
claim 35 wegftededtée thaeadrttnalisegnof c6 BNk eyt sUDtas tisncforadddok He
decodi ng based on said nunber of encoding units. 3 7. The information
decodi ng net hetride pluaiabddamescl ai m 27 _ wherein said first
codestrings and the second codestrjngs are separated _from the encoded

i nformati on 33n wiilt infgranatippsdecoding: metfod as aflaied | R actaiwer 3
arraying diregtion fromthe arraying directjion of said,second codesirings.
3. “The i nf oPhse U SBeRatRa DAL B R Rethod Rer Raef Sekd 356RAE, EPRCRrinE

i nformation | £yl 18 S Sl c destring is separated
fromsaid enggggd ?('r? g?ﬁrrl%t |legl{ |nggr€aggdt%{a§b§ﬂe§%aﬁg’ of the second
codestring baged améajfForaPaiohededcdldihgblh&hod 38s cldignddf pi MBldig 27
decodi ng nethod as clained in claim 38 "wherein the data quantity of said
first codestwhegein salduyrdohdodetbéing maded datodamtsiadd seodndheodestriihg

i nformation specifying the presence of said second codestring is separated
from sai d enbaving channehtsigmals sgpdaratady qiantaneygyscpassntrateda tonalset

val ue. ] .
components and other non-tonal components and encoded in this

separated state.

. 35. The information decoding method as claimed in claim 27
wherein said first decoding method decodes said first codestring for
restoring spectral signal components, said first codestring being
obtained by transforming time-domain channel signals in terms of
transform blocks of a pre-set time width into spectral signal
components and by encoding quantized data of said spectral signal
components by fixed length coding in terms of an encoding unit of
a pre-set length as a unit;

said first decoding method transforming said spectral signal
components into transform-block-based time-domain signals and
synthesizing the resulting signals.
36. The information decoding method as claimed in claim 35
wherein the encoded number of encoding uni‘ts is decoded to do
decoding based on said number of encoding units.

rd

37. The information decoding method as claimed in claim 27



40. The information decoding nethod as claimed in claim 27 wherein the
data quantity of said first codestrings is found fromthe encoded *
i nformati on and wherein said second codestrings are separate rom said

encoded information and decoded if said data : [ ' { han a
pre-set value. 41. An information decoding apzmmmm’mmmfg "g:
codestring separating nmeans for separating the éncédedl A nfsormati on forned
by first and second codestrings into the ¥ rst codestrings and the second

codestrings, vpRéfkihl rsdidC LK rEGdSsREAFY afdINHeS HécFndPakbdelstAnplsUratle
nunber of channels encoded by a first encoding nethod for each of one or
nore frames agkeparbiadd fsore ahd eamiadeakbcinfoonadtiotnr i s wkialy sagdalficf
t he other channels encoded L . . . 77 by a
second encodiceglesstingp are arrgyediin decinierge atedwing clirdedoa dgom Hae
separated first , codestrin ' net hod associated with

by a first ECquIn,
said first @RERYANEAESHIATIQT S8R5 S qsé?“t@coded signal s; and
dd di f ' t N t ed . desttd by .
second decodiy TEFHBGoRRa3EFE RS diPE HEREK € fCr i o in oRE R 1 0t Figid
generating S?ﬁgqﬁﬂ?ﬁ%?gn%lpg{éﬁfﬁng 61?% ggﬁgfheéOamai@@eessaedw@egﬁﬁgg% us

as clainmed in claim41l whe I rst codestring is su

codestring cgepardidd) fibm ssibehadided idfornistiend@costien tondordeésing of
encoding. 43. The information decodi ng apparatus as clained in claimi4l
the second codestring based on said separated information.
39. The information decoding method as claimed in. claim 38
wherein the data quantity of said first codestrings is found from the
encoded information and wherein the information specifying the
presence of said second codestring is separated from said encoded
information if said data quantity is less than a pre-set value.
40. The information decoding method as claimed in claim 27
wherein the data quantity of said first codestrings is found from the
encoded information and wherein said second codestrings are
separated from said encoded information and decoded if said data
quantity is less than a pre-set value.
41. An information decoding apparatus comprising:

' codestring separating means for separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, said first codestrings being
signals of a part of a plural number of channels encoded by a first

encoding method for each of one or more frames of a fixed size and

said second codestrings being signals of the other channels encoded



wherein;said first decoding nmethod is a decodi ng nethod diffeg
sai d second decodi ng nethod. 44. The information decodi ng apmnm m m""ll””"'
claiped in claim4l wherein said second decodi ng neans i ncl udes ¢ s
si gnal conponent decodlng nmeans for decoding said second codestrlngs

obt ai ned on transform ng tine-donai n channel signals into spectral signal
conponents and encoding the resulting spectral signal conponents from one
transform bl ock of a pre-set tine width 4% another to restore spectra

si gnal conporkehessecond enppémsgonqﬂnghneans for transformng the spectra

signal conponent |nto time;domai n sign n terns of the transform
bl ock; and ithedrsPAinBe e 2RS, gifnt JesoAing + e ré§lﬁ’la't"fiﬁ‘§d5|f€jﬁ§q S.

s Tirst SCFREEE ooy BEPgEBle Fmginld aieedalal MThoanid T "
decodi ng sai @nc'or(ﬁfng HRURBH 101080 REFALAELIAR 1LROFLE'STERILT diRg domai

channel signals o0 spectral Signha nponents and e I’ng the resul ting
spectral signal gespadertecddiay GReahs ANGF 08 8¢ Hl LK ﬁi’@riﬁfartahéa tsR@ond
to

transform bl ock I ength in said second encodi ng nethod to anot her
restore spectcroalessngrgalbycorsponaldtdecodnng mhednsd assdniptedawstf said second
transform ng the spectral signal conponents into tinme-domain signals in
terms of sai ¢nswedingrmethad r&?%ﬁﬁﬁkﬂgéﬁﬁond decedpddsneing neans for
synthesi zi ng4t2he,1rhees tJorgnatlgn decodmg apparatus as claimed in claim 41
wherein

each first codestring is sucﬁ a codestring containing the
substantial bit rate decision information for encoding.
43. The information decoding apparatus as claimed in claim 41
wherein said first decoding metﬁod is a decodinglmethod different
from said second decoding method.
44. The information decoding apparatus as claimed in claim 41
wherein said second decoding means includes

signal component decoding means for decoding said second
codestrings obtained on tré.nsforming time-domain channel signals
into spectral signal components z;nd encoding the resulting spectral
signal components from one transform block of a pre-set time width
to another to restore spectral signal components;

transforming means for transforming the spectral signal
components into time-domain signals in terms of the transform
block; and

-

synthesizing means for synthesizing the resulting signals.



46. The} I nformati on decodi ng apparatus as clainmed in claim44 wherein
si gnal "conponent decodi ng neans of said second decoding _means decodes said
second codestrings in which spectral signal conponents of a transform

bl ok have been encoded astride plural franmes. 47. Thel

decodi ng apparatus as clainmed in claim41l wherein said se]clmnnmnnu! I”III
means decodes said second codestrings in which channel sighal’s Havé béen
encoded by variable |l ength coding. 48.78The infornmation decoding '

~apparatus as4gl ai fad iiRfetdAbohl dedEditigh a3 #tas860as Eiiadddnmedsim hag
tonal conponent separating nmeans for separating encoded _

ener gy- concenthetleenl salidrfatst decpdimnmseamntasot her non-tonal
79 conponents from sai d second codestrings made up of said encoded .
ener gy- concent r at signaloregmpeappbndscodingd meeper fonodecoding Eahdodtfts:

tonal cononent decqdi ng neans for decodpng the separated an engoded t.onal
conmponesnt s; €odestriggs. P('Bﬁ%n‘i‘{)rﬂ:fbﬁéﬁf‘s b‘f%g“ﬂjgeér‘?émﬁ)’rn o eﬁgs’ﬁfb&ls

moans for oy MLSPEENTr L aIe o Rp = o dr i oding, 1P Mg BhEEg "0
fne i nformat %gh%:ﬁg&'@%@ggr b 250! ArFROEd i CHALBKA 5hoMEE CtRaflitlle
transform block length in said second encoding method to another
to restore spectral signal components;
transforming means for transforming the spectral signal
components into tinie-domain signals in terms of said shorter
transform block; and
synthesizing means for synthesizing the resulting signals.
46. The information decoding apparatus as claimed in claim 44
wherein signal component decoding means of said second decoding
means decodes said second codestrings in which spectral signal
components of a transform block have been encoded astride plural
frames.
47. The information decoding apparatus as claimed in claim 41
wherein said second decoding means decodes said second codestrings
in which channel signals have been encoded by variable length
coding.
48. The information decoding apparatus as claimed in claim 41
wherein said second decoding means has |

tonal component separating means for separating encoded

energy-concentrated tonal components and other non-tonal



si gnal ,cmmi‘ng‘—maans for decoding said first codestring for

restoring ' conponents, said first codestring being obtained
by tr ansfmmm'ﬂw‘mn channel signals in terns of transform bl ocks
of a pre-stt tinme w to spectral signal conponents and by encodi ng
guanti zed data of said spectral signal conmponents by fixed | ength coding
in terns of an  encoding unit of a pre-set length as a unit;

transform ng neans for transformng said7gpectral signal conponents into

transf or m bl esirprasart st Enemdesd sesbgdacsdesfidngs madeyaphesisdidgefivansdf or
synt hesi zi ng the transform bl ock-based tinme-donmain signals. 50. The

i nfor.mati on ererglyopmppeirated asookhi nedmpondntism 4hd whetledm s ot tioinad t
decodi ng neans al so decodes the encoded nunber of encoding units to do
decodi ng baseemMHP R SHunber of encodi ng '

80 its. 51l. The inf ti | Ar at | ai ned i | aim 4
wher el n_sai d. code A Inge SRR FFEP HIME GaBaFof BeoPirag theas sBREHA< 2a
codestrings Lﬁ@%gaeto%qoﬂ?ﬂpio%fegﬁwt ion in which said first codestrings

are arrayed 1n an opposite afraying’'direction to the arraying direction of

said second codesidsNGhal Séomptnddif OURRLUPAg demRANRY BPPAIAIILYiRE ChREMed
in claim 41 wherein said codestring separating neans separates the

i nformati on sepacitedi awd teéhe oafea rbact mialsed thpamantd; aadestring fromthe
encoded information, said second decodi ng nmeans decodi ng said second
codestring based ecampRantnsynkhesiging poeang fgri sgnphesianng stidadecoded
tonal .and'non-tonal components.
49. The information decoding apparatus as claimed in claim 41
wherein said first decoding means includes
signal component decoding means for decoding said first
codestring for restoring spectral signal components, said first
codestring being obtained by transforming time-domain channel
signals in terms of transform blocks of a pre-set time width into
spectral signal components and by encoding quantized data of said
spectral signal components by fixed length coding in terms of an
encoding unit of a pre-set length as a unit;
transforming means for transforming said spectral signal
components into transform-block-based time-domain signals; and
synthesizing means for synthesizing the transform-blc;ck-based
time-domain signals.
50. The information decoding apparatus as claimed in claim 49

wherein said first decoding means also decodes the encoded number

of encoding units to do decoding based on the number of encoding



second,codestring. 53. The information decodi ng apparatus as clained in
claim52 wherein said codestring-separating neans finds the data quantity
of (said first codestrings fromthe encoded i nformation and wherein the

i nf or mati on speci fy”ﬁ“]“ﬂﬁi“ﬂlﬂﬁﬂ"iﬁ“ﬁf sai d second codestring is separated
from sai d encoded i nifilk EIUR IR data quantity is less than a pre-set
val ue. 54. The infornation decodl ng apparatus as clained in claim4l
wherein said codestring separating neans8finds the data quantity of said
first codestunitgs fromthe encoded i nformati on and wherein said second
codestrings are separated from said encoded informati on and decoded if

sai d data qubhtiThei infexmatinan deqndingetappargéus 85. claimed oimegliadm 41

[ecording Medham ey ng 1 ergLded. LSl o0, RSRY L PAATSIATS AT

81 and seco LN sajd f] d | . bei ' | s_of, a..past
of a plural ncgoudr:r‘g%r?%%éé cgg%ﬁe?{sh%en%%%é%gqu§¥§*'pg?l°§'ncg’gi %ﬂ%glt h%add fg?s ach
of one or MYgyd{1aikes Chrd drirk§edsiife an@gﬁfs Gt &4 in & OHHYCti St el
signals of the ot heré"‘():harnnelsr choéedaby sescond egtl:%%i ng mg%ﬂ%dt‘p t\‘:%g An
i nformation Aregihgairettion 6D8RId $eB8nd codeswig®si ng signals -of a
fractional portion of a plural nunber of channels by a first encoding

met hod for deherBheninforimativn dedestingngpparatus easodlaigesi gimaldadh tdie

remai ni ng channels by, a second, encodi ntq met hod for generating a second
codestring; h@rein said codestring separating means separates the information

specifying the presence of said second codestring from the encoded
information, said second decoding means decoding said second
codestring based on the information specifying the presence of said
second codestring.

53. The informé,tion decoding apparatus as claimed in claim 52
wherein said codestring separating means finds the data quantity of
said first codestrinlgs from the encoded information and wherein the
information specifying the presence of said second codestring is
separated from said encoded information if said data quantity is less
than a pre-set value.

54. The information decoding apparatus as claimed in claim 41
wherein said codestring separating means finds the data quantity of
said first codestrings from the encoded information and wherein said
second codestrings are separated from said encoded information and
decoded if said data quantity is less than a pre-set value.

55. An information recording medium having recordeq thereon

encoding parameters along with encoded information formed by first



arraying at least a fractional portion of said first and second
codestrings in one frame. 57. An i-nformation encoding apparatus

conpri si ng: first encoding nmeans for encoding signals of a part of a
plural = nunber of channels by a first encoding m,, m' e a first
codestring; second encodi ng neans for enc mmmru’mme

remai ning channels by a second encoding rret hod fo Jenkrdte sa second

codestring; and codestring arraying Sfeans for arraying at |east a
fractional pandisesonid caddstiings, sadd sf’etsan@bctwesmgs bpgingrsignels odre parbs.
An i nformation decod| ng met hod corrprl si ng separating the encoded

i nformati on foF geBlwgali ppaberng s‘é‘t‘%ﬁﬂf‘sceﬂlégﬂﬁfln‘g% 3 it prcoding method
codestrings aind t he,second codestrin

82 said first!%odast 9 §nﬁe|°ﬁgms‘?rgenglsr§m§fs gfoa, fixgd size pnd §aithetecnnd
channel s enco&e&ie@h&\ 'lfeﬂl]ge{‘% qi'l h %%Qhe (?th{x?éc'}‘? @lggoéé‘d% §e§°ébdr1d
er ed

codestrings bel ng S|g I'so anne S enco cond”
encodi ng met hgflioding medgo@di NY the separated first codest ring by a first
decodi ng net hod assom ated with said first encoding method for generating

first decodeds&i goaliaformdtion encddingimethidd coappriaing: second codestring
by a second decoding nethod associated with said second encodi ng net hod
for generating seasodidgcotpnnlsigfial fractional portion of a plural number of

channels by a first encoding method for generating a first
codestring;

encoding signals of the remaining channels by a second
encoding method for generating a second codestring; and

arraying at least a fractional portion of said first and second
codestrings in one frame.
57. An information encoding apparatus comprising:

first encoding means for encoding signals of a part of a plural
number of channels By a first encoding method to generate a first
codestring;

second encoding means for encoding signals of the remaining
channels by a second encoding method to generate a second
codestring; and

codestring arraying means for arraying at least a fractional
portion of said first and second codestrings in one frame.
58. An information decoding method comprising:

separating the encoded information formed by first a’nd second

codestrings into the first codestrings and the second codestrings,



59. An,information decoding apparatus conprising: cod '
separating neans for separating the encoded information forBWﬂ"l""s"IlI"l"l
and ;second codestrings into the first codestrings and the s Loy e
codestrings, said first codestrings being signals of a part of a plural
nunber of channels encoded by a first encoding néthod in a frame and said
second codestrings being signals of the g&her channel s encoded by a second
encodi ng mnet hod; first decoding neans for decoding the separated
first codestsaidgfiygt xddessringpcdadiing swptnadd af sopiaat exf wi plursdi wufmibrest of
encodi ng nmet hod for generating first decoded signals; and second |
decodi ng nearfhamrelgeenapdgdt gé! 3 cfigsht e adinghaetdwybdnr pnframeaandcanid
decodi ng nmet hod associated. with said secqnd .encodin t hod.for geperating
second decodéedf “E@hd .eseiéﬁ‘.gsArl?eilPlgo?’I%i‘taﬁBn@éBSrBF]hg" gg’d‘i“ﬁ‘ﬂﬁae&ﬂ ed by

recor ded theraeggcogac&gémn%a;n%qﬁggr.s along with the encoded information
formed by ? 83 first and second

-codestrings into R Jding! t6Ieehh NG Fsel RO dERNE BPUILSHTLPIFec o
first codestrings being signals of a part of a plural nunber of c%anne

encoded by a rhéeflséd eassubiage dewitld said firkt agtec odich g5 ah €t ERL Fod geARTh EinyS
being signals of the other channels encoded by a second encodi ng net hod.
61. An i nfor fatstodecdedodisignabs;hanld conpri si ng: ~ separating the encoded
i nformation formed by first and second codestr] n%s_ into the first

codestrings and t K€codiBBdthogeREFatTgssecend cofdattpingphy brerprd decndingf
a fixed size. sald; {5l FOASHIE' 18R PELOGa L ANR S 0T R bolch oRhHid
second decoded signals.
59. An information decoding apparatus comprising:
codestring separating means for separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, said first codestrings being
signals of a part of a plural number of channels encoded by a first
encoding method in a frame and said second codestrings being
signals of the other channels encoded by a second encoding method;
first decoding means for decoding the separated first
codestring by a first decoding method associated with said first
encoding method for generating first decoded signals; and
second decoding means for decoding the separated second
codestring by a second decoding method associated with said second
encoding method for generating second decoded signals.

60. An information recording medium having recorded thereon

encoding parameters along with the encoded information formed by



encoded, by a first encodi ng nethod and said second codestrin '
signals of the other channels encoded by a second encodi ng aﬂmﬂni"""m,”m
-decqdi ng the separated first codestring by a first decodi ng iy o,
associated with said first encoding nethod for generating first decoded '
signal s; and decodi ng the separated second codestring by a second
decodi ng nethod associated with said seg?nd encodi ng net hod for generating
second decoded signals. 62, The infornation decoding nethod as clained in
claim 61 whdséi and secadgbhcofestringsieinta nthe sfisgthcadestrésgei sgd the

containing the sybstantial bit rate decision.infqrmation fqr epcodin
63, The inf SPRERAOFOABEUANES fAIAJIrsicoRies trinss Pung MEnals Qhdr BARC©f

fi d di ' ' iy f . ]
b Trom vor nioplEtd1 ukib A SCOR R ITCL00a A o st encoding methad ifog
as clainmed ip ¢tah® 28l 8 §leRond comitgirﬁges_cmlngecs@ghags et had dagedes

sai d second codestring to generate spectral signal "conponents; :

transforms sahdngpheenabdeiddbyla sesmodenics dingmetResf orm bl ocks of
ti me-domain signals of a pre-set tinme width; and synt hesi zes the

t ransf or m bl 6¢ksAaf i rsfwiren 4 fii pe- diored im gsingrthbd ¢ompgésiagat e ti me- donmai n
channel signals. . . .
separating the encoded information formed by first and second
codestrings into the first codestrings and the second codestrings,
for each of one or more frames of a fixed size, said first
codestrings being signals of a part of a plural number of channels
encoded by a first encoding method and said second codestrings
being signals of the other channels encoded by a second encoding
method;

decoding the separated first codestring by a first decoding
method associated with said first encoding method for generating
first decoded signals; and.

decoding the separated second codestring by a second decoding
method associated with said sﬂe‘cond encoding method for generating
second decoded signals.
62. The information decoding method as claimed in ‘claim 61
wherein

each first codestring is such a codestring containing the
substantial bit rate decision information for encoding.
63. The information decoding method as claimed in claim 61

rd

wherein said first decoding method is a decoding method different



65. The information decoding nethod as clainmed in claim 64 wherein

said first decodi ng nethod decodes said first codestring to generate
spegtral signal conponents; transforns said spectral signal
conponents into transform blocks of time-domain signats of a pre-set tine

wi dth shorter than the transform bl ocks in sai dj ' nmet hod,;
and synt hesi zes the transform bl ocks, of tlmMﬁmEij to
generate time-donmain channel, signals. 66.° The I xatod | decodi ng net hod
‘as cl ai med | Funasaif wroqthdespdiagimethednd decodi ng net hod decodes said

second codesLring .0 erate spectral. signal, ¢ onent.s aid second
codestrings Sy n Be: PP tip Rl derqmiag TponodyBs dlamad b AN £l
nmet hod as clﬁihrg;giljln claim 61 wherein said second decoding nethod
decodes sai second codestrings having variabl e-l1 ength encoded channel

signal s. _ said second decoding method decod&Pshf sedbfdidY ¥ STRIAPN
decodi ng nethod as clained in claim 61 wherein said second decodi ng

met hod tc graezues speicdransigiad doonpbnands;non-tonal conponents from
sai d second codestri ng; .decodes the separated encoded tonal
conponent s; traosbdemst seidepgaeateal avigodddcnmpaentris datporteansfommd

synt hesi zes t he decqded tqnal ,and non-tgnal conponents., 9. The
i nf ormat i on H-S thRen8Qmadncyigngdy ofia pra-set bime Wrghtd; #ndyi g fir st

decoding met hod synthesizes the transform blocks of said time-domain signals to

generate time-domain channel signals.
65. The information decoding method as claimed in claim 64
wherein

said first decoding method decodes said first codestring to
generate spectral signal components;

transforms said spectral signal components into transform
blocks of time-domain signals of a pre-set time width shorter than
the transform blocks in said second encoding method; and

synthesizes thg transform blocks of time-domain signals to
generate time-domain channel signals.
66. The information decoding method as claimed in claim 64
wherein said second decoding method decodes said second codestring
to generate spectral signal components, said second codestrings
lying astride plural frames.
67. The information decoding method as claimed in claim 61
wherein said second decoding method decodes said second

-

codestrings having variable-length encoded channel signals.



decodes said first codestring to restore spectral signal conponents,
said first codestring being obtained by transform ng tinme-donain channel
sigpals int [ conponents in terms of transform bl ocks of a
pre-set ti nﬁlmﬁmmnnumﬁ”mmodl ng quantized data of said spectral signal
conponents ih terms &f &n *encoding unit of a pre-set unit; sai d
first decoding nethod transformng said sgectral signal conponents into

t ransf orm bl ock-based ti ne-domain signals and synthesizing the resulting
signals. 7068.Thel hef bnfmtm%)ﬁO@ecdﬁﬁQ@nmatmetiﬂaé epaichkeimed énachpingo61l

wherein the encoded nuynber of, encoding units.is decoded to do decoding
based on sai &hkeredRrsadd SR ﬂﬁcﬁgil? method The i nformation decodi ng

t hod laimed_in claim_ 6 in said first, t L t
Cecond codest 11 ngteBMA R paiG AP oRE! cld (b FRRA EDRARD AR Bom

said first ggpl@%%ﬂgscg&gsﬁriﬁgyed In a reverse arraying direction from
t he 86 arraying direction of said

second codestringgecodds thEhéepdra@edvéndyd sibeodangomep boeness cl ai med in
claim 61 wherein the information specifying the presence of said second

-codestring i s sepdeabddsfthensemsdmtedoatend ¢ hinomyaoneh comperiestts; rndio
decodi ng of the second codestring based on said separated information.
73.  The i nf or mat synthrdags thendesdeddoaphiapdinpA-tQaalncompongidsei n t he

dat a antity of sajd fipst destri is f d,f h d .
infor?r;tioln )ér?d wff‘éﬁll%i hﬁf&n%ﬁpﬁf&&ﬂﬁn@é&? nﬁ’?\gr“‘?hmé’t'*‘{e"‘“’&n?8 Haim 61

wherein said first decoding method

decodes said first codestring to restore spectral signal
components, said first codestring being obtained by transforming
time-domain channel signals into spectral signal components in terms
of transform blocks of a pre-set time width and by encoding
quantized data of said spectral signal components in terms of an
encoding unit of a pre-set unit;

said first decoding method transforming said spectral signal
components into transform-block-based time-d-omgin signals and
synthesizing the resulting signals.
70. The information decoding method as claimed in claim 69
wherein the encoded number of encoding units is decoded to do
decoding based on said number of enéoding units.
71. The information decoding method as claimed in claim 61
wherein said first codestrings and the second codestrings are
separated from the encoded information in which §aid first

codestrings are arrayed in a reverse arraying direction from the



presence of said second codestring is separated from said encoded

i nformation if sai | ILs |ess than-a pre-set value. 74. The
i nfQrmati on decodin as claimed in claim 61 wherein the data
gquantity of said fi "’I@@@ ﬂms found fromthe encoded information
and wherein said seco A are separated from said encoded

i nformati on and decoded if said dafa quaggity is less than a pre-set
value. 75. An information decodi ng apparatus conpri sing: codestring
separ ati ng nmeansying diepatiahiofysséhikseacndaxbdéstkmgsmti on fornmed by first
and second codestrings into the first codestrings and the second
codestri ngs, %dai d Thesinfeemastiomgdesrding mieghads agf dapaed dn £lpinmr 41
nunber of chanﬁlel s encoded_ by a first encoding nmethod for each qof one o
more frames GBSFGinydhosiDES LRALiam, 1P RRIERIRE (UL SPFT RIS bef hcs lgrisics gk

the other ch I cqde sgcond i t. : . dirs
decodi ng rreg%slh%s?(r)lr %ggoaﬁpn%%t?ﬁeﬁcos@p%%arhf%gmq%q%é;g;tln?grmatxon n or&er to
87 codestripg byedodidSt ofifRdli B8 PR NS 233 P ol t BnShflaf

encodi ng met hod f%r gennggti ng flgrcst decoé%g Si ggﬁalf%; andn géé%rn%fed
decodi ng neapaféanhatidandi ng the separated second codestring by a second
decodi ng net hod associated with said second encoding nethod for generating
second decodd@.si ghbésinfomBnatilea i déoodimg ometikeddiasg cdppmedt us a$aihai7zed

inclaim 75 wherein each first codestring is such a codestring
cont ai ni ng t Reherein the data quantity of said first codestrings is found fromthe

encoded information and wherein the information specifying the
presence of said second codestring is separated from said encoded
. information if said data quantity is less than a pre-set value.

74. The information decoding method as claimed in claim 61
wherein the data quantity of said first codestrings is found from the
encoded information and wherein said second codestrings are
separated from said encoded information and decoded if said data
quantity is less than a pre-set value.
75. An information decoding apparatus comprising:

codestring separating means for separating the encoded
information formed by first and second codestrings into the first
codestrings and the second codestrings, said first codestrings being
signals of a part of a plural number of channels encoded by a first
encoding method for each of one or more frames of a fixed size and
said second codestrings being signals of the other channels encoded
by a second encoding method;

-

first decoding means for decoding the separated first



substantial bit rate decision information for encoding. 77. The

I nformation decodi ng apparatus as clained in claim75 wherein said first
decaodi ng nethod is a decoding nethod different fromsaid second decodi ng
met hod. 78. The informati on decodi ng appar at us A ' im75
wherein said second decodi ng net hod i ncl udes ﬁ“mmwmuﬂuﬂmnt
decoding neans for decoding said second gg¢destrings®into®spéctral signal
conponent s; transform ng nmeans for transform ng the spectral signal
conponent s i aodestmmgdbyaian fergnalesoding predhosh asisowistett myithndaid first

synt hesi zi ng neans for synthesizing said tinme-domain fransform blocks to
generate tinBleoding foggsmeratingyfirstrde ciodkesy pgnals; @8dodi ng

apparatus as clained i |l ai m 78 _wherei aid first decoding neans
Gobodes sad {11 AeaoRhsPFRAINE midas 405 dssodiip” shynaePathihoneEond
transforns sgj r s'gg@+ W ts .l S : : ,
88 bl ocks of@???re.- Sg lf‘)%]as%gna % of a g‘%e@seépgtgi&nge W %?é]@]svﬁlotrht %arldt ﬁ%?\on? he
‘transform bl ggksdidy %P tth o €6 G eds 2Elin3ds §&S M@ U e cVULd signal3yNt hesi zes the
transform bl ocks of tinme-domain signals to generate tinme-domai n channel
signals. 8076 ThBhienfinfemrha tiv ndebeash diagappgyatatasaasClebaineed i hn Cthiim 785
wherei n sai d_second decodi ng neans decodes said second codestring to

gener at e spewhesginsi gnal conponents, said second codestrings |ying astride
plural franes.

each first codestring is such a codestring c_o;ntaining the
substantial bit rate decision information for encoding.
77. The information decoding apparatus as claimed in claim 75
wherein said first decoding method is a decoding method different
from said second decoding method.
78. The information decoding apparatus as claimed in claim 75
wherein said second decoding method includes

signal component decoding means for decoding said second
codestrings into spectral signal components;

transforming means for transforming the spectral signal
c—omponents into time-domain signals of a pre-set time width; and

synthesizing means for éynthesizing said time-domain transform
blocks to generate time-domain channel signals.
79. The information decoding apparatus as claimed in claim 78
wherein

said first decoding means decodes said first codestring to
generate spectral signal components;

-

transforms said spectral signal components into transform



81. The,information decodi ng apparatus as clainmed in claim4l rein said
second decodi ng neans decodes said second codestrings having IMMTIM"I”M””",
variabl e-1 engt h encoded channel signals. 82. The information Al L
apparatus as clainmed in claim75 wherein said second decodi ng neans

I ncl udes tonal conponent separating neans for separating said encoded
tonal ‘and non-tonal conponents from sai d gggcond codestri ng; t onal
conponent decodi ng neans for decoding the separated encoded tonal

conponents; blocksnof timgadosmipopignaldceddi pge-satatimef widthesddinigr thha

separ ated encoded non-tonal conponenfs; and . conmpopent synt hesi zi ng
means for syr‘igﬁeté'?'ﬁﬁﬁ‘b“f‘ﬂa°&&égﬁ'eﬂa"{ Bﬁ&?nﬁrﬁf‘%-“ﬁoﬂéltﬂeghﬂﬁﬁents. 83. The
i nformati on decodi a rat as_cl ai med,i,n ¢l aim75 erei.n said first
decodi ng neans iné?g%és)sq ¥ ?ﬁ%i grnaaﬂ&%f‘?pobr{@ﬁ?(sdeo?oéfWﬁ%gﬁgnf St8nakso dng
said first oQIe$hd Mmel@omla8RlH snnelPighaft. Si gnal conponents, said

first 89 codestring bei ng obtained
by transf ornigmg Itﬂdre'rrﬂ’aﬁﬁiaﬁi(@iilaﬂeebdiﬁégﬂ?bﬁriﬂiso aPeslaimledsiiaN@aim 78
conponents in ternms of transformblocks of a pre-set tine width and by
encodi ng quamtheredndstid 9écord decsptagr mleansgdetodenpandrtesoind todestdhgan
encoding unit of a pre-set wunit;, transform means for transformng
said spectr&P senghate Epegiaabniignalt somperenisn SRidksoeerd ciodesitimgisn
signals; and ' ans for synthesizing said

. th
t ransf or m bl '&Wﬂ)%éﬁgetﬁe | ib?ﬁﬁ?ﬁssi gnal s.

81. The information decoding apparatus as claimed in claim 41
wherei't;‘said second decoding means decodes said second codestrings
having variable-length encoded channel signals.
82. The information decoding apparatus as claimed in claim 75
wherein said second decoding means includes

tonal component separating means for separating said encoded
tonal and non-tonal components from said second codestring;

tonal component decoding means for decoding the separated
encoded tonal components;

non-tonal component decoding means for decoding the
separated encoded non-tonal components; and

component synthesizing means for synthesizing the decoded
tonal and non-tonal components.
83. The information decoding apparatus as claimed in claim 75
wherein said first decoding means includes

signal component decoding means for decoding said first

codestring to restore spectral signal components, said first



84. The, informati on decodi ng apparatus as clained in claim49 wherein said
first decogi,nﬂmmmmﬂmmnﬁcodes t he encoded nunber of encoding units to
do decodin [MLnber of encoding wunits. 85. The information

*

decodi ng- apparatu$ a8 ctaifred in claim75 wherein said codestring
separating neans separates the first codestrings and the second
codestrings fromthe encoded information in which said first codestrings

are arrayed in _a reverse arraying di rec?? on fromthe arraying direction of
sai d second eedestripggdeings obtednpds dynetriaos faembagndingpaemais shaangl med
in claim75 wherein said codfstri ngcgﬁpar ati ng. neans segar ates th

i nf or mat | on SERRIFAtAGSRHETAT GLERAD Cofi RaRenEoih A8 BSdeL AFaRY bR esks
encoded | nf 98 TR b 0B o 2 3°GA0 I2ERY}H00 BRI, oG O 430 4 Laia

codestring based on said information sp e ‘presence ol ‘sald

second codes§gidGal signal D hPbREAR iR eHRGOE W% egga&hﬁgmlﬁ% &t gilmfisw

cl ai m 86 erel n sail

codestring separating neans finds the data quantity of said first
codestrings fromthe encoded information and wherein the information

speci fying the prtegsenfermf smdahssedond tmdesformiggi ssaseépasmpeaaal r osgsal d
encoded information if said data quantity is |less than a pre-set val ue.

88. The i nf of dPiodredSABdPNg 285 harmt bk s basgidntda ¢ -4 aanai s ianalghand n sai d

R AL RN NN KON
codestrings ghfe SNaLAL gggﬂlgr_n sai d encoded information and
84. The information decoding apparatus as claimed in claim 49
wherein said first decoding means also decodes the encoded number
of encoding units to do decoding based on said number of encoding
units.
85. The information decoding apparatus as claimed in claim 75
wherein said codestring separating means separates the first
codestrings and the second codestrings from the encoded information
in which said first codestrings are arrayed in a reverse arraying
direction from the arraying direction of said second codestrings.
86. The information decoding apparatus as claimed in claim 75
wherein said codestring separating means separates the information
specifying the presence of said second codestring from said encoded
information, said second decoding means decoding said second
codestring based on said information specifying the presence of said
second codestring.

rd

87. The information decoding apparatus as claimed in claim 86



decoded if said data quantity is |less than a pre-set val ue.

AR O RO

wherein said codestring separating means finds the data quantity of

)

said first codestrings from the encoded information and wherein the
information specifying the presence of said second codestring is
separated from said encoded information if said data quantity is less
than a pre-set value.

88. The information decoding apparatus as claimed in claim 75
wherein said codestring separating means finds the data quantity of
said first codestrings from the encoded information and wherein said
second codestrings are separated from said encoded information and

decoded if said data quantity is less than a pre-set value.

90



