-1- TITLE OF. THE | NVENTI ON Encodi mg Met hod and Apparat us, Decodi hg Met hod
~and Apparatus and Recordi ng::Me BACKGROUND OF: THE | NVENTI ON Fi el d %3@3},5
i nvention -----This invention relates to an encodi ng net hod and apparatus -
for encoding multi-channel acoustic signals, a decodi ng nethod and')f’og
apparatus for decoding the.encoded information and a recordi ng nedi um

havi ng the encoded signals recorded t hetkon. Description of Related Art
There has yqfpE REEN THEPIIEYERCPIGN'G medi um capabl e of recording
signals such as the encoded acoustic information or the nusic information
(referred Eh@@ﬁ@h%af Metho daudind siap?a&)a,tmchmﬁc@dhngneweolpbucahndi sc.
Anong net hods for high-efficiency encodi ng of ‘the, audio signals, there are
a so- call ddppaaaster andc®ie ogrdhngh Msdatim ocki ng frequency spectrum
~splitting nmethod of transformng a ting“domain signal into frequency .domain -
si gnal s by BoAAGIKERA UNBnDEr MEE] IMYIENII @M spectral conponents from
one frequency band to another, and a sub-band encodi ng (SBC) mnet hod, which
i s a non- biFdelidngff thquemygndped rum splitting nethod of splitting the
ti me-domai n audj &_si gnals into plural frequency bands .t hout t31‘0;1ki n nd
encodi ng the rediiisi ngnyiegtaod oFetlﬁéeFree%e EhEe d1Rge M e thads o apdhun

a high- apparatus for encoding multi-channel acoustic signals, a

decoding method an.d apparatus for decoding the encoded
information and a recording medium having thé encoded
signals recorded thereon.
Description of Related Art

There has so far been proposed recording medium capable
of recording signals such as the encoded acoustic information
or the music information (referred to hereinafter as audio
signals), such as a magneto-optical disc. Among methods for
high-efficiency encoding of the audio signals, there are a so-
c'alled transform coding which‘ is a blocki-xig frequency
spectrum splitting method of transforming a time-domain
signal . into frequency domain signals by orthogonal transform
and eﬁcoding the spectral components from one frequency
band to another, and a sub-band encoding (SBC) method, |
which is a non-blocking frequency spectrum splitting method
of splitting the time-domain audio signals into plural
frequency bands withéut blocking and encoding the resulting

-si'gnals' of the frequency bands. There is also known a high-
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-2- efficiency encoding technique which is a conbination of the sub-band
codi ng and transform coding, in which case the tine donain signals are
split into plural frequency bands by SBC and the resulting band signals
are orthogonal transfornmed into spectral conponents which are encoded from
band to band. Anong the above-nentioned filters is a so-called QW
(Quadrature Mrror Filter) filter as dis@ussed in 1976, R E. Crochiere,

Digital Codi i 3:suUb . | s h V 55 .

rode. ' 1 BfeTendRe Lo Bid e RERHI gl \wiiEh i1°8 e ambifpeity, AF fhie
i Por'™s PPy e B3 T ufh ¢ AP TR i

ol b Fadlco bl iaRAA thAtTorh | 1A8, TH WHICH CRLBUNE (e

di vi di ng t hkoiadaueign algeateuspil bt dinteupIad 41N fegerh iphyer
Pol yphase Quadr at ur egFi lters- g\pNew Subb?rslld Codi ngﬁTechdr_l# qﬁghh\lyecyfségg
BOSTON. Thianddhyephasaltimgreandesighads dre ofithapicnakredansfofaiedmto

signal can be split at a tinme into plural bands of equal band-w dth.

Among t he alpsctradne o mponeadisnvdued fioe entcloakpuhfir ot dned drov bamsdich a

techni que in which an input audio signal is blocked every pre-set unit

tine, such as efdnpngdhe Ahovesmentiqwedi filteranss oa ns¢ bFa]ledi QM e

Convorti ng UHeRdraRuFE FinRamd fites) afi Wero asndispagsentinad 876, R.E.

0 s, N o hTEe T 1Al 2B, WL BB e W sy
Tech.. J. Vol.55, No.8, 1976. This QMF filter splits the
frequency spectrum into two bands of equal bandwidths and
is characterized in that so-called aliasing is not produced on
subsequently synthesizing the split bands. The technique 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.equal 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 every 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



-3- Based on Tinme Domain Aliasing Cancellation, | CASSP 1987. If the
above-nentioned DFT or DCT is used as a nethod for transform ng waveform
signals into spectral signals, and transformis applied based on a tine

bl ock conposed of M sanpl es, Mindependent real -nunber data are obtai ned.

It is noted that, for reducing junction distortions between tinme bl ocks, a
given tinme bock is usually overl apped w8k ML sanpl'es with both nei ghboring

bl ocks, and, M real - nuober . data .on average are,guantiz e din
o7 or ' Dot Basedrpm | Bebrauain Al aaiaes i el thiitn, TEASSHISE e
subsequently qugnptj.zed and encoded. he . I f .t
above- nenti oned% i g%tﬁ%g’gse%&r?&%%ﬁ; %‘iﬁ]@;dg?ﬂg‘ﬁgnéfﬁfﬁ“’ﬁwd
i ndependent P r [ fi O e i th
epenenie gy TGk o B 98l o SpERLPR| g b
data on an I reqo i1ne S l,e i SRUY F.z
and encode.cﬁ\éiﬁg’?olgi ﬁa gg?ilgedagﬁs%vﬁg oram%éﬁgjreﬁyg obt S’iri%glﬁsgﬁﬁﬁge?ge
transform ighfpeBsbl R fdopehde iodealohuanbed ExthDateWolbtaiinled.f iense
for re-construcCting the waveform signal s. In general, if a tinme block
for transfarondd tkagf hfoedredbeinpgeciunetiorwqdiscyrtirmmws ubietweeni oy ed
such that the signal energy is concentrated in specified frequency
conponent s.blbudksf oa egilg nustimye Mb@ck nishiwshia by cowelrhppipregl wintitthordd hal f
of each of both _neighboring bl ocks, . '
samples with both neighboring blocks, and M real-number data
on an average are quantized and encoded in DFT or DCT for
(M-M1) samples. It is these M real-number data that are
subsequently quantized and encoded.

On the other hand, if the above-mentioned MDCT is
used as a method for orthogonal transform, M independent
real-number data are obtained. from 2M samples overlapped
with M 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 from the codes obtained by MDCT with
interference for re-constructing the waveform signals.

In general, if a time block for transform is lengthened,
the spectrum frequency resolution is improved such that the
signal energy 1is concentrated in specified frequency

components. Therefore, by wusing MDCT in which, by
overlapping with one half of each of both neighboring blocks,



-4- transformis carried out with long block I engths, and ip which the
nunmber of the resulting spectral signals is not increased beyond the nunber
of the original time sanples, encoding can be carried out with higher
efficiency than if the DFT or DCT is. usged. Mdreover, since the

nei ghbori ng bl ocks have sufficiently Idﬁé’overlap with each other, the

I nt'er-bl ock distortion of the waveform signals can be reduced. However, if

the transt 9EanRaeks henghp {Q Y PIIAH Tolnk WNLN RS D" Sp¥OLK A °

required f rans us obstructing fretuction i zé o oduci ng

means. In pRel hithgler 6FCtRE i‘ekﬁﬂ@iﬁéaﬁ‘gi&%%?'%ﬂs g st ndht E’ﬁbEE;ﬁ@% eit

Is difficult to raise the integration degree of a™sem conductor sho

avoi ded si Besy ¢ hdSth &Gi @aALEEr LI thRNBTaginAL "Anf@Hamples, Bn dydihigZichh
signals split into plural frequency bands by a filter or orthogonal

transform btehe drir¢gdeoar wdnt hlingm_irCBfﬁi:@imscyhﬁmmairﬁ that DATneirs® €Can be
controlled so that encodi ng can be achieved with psychoacoustic higher

ef ficiencyiby wxedoiti Moxeousin,c shmceactehe stierglsboning nbbéckg ehhaat s.
I f the signal conponents are nornalized with the maxi mrum val ues of the
absol ute vamfétcogntlhe bopgalovornbopenwsth neakd retiber; i teebander-bhosk ng
can be achieved with still higher_ efficjenc frequency_band w dt hs

in case of d48EAFIIATMPE Hd g r\gqu@rf@fr%osimefﬁ sc,a@bbA;i reduss dspH @ wiaene

frequency sPeghe Transform 916X’ dngtn ' #6r" tFIHSESYmPES [l thenied,
more work area is required for transform, thus obstructing
reduction in size of reproducing means. In particular, use of
a long transform block at a time point when it is difficult to
raise the integration degree of a semiconductor should be
avoided since this increases the manufacturing cost.

By quantizing signals split into plural frequency bands
by a filter or orthogonal transform, the frequency band in
which occurs the q.uantization 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 |
components 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 in such



-5- a manner as to take account of the psychoacoustic characteristics
of the human auditory system Specifically, the audio signals are divided
into a plurality of, such as 25, bands using bandw dths increasing with

i ncreasing frequency. These bands are known as critical bands. In encoding
t he band-based data, encoding is carried out by fixed or adaptive bit

all ocation on the band basis. In encodi npcoefficient data obtained by MDCT

Punber of i SRl Poas Clob® R RERARINC o EHE opsR oo fURRE !V
bl ock- based MXETc b6 AEREEENBE et BRSA R ta@aie;@ £ys taNn s;,%llﬁlasﬂ are

known the follow ng two techniques. In R nsky a

Nol I, " Adapihie/eauld po's§ igrma 1 Cadiendl i vild e aeatid aSlpglﬁar'afhty‘ir@f 's'hch':fsEQS
Transactlons of Acoustics, Speech and Signal Processing, vol . ASSP-2

No. 4, Augushad@s7usbng Bhhdeeid tins % queyd simnge v vh Txherleasuﬁgofréljﬁency
magni tude of the band-based signals. Wth this system the quantization
noi se spectFhesbebareds fane, kawooknt et arti¢igahnbiazais.on Inisecodimgnitlieed.
However, the actual noise feeling . is not psychoacoust i cally optinum because
the psychodb@@drb@smmﬁg,wnemdmsg ﬂétcékﬁQﬁt@ét y fixed ogubidiaptiiven

"I CASSP 1 " The critical band cad ngodi ng of__t he percetpt‘ual
requi r enent oP”c‘h%aEﬁRHtQﬂyﬂb?sl?%ﬁfi aﬁlsK r?é¥°° ng, cogéficient da

gﬂ/ggg[ ?ggusbfalnrgaékﬁgg%%nb%@desss%%eg g)? ge erlri"ocatloilI )é%ddescnbed

above, encoding is by an adaptwe number of bit allocatmn for
band;based MDCT coefficients obtained by block-based MDCT
processing. As these bit allocation techniques, there are
known the following two techniques.

For example, in R. Zelinsky and P. Noll, ‘Adaptive
Transform Coding of Speech Signals’ and in ‘IEEE
Transactions of Acoustics, Speech and Signal Processing, vol.
ASSP-25, No.4, August 1977, bit allocation is performed on
the basis of the magnitude of tﬂc 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



t hat produces the necessary signal-to-noise ratio for each critical band.

However, if this technique is- used to neasure characteristics of a sine

wave, input, non-optimumresults are obtai ned because of the fixed

al l ocation of bits anmong the critical bands. For overcom ng these

probl ens, there is proposed a high- efficiency encoding device in which a

portion of the total nunber of bits usal?®e for bit allocation is.used for a
n pre-fixed fraom one snall. not her . and

fixed bit a#l ocatio gatt l. bl ockt.to :
the remi BUpBraREss (hgq REPCBFATY) SHERAIG0aBdRe TR (TRT SFERE
"2t o betvgbhtisd PRHRE",HE W PEL i nkis, Tk d e s TG m R teR e o,

the signal oRlicudpseics BHle JrRENGaRie Qe 4l - g st fth L% AN IR

signal, suc I't nunber division rati'o to tf I xed bi | ocati on

becomes | apgehihkd BOOLHISE W thied Tk ePeslld®htion ofNbits CERURECthe |
significantly 1 nproves the signal-to-noise ratio on the whole by allocating

nmore bits g@ifidalobknidic! uding a particul ar signal spectrum exhibiting
concentrated signal energy, as in the case of a sine wave input in which

si gnal ener gi esFareovesceningetheése guot fdmd, stheette ds propalseabaphight-s.
By using the above techniques, for inproving the signal-to-noise ratio
characteri effosienwy omooding ndeyviced imal\ugs'chr & i portisedo fbghealtotalhe
sound as perceived hy the listener is jnproved in signal quality, hecause
the human humber of bits usable for bit allocation is wused for a fixed
bit allocation pattern pre-fixed from one small block to
another and the remaining portion is used for bit allocation
dependent on the signal amplitudes of the respective blocks,
and in which the bit number division ratio between the fixed
bit allocation and the bit allocation dependent on the signal
- amplitudes is made dependenf on a signal related to an input
signal, such that the bit number division ratio to the fixed bit
allocation becomes larger the smoother the signal spectrum.
This technique significantly improves the signal-to-noise
ratio on the whole by allocating more bits to a block
including a particular signal spectrum exhibiting concentrated
signal energy, as in the case of a sine wave input in which
signal energies are concentrated in specified spectral signal
components. 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



-7- auditory system is sensitive to signals having acute spectral
conponents. A variety of different bit allocation techniques have been
proposed, and a nodel simnulating the human auditory mechani sm has al so
beconme nore el aborate, such that perceptually higher encoding efficiency
can be achi eved supposing that the encoding device capability is
correspondi ngly i nproved. I n these-Techni ques, the customary practice

is to find real-nunm ere v.al. r. i I [ on | izl e
i gnal - to- o SLERE e (ST LSRR TR 8 ol PFBHAB achER +FERRTALS
possi bl e, Wmhpo Sftknteger values approximating the reference values as
al l ocated bit runbers.’ For constructing a real codestring, it suffices

i f the quantizatA opafid18N0¥Sd i ffed e bQb N9 cldt@o ROt E&@h higule@Nhaqf ble@ent
i nformati on are encoded”wi t-h pre-set nunbers of bits, from one

nor mal i zat ipyd glused, zaandn laandnbdeélno‘shﬁ;rula&@ﬂgt heheor laimaged antditory
quanti zed spectral signal conponents are encoded. In the |SO standard
(1SO' | FC 14é2haniddn (krs 1998d, bleeommies descei bebalnohapdy- efshich entdyat
encodi ng systemin which the nunbers of bits representing the quantization
fineness i rfereeptwally e ghen gacaadimgdidfidcéanchyr omaanebieandchdeved
another. Specifically, the nunber of bi'ts representing the quantization
fineness i fLPRASINE | s that sothgs tencwdigsr ebeWiGet h ¢daBabidatysed s

frequency. correspondingly improved.

In these techniques, the customary p_ractice. is to find
real-number reference 'valucé 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 construcfing a real codestring, it suffices if the
quantization fineness information and the normalization
coefficient information are encoded with pre-set numbers of
bits, from one normalization/quan-tization band to another, and
the normalized and quantized spectral signal components are
encoded. In the ISO standard (ISO/IFC 11172-3:1993 (E),
1993), there is described a high-efficiency encoding system
in which the numbers of bits f.e'p.resenting the quantization
fineness information are set so as to be different from one
band to another. Specifically, the number of bits representing
the quantization fineness information is set so as to be

decreased with the increased frequency.



There is al so known a nethod of determ ning the quantization fineness

I nformation in the decodi ng device from for exanple, the normalization
coefficient information. Since the relation between the nornalization
coefficient information and the quantization fineness information is set at
the tine of setting the standard, it becones inpossible to introduce the
quanti zation fineness control based on a8wore advanced psychoacoustic nodel

ol Uz 11 oed b nisecaldd Borudt "o e, SECAECR Ry ke °°
2 U A Shohn o B 8T PO, fof Bl BUBBWIERL NSk PERSES
a_met hod Oko?séﬂﬁni’ogfé a*@h? h%'}g{nlé'lizgé)ﬂ%% féH?PE‘l.‘é‘?@h’igiﬁf’érﬁﬁ%'ibﬁé}tS?Hc%f
nore efficient encodi ng of quantized spectral signal conponents, "as

described kRel}dtatilghl BRAwe éh MHAG i | {PA0H Cd OfFiRh e Me i EYR A ancy
Codes", in Proc. |.RE, 40, p.1098 (1952). In the International

Layi ng- Opean\9he2803% 9k at hén Priasent s §Sisi R ati G i st tdacsthesefm@ ¥t hod
of separating perceptually critical tonal conponents, that is signal
conmponent ssbavimg the siagndhrdpeityb eoomes rianpdsisobléetoi mmtidduot &he
speci fied frequency, fromthe spectral signals, and encoding the signal
conmponent sqs@apdiza¢ignf rHimemesseno nirgl spactadil ogonmponmmre  Adivarced| es
audio signals to be efficiently encoded with a high_c,orrpre;ssi on ration
without psychoacoustic model in future. In addition, if there 1s a
width in the com'p_rcssion ratio to be realized, it becomes
necessary to set the relation between the normalization
coefficient  information and the quantization fineness
information from one compression rafio to an_other.

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. I.R.E., 40, p.1098 (1952). '

In the International Laying-Open WO094/28633 of the
present Assignee, there is disclosed a method of separating
perceptually critical tonal components, that 1is signal
components having the signal energy concentrated in the
vicinity of a specified frequency, from the spectral signals,
and encoding the signal components separately from the

remaining spectral components. This enables audio signals to

be efficiently encoded with a high compression ration without



-9- substantially deteriorating the psychoacoustic sound quality. The
above- descri bed encodi ng techni ques can be applied to respective channels
of acoustic signals constructed by plural channels. For exanple, the
encodi ng techni ques can be applied to each of the |eft channel associated
with a left-side speaker and the right channel associated with a right-side
speaker. The L and R channels of the audPo signals are known to be

correl ate : rtfsém [ ' bgowstd &GaalesN i ze
encodi ng. %‘msggﬁ:ﬁg#elyeq | Ci gyg‘fingr&g)ﬁgﬁﬁe@?%g%ﬁ?g dgscri b%dai n%t’ he
publication ' Pergaephpdve 1d @9t b 8uCediced af g Weddb@iWu &k cc 8 begapiplied

Janes D. Johnston, | CSSSP89, picture processing.1993 to 1995) a.technique

of taking @ spgspedtave fékaanadsofofhadowsitic. sign&lshaones tyuced ebty ng
these into spectral signals ,finding a masking curve fromthe spectrum of
the sum angilwt@htdlzangelbe Boectxample s thesemcandlin pate aliniguedi tlagr e
usi ng the masking curve to achieve encoding. Since_in general it occurs
frequent | yaphhiedheo leatianmflthsi dedtschaansilnasapciateevwrith ghbeftiside
signals, the signal |evel of the channel corresponding to, (L-R), is rather
| ow such t¥peakeraramé ésheoddghti tohannelatEssa giated | Withoar vighbt1ssde ¢

apr oducoe By akes: GIbE: ko 2] I (TABAGIA Lot R LIRAIEE AL AFE MR W (o
(LR 10 be "Sorrelatéd 76 dehch o ther Suéh *taf s b1 ¥hation can
be used to realize encoding with a higher effici.ency. For
example, there is described in the publication ‘Perceptual
Transform Coding of Wideband Stereo Signals’, James D.
Johnston, ICSSSP89, picture processing.1993 to 1995) a
technique of taking a sum and a difference of the input L
and R channels, converting these into spectral signals ,finding
a masking curve from the spectrum of the sum and quantizing
the spectrum of the sum and that of the difference using the
masking curve to achieve encodin;g. Since in general it occurs
frequently that the L-channel signals are similar to the R-
channel signals, the signal level_ of the c.ltl-;nnel corresponding
to (L-R) is rather low such that it an be encoded with a
relative.ly small number of bits. It is an ancillary merit of
this technique that monaural signals can be reproduced by
reproducing only the signals of the channel corresponding to
{(L+R). _
In the ISO standard (ISO/IEC 11172-3:1993(E), 1993),



-10- there is described a systemin which L and R channels are split by a
filter, both L and R channel signals or channel signals corresponding to
(L+R) and (L-R) are encoded for the bands of the | ower frequency and in

whi ch only normalization coefficients of each band with the higher
frequency are separately encoded for both channels. Wth the nmethod of
encodi ng the channel corresponding to thao-L+R) and to the channel

cor r espondighG fed i%'—‘d%)séﬂfbtehf @n%yg@eﬁpeﬁ{ rWRicH QﬂahfldOfRf‘ Bﬁatn‘ifeel?;aiwl S

need to be encoded even if one of”"the channels is of [ow signal | This
sets a |imgpltie byProViilderhebethresandn f theimnely $Higearods Agchlaln vl ¥

the normalization coefficients are encoded for the high-range side, there
i's requiredigmdlgncbireasp ondbeg 0§ (@l +R) anehhdiR) drec emwode dzB61 the
coefficients for the entire frequency spectrum Mor eover, in the above
techni que, bamdsfof thandownerfye queamey candoprerwhichsoaly neqmakdzdton
encodi ng and decoding for signals of the entire spectrum of each of two
channel s, toefficieadsi mf ttachol uendk whshbdheerhighory ficqueney are
obj oot of (KB 3FAGIAT creRARA 0% BOHRGPRIATRE Kncodi ng et hod and appar at us
appar at us 1o dBE4HR niie B ettt | BPAREL Hhand RE HLEh e TRF RARGINE
to the (L+R) and to the channel corresponding to (L-R) in the
entire spectrum, signals of the two channels need to be
encoded even.if one of the channels is of low signal level.
This. sets a limit to improving the compression efficiency by
encoding. If only the normalization coefficients are encoded
for the high-range side, there is required a significant number
of bits in encoding the normalization éoefficients for the
entire frequency spectrum.

Moréover, in the above technique, transform and inverse
transform operations are requircd for encoding and decoding
for signals of the entire spectrum of each of two channels,
thus increasing the volume of the buffer memory used for
transient data storage.

'SUMMARY OF THE INVENTION

It is therefore an object of the present invention to
provide a encoding method and apparatus for encoding multi-
channel acoustic signals, a decoding method and apparatus for

decoding the encoded information and a recording medium in



whi ch the volunme of the encoding information can be decreased and in which
encodi ng and decodi ng can be achieved with a smaller volune of the buffer

menory. In one aspect, the present invention provides a nethod for
encodi ng an input signal including a splitting step of generating plural
| ow-range signals and a nunber of high-_sange signals smaller in nunber

than the input signal froma signal derived fromplural input signals, a

I ' | h aQf I id
ow range_spaoghndust ehy 8l fEOH A9 53 ol dBFn P! irfho LW 8A9C S0k e

si gnal s, range encodi ng step of enco range stde signal

and for gepRi@idd\¥ed e PACOE NGvhPER "@ALOM i lated Wed b@ifgcodand Bleep
and a generating step for generating a codestring based on signhals encoded

by the | owalcigsy edaeiilna shepllendvbbanié JF thedeuéfeodsmetep, and on the
encodi ng i nformation. I n anot her aspect, the present invention provides

an apparat us folneoadiagp@ot, rtue piiegmElt iinctemtion sprovides meanethod
generating plural lowrange signals and a nunber of high-range signals
smal | er infoeontencotangt len i bpputsisjgalalf riomeladingar dpliteng r shepl fal
i nput signals, |owrange encoding neans for encodi ng each of the plural

| owrange fefterating splurgh-lewgsaageosigpatangndoe anesthexy efichigh-

byt he. encoamES FEAR saith birar 48 AGMBSRStROR EOACIIPRAGS ERBUCIFng

based on Sisqg‘%laﬁ EQ%P\%GS from plural input signals, a low-range 1e21icoding
step of encoding each of the plural low-range side signals, a
high-range encoding step of encoding the high-range side
signal and for generating the encoding information obtained
by the encoding step and a generating step for generating a
codestring based on signals encoded by the | low-range
encoding step and the high-range encoding step, and on the
encoding information.

In another aspect, the present invention provides an
apparatus for encoding an input. signal including splitting
means for generating plural low-range signals and a number
of high-range signals smaller in number than the input signal
from a signal derived from plural input signals, low-range
encoding means for encoding each of the piural low-range
side signals, high-range encoding means for encoding the
high-range side signal and for generating the encoding
information obtained by the encoding means, and generating

means for generating a codestring based on signals encoded



by the | owrange encodi ng neans and the hi gh-range encodi ng neans, and on
t he encodi ng i nformation. In a further aspect, the present invention
provi des a nethod for decoding a codestring including: a separating step
for splitting a codestring having | owrange codes obtained on encodi ng each
of plural |owrange signals, generated based on plural signals, high-range
codes obtai ned on encoding a nunber of high-range signals snmaller in nunber

(he" s on Pt FLFeES EE SRR L% BPSCRERAR g2
b 8B dh ' f di
Soharat od HiSdPEIEnAgShE U AT AR IBERAIAGE P O N ona s

synthesis step ff feFardhie?d @d(}:@é'i PUth &1 E@%'Sefiﬁsﬁﬁﬁhﬁhﬁ\ dgged9des a
| ow-range side signals and the decoded hi gh-range side signals. In a

further aspg@thdddor deeudinyentdode privigdn ol diger at sepheatilegosiay a
codestring including separating neans for splitting.a codestring having

| ow-range cfaespdittingpd oo dostrimg leavin gfl Eiverah gleovordeg e tiagma &.on
gener at.ed based on plural signals,. high-range codes obtained on encoding a
number of hémhodangeesicdnalfsptunal dowrnramgesigmahst gengnatald biagead vmnd
t he encoded jnformati on_obtained on encodi ng the high-range signals,

| owrange dREWBRhgSEBRALSS ohigdedainge t v deparah ttinesy odhgencrding a

N g range e Yo P e n Yange O Tighart® S05312E °tn" SumBoP f 20 the
plural signéls and the encoded iﬁforma_tion obtained on
encoding the high-range signals, ‘a low-range decoding step
for decoding the separated low-range codes, é high-range
decoding step for decoding the separated high-range codes
based on the encoded information, and a synthesis step for
generating an output signal based on the decoded low-range
side signals and the decoded h"igh-range side signals.

In a further aspect, the present invention provides an
apparatus for decoding a cod'eétring including separating
means for splitting a codestring having low-range codes
obtained on encoding each of plural low-range signals,
generated based on plural signals, high-range codes obtained
on encoding a number of high-range signals smaller in number
than the plural signals and the encoded information obta.ined
on encoding the high-range signals, low-range decoding means

for decoding the separated low-range codes, high-range

decoding means for decoding the separated high-range codes



based on the encoded information and synthesis nmeans for generating an

out put signal based on the decoded | owrange side signals and the decoded
hi gh-range si de signals. - In yet another aspect, the present invention
provi'des a recordi ng nmedi um havi ng recorded thereon a codestring having

| ow-range codes obtained on encodi ng each of plural |ow range signals,
gener at ed based on plural signals, high-y:ange codes obtai ned on encoding a

mb f high- ' I I ' mber than th I | si | s .and
he.encoded T1 B A | G oBRE AR off CAEBTR G R (AR G ATARA ScIBRaRs for
Wth the i ' ' e} t ' : t
or csent i niet Foh RECRECBNARAI 08 3" Ra sHP Ut PEEGDALE, fdwi-Rnge
f t | | 9D+ bd&1el N th
ow range Shay STERELE RN QAR ) AEdE 0, L RBP T STERHLE [t can be

decoded on subsgqugidt G &P #4Fe8BCOARE £ PEsERTTPIIPPEN BTN !
hi gh-range si de, a@rrﬁmber of chanlﬁgl s smal Iéar s"Ihan In the I%\/\Prrg%éicssi cIie

are gener atre¢ crdireg rhedétuni e vidi galdczatd o thaafdd ki b de¥tai iRt haWing
thereof is encoded for conpression to decrease the volune of the encoded

i nf or mat i odotvo-eamgke cotbesli abtainkda cmakheo dimgeeaichy ofl pharahdl ew-
smal | er buffer nenpry capacity. The recordi ng nedi um of the present
i nventi on Wadgecvigials,hgeantatesd doaisedr ping pJaralasiégniyss hei ghevangg
method and PRes %obtatned o chcoding @ nember of Bigh-rsnge signals
smaller in number than the plural signals and the encoded
information obtained on encoding the high-range signals.

With the information encoding method and apparatus
according to the preseht invention, acouSth:signals of plural
channels are split in frequency to produce a low-range side
and a high-rangé side. In the low-range side, signals of the
respective channels or signals that .can be decoded on
subsequent decoding are encoded for compression. In the
high-range side, a number of clIannels smaller than in the
low-range side are generated and at least the normalization
coefficient information thereof is encoded for compréssion to
decrease the volume of the encoded information to enable
encoding with a smaller proceséing volume and a smaller
buffer memory capacity.

The recording medium of the present invention has

recorded thereon the codestring generated by the éncoding.

method and apparatus of the present invention, thus enabling



-14- storage of acoustic signals of higher quality with the u.se of a
smal | er recordi ng capacity: According to the present invention,
acoustic signals can be encoded using a smaller nunber of bits while the
stereo sound effect or multi-channel effect, for exanple, is naintained.
The processing volune or the buffer nmenory capacity required for encoding
and decodi ng can al so be reduced. BRI ERI12ESCRI PTI ON OF THE DRAW NGS

ecor di gl rOSHARS G A SpRaP et 2 Mienat A el Rl i Sl of
di ng/ | . ' to th t i tion.
Fro 2 |8 a bR aRR B BB Ry an i I sty at ve SUruciure of an

encoding circui tAe%ea%;ggtbomée?%séﬁ@tiﬁwﬁmbﬁ?-acou_stF& Gigrd S12 Y PCK
circuit diagramshowng dn illusttative structure of a signal conponent

encodi ng Cif&uéhcaded di §Th g Oat B DRTeMumbeENtd Prbits wkile 4Hé stk
circuit diagramshowing an illustrative structure of a transformcircuit

accordi ng tsouhd peffeot i ovenniwhti-chanriel 5 éffexcthl ofbrci exainiplieagr fgn

showing an illustrative structure of a decoding circuit according to the,

present inusaindained. The processing volume or theldbuffer memory
capacity required for encodjng and decoding can also be
reduced. |
BRIEF DESCRIPTION OF THE DRAWINGS _

Fig.1 is a block circuit diagram showing an illustrative
structure of a recording/reproducing apparatus as an
embodiment of the compressed data recording/reproducing
apparatus according to the presehtinvention.

Fig.2 is a block circuit diagram showing an illustrative
structure of an encoding circuit according to the present
invention.

Fig.3 is a block circuit diagl.:am 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 transform circuit according to the present
invention. |

Fig.5 1is a block circuit diagram showing an illustrative
structure of a deco'ding circuit according to the  present

invention.



Fig.6 is a block circuit diagramshowing an illustrative structure of an

i nverse transformcircuit according to the present invention. Fig.7 is
a block circuit diagramshowing an illustrative structure of a signal
conponent” encoding circuit according to the present invention. Fig.8
il lustrates a basic encodi ng net hod. Fig.9 illustrates the structure

of -a codestring of a frame encoded by thkB-basic encodi ng net hod.
Fig. 10 shows an.exanple of, arraying L.and R chanpels fromframe tpo frane.
Fi g, 11 shows anfafafipts B0 WeEreiiteitndiegratt Shodne 4n 3iTyafrative
Fig. 12 !”s‘if‘tﬂ:i’ﬁ?é %greﬂ?o‘i’h%r%%t‘h&%dsrf C*l:ig%i%'%%'o ’I{g’”%‘tih%re
di vided into tonal "and noi se conmponents and encodi ng the resu ng signal s.
Fig. 13 iIIy&Q& LESiaPentibHct ure of a codestring encoded by the encoding

I VI

nmet hod of Ing the signal conponents into tonal and noise conponents
and encodi ng thejpeguid iNGHIFd0A Frcuit dTagrath ishéwin@Clanci i $ (xH @¥eam
showi ng an illustrative structure of a signal conponent encoding circuit
confi gur ed stpucduye do NG islign% lgcadlm pemawerie 6 di ngt ohedutndco@rddng to
conponents and encoding the resulting signals. Fig.15 is a block
circuit di abeaprebenitngwentidmustrative :
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Fig.8 illustrates a basic encoding method.

Fig.9 illustrates the structure of a codestring of a frame
encoded by the basic encoding method.

Fig.10 shows an example of arraying L and R channels
from frame to frame. |

Fig.11 shows an example of arranging the channel
(L+R)/2 to a frame.

Fig.12 illustrates an encoding method in which the signal
components are divided into tonal and noise components and
encoding the resulting signals. |

Fig.13 illustrates the structﬁre of a codestring encoded
by the encoding method of dividing the signal components

into tonal and noise components and encoding the resulting
signals.

Fig.14 is a block circuit diagram showing an illustrative
structure of a signal component encoding circuit configured
for dividing the signal components into tonal and noise
components and encoding the resulting signals.

Fig.15 is a block circuit diagram showing an illustrative



structure of a signal conponent decoding circuit configured for decoding a
codestring obtained on dividing the signal conponents into tonal and noi se

conponents and encoding the resulting signals. " Fig. 16 is a block
circuit diagram showi ng a schematic structure of an encoding circuit
configured for encoding a channel (L+R)/2 and a channel (L-R)/2. _Fig.

17 is a block circuit diagram show ng pgschematic structure of a decoding
circuit for decoding codestring obtained o enching_the_chang&L (L+E%/2
and the ch&tRBicture R}/z signalj gomgonent {6 R dmec fiir cHilhgf aMtd BYNe

the schematd ¢ structure of an gencoding cijcuit ,configured. for encoding the
o R endito AEERatng % EPdRGPinaY Chirig d Som e ding| thRS gl ne
on the high- | de.. ' Lg. [ I ' i | ag S ] an
T ustrar S RBRRERFE into rohafAla RglsP CERuERREH G ERTTRATOIRY Mg
Fig. 18. ' Oyl | ock circuit diagramshowing an illustrative
structure gfsgﬁgg¥éﬁg' |€H§I conponent encoding circuit of Fig. 18.

Fig.21 illustraggy glge ist wq;w@koailaoﬁp@e&fdmnpwwqﬁgﬁm W@}'rgﬁtitche L

and R channels on“the |ow frequency side and On encoding the (L+R)
channel onsthachiugd ofe@iernencdiddag circuit configured for encoding a 17-

Fig.22 is a block circuit diagram show ng the schematic
channel (L+R)/2 and a channel (L-R)/2.

Fig.17 is a block circuit diagram'showing a schematic
structure of a decoding. circuit for decoding a codestring
obtained on encoding the channel (L+R)/2 and the channel (L-
R)/2.
| ‘Fig.18 is a biock circuit diagram showing the schematic
structure of an encoding circuit configured for encoding the
L and R channels on the low-range side and for encoding the
(L+R)/2 channel on the high-range side. |

Fig.19 is a block circuit diagram showing an illustrative
structure of an A-type signal coﬁxponeni encoding circuit of
Fig.18.

Fig.20 is a block circuit diagram showing an illustrative
structure of a B-type signal component encoding circuit of
Fig.18. |

Fig.21 illustrates the structure of a codestring obtained
on encoding the L ‘and R channels on the low frequency side
and on encoding the (L+R)/2 channel on the high frequency

side.



structure of an encoding circuit configured for encoding the L and R
channels on the | ow frequency side and for encoding the (L+R)/2 channel on
t he hi gh frequency side. Fig.23 is a block circuit diagram show ng the
schermatic structure of an encoding circuit configured for encoding the L
and R channels on the | ow frequency side and for encodi ng conmon signals
for the L and R channels on the high fré@§uency si de. Fig.24 is a block

circuit di agramgst )Qit%qsag L'clibﬁit E:ﬂ'i:ﬁ?% SO dﬁlf%ﬁgf})m’ﬁiéé% Z%PHE%'Q

. ) . C
encodi ng circult € encodi ng cilrcul FS a ow

chart for is'tHi_%ttﬁ@%:i 8¢ i‘ngéﬂ‘é‘iﬁﬁr{‘@ m|tecﬁfnﬁg%r‘é‘&mf69| Ehfs%‘&-iﬁlé’;thté"e

encoding circuit of Fig.23. Fi'g.26 illustrates the structure of

codest ri ng [okirad "Rdc ha nereladiono thize1b varft & wBaBREk $denahdefbpve At o@ianey
si de and on encodi ng conmon signals for the L and R channels on the hig

frequency shade(L+R)A g¢ldannsl aoilthek hdighc 6 ¢ qdieagnyasidbowi ng the structure
of a decoding circuit configured for decoding a codestring obtained on
encoding the L Edg.&%ﬁanaegiooﬂ{ chechatv d ragramc g hoiwlitn gnth ens ehe oda tig
common signals for the L and R channels on the high frequency. side.

Fig.28 is &tpneénreipfuan ensgrdimg owicntt pendipused for encoding the

-18 structyre o n encoding cirguit according to ap,enbodi pent confj,gured
for encodi Hrgat‘h‘i: IE %ﬁénﬂeéﬁaﬁﬁ’elt eogomef%]edwcncy side ang Pgr encoding

common signals for the L and R channels on the high
frequency side.

Fig.24 is a block circuit diagram showing an illustrative
structure of a signal component encoding lcircuit of the
encoding circuit of Fig.23.

"Fig.25 is a flow chart for illustrating a processing
example of the control circuit of the encoding circuit of
Fig.23.

Fig.26 illustrates the structure of a codestring obtained
on encoding the L and R channel.s on the low frequency side
and on encoding common signals for the L and R channels on
the high frequency side.

Fig.27 is a block circuit diagram showing the structure
of a decoding circuit configured for decoding a codestring
obtained on encoding the L ‘and R channels on the low
frequency side and on encoding common signals for the L and
R channels on the high frequency side.

Fig.28 is a block circuit diagram showing the schematic



frequency side and for encoding common signals for the L and R channels on
the hi-gh frequency side. Fig.29 is a block circuit diagram show ng the
structure of a decoding circuit according to a nodified enbodi nent
configured for decoding a codestring obtained on encoding the L and R
channel s on the | ow frequency side and on encodi ng common signals for the L
and R channel s on the high frequency 18, Fi'g.30 is a block circuit

e oRBHEIRRE ddnangard (R ELben Tt TGS 4h, SR RRAC ©
cach of her o dTEbrPTenR SIREELR DL L (ROCRERARIS K (e STow O

pr ocessi ng ki o e d@t108 fidr Waicd\d o B8 SHilth B9 SBERGTOTF S tRE L @hd he
decoding circuit of” Fig.30 determ nes the weighting paraneters. Fig.32

is a bl ockEid}palilﬁe@gag[&me,sh@ghhﬁré@ﬁeg@yegaabg structure of an encodi ng
circuit of an enbodinent in which the channels (L+R)/2 and (L-R)/2 are

encoded on the Fag.2&nde ai ddoakd direndondbagsagnadlso ofinigdhethe avtduldture

channel s and the weighting paraneters are encoded on the high-range side.

Fig.33 is &ff lowdhaodisigwe mpuite anoeedingg tbl av modified embodiment

" 19- et ho%oinnfivg]uircehd %ovx\'leiiggtoidni%gdgci;iid%nst(xz'iil.tlgul)%)tﬁngHeogngggiora%ng the
L and R channels on the low frequency side and on encoding
common signals for the L and R channels on the high
frequency side. |

Fig.30 is a block circuit diagram showing a schematic
structure of a decoding circuit according to a modified
embodiment configured for decoding a codestring obtained on
encoding such that the L and .R channels on the high-range
side differ from each other in signal level.

Fig.31 is a flowchart showing the processing flow of the
method iﬁ which a weighting decision circuit of the decoding
circuit of Fig.30 determines the weighting parameters.

Fig.32 is a block circuit diagram showing the schematic
structure of an encoding circuit of an embodiment in which
the channels (L+R)/2 and (L-R)/2 are encoded on the
low-range side and the common signals of the L and R
channels” and the weighting parameters are encoded on the
high-range side.

Fig.33 1is a flowchart showing the processing flow of the



circuit of Fig.32 determ nes the weighting paraneters. Fig. 34
‘illustrates .the structure of a codestring in case the channels (L+R)/2

and (L-R)/2 are encoded on the | owrange side and the conmon signals of the
L and R channel s and the wei ghting paranmeters are encoded on the

hi gh-range si de. Fig.35 is a block circuit diagram show ng the
schematic structure of an decoding circdi® in which the channels (L+R)/?2

and (LR o 8iRo8NFRARR 18R }%Mggmgiggedéwsi@ﬂdcfm OWIOth e agbaiflg L he

L and R ch el's an p neters are enco n t he~hi gh-range

si de. cifont 1o Figg?\gﬁpe%&ridilnﬁ tRki We il iRgopayametddw of a

wei ghting coefficient ating circuit of a decoding circuit of Fig.35.

Fig.37 is a bl opfgcBycyiliusitpdieantieorsirddtirateo Nca t bodesheimpi énstaset ure
of an encoding circuit having four split bands enbodyi ng the present
i nvention. the thandBels §Ibl-R()K'2Ci and t (8i-R)y/2n faare i lelnsé dedi ngnt hehe

schematic structure of a decoding circuit having four split bands enbodying
t he preseniomvesnngen.sideSCRNRT thie Oc PREFBRRED gndbol bENThe L RendrrRng
to the drawi ngs, preferred enbodi nents of the present invention will be
expl ai ned ichadmels . and thiey. wieighdhn gt Iraxametgrisc aier Rropdesk en the
corrpressedhc{%th%range side. 20

Fig.35 is a block circﬁit diagram showing the schematic
structure of an decoding circuit in which the channels
(L+R)/2 and (L-R)/2 are encoded on the low-range side and
the common signals of the L and R channels and the
weighting parameters are encoded on the high-rahge side.

Fig.36 is a flowchart i;lustrating the processing flow of
a weighting coefficient calculating circuit of a decoding
circuit of Fig.35.

Fig.37 is a block circuit diagram for illustrating the
schematic structure of an encddi;lg cirlcuit having four split
bands embodying the present invention.

Fig.38 is a block circuit diagram for illustrating the
schematic structure of a decoding circuit having four split
bands embodying the present invention.

DESCRIPTION OF PREFERRED EMBODIMENTS
Referring to the drawings, preferred embodiments of the

present invention will be explained in detail.

Fig.1 shows the schematic structure of a compressed data



recordi ng/ reproduci ng apparatus according to an enbodi nent of the present
I nventi on. In the conpressed data recording/reproduci ng apparatus
shown in Fig. 1, a magneto-optical disc 1 run in rotation by a spindle
notor (M 51 is used as a recording nmedium During data recording on the
magnet o-optical disc 1, a nodul ating % netic field corresponding to
recording data is applled by a magnetic d (H 54, as. the laser |ight

beam i s '||M@Pdﬁ‘ilépb’e%wﬁu@i%@Hg:%gﬁ?ﬂ?%é&o?ﬁi‘ﬂgf’% Pi ¥aYb8Himent

perform ng so-cal netic fiel i.on recording for recording. data

al ong a recof ¢hrgprégektainveati®anet o-optical di.sc 1. During reproduction,
the recording track of the nmagneto- optical, disc 1.is traced by the laser

| i ght by an opt |I¢althlteaxblﬁ:§:rfemrsqmodwtmgrm<bnddagbrepemd)ducngorapparat'lihﬁ
optical head 53 is made up of a laser light source, such as a |aser diode,
optical congomwmt sin Jligh lasaa ovd giedpeo pliténs] érsoabl enti Vil Irotatian by

pol ari zation beamsplitter and a cyli ndr| cal lens..-This optjcal head 53 is
nmount ed f ack i@ imH evayeter d Mdad Isks wmse rmsgraergcggsdulw mpdium. oiing

recording data on the_ , magneto:optical disc 1 ic head, 54 is
driven by d#kyFaserdiag an $heg mse}.ett%ep&ﬂcaf ga £ dingas%@H%Hq&ter

oxpl a0e0 g RO B 5 TPPA S AT s, S SRR IS 8
a target ”f“i&a&he&?@ ﬁf@%etﬁ)oﬁw,cﬂ_ tq{eSQaéepylitgr}let BRYNTA's illuminated
by, for example, a magnetic head 53, by way of performing
so-called magnét'ic field modulation recording for recording
data along a recording track of the magneto-optical disc 1.
During reproduction, the recording track of the magneto-
optical disc 1 is traced by the laser light by an optical head
53 for photomagnetic data reproduction.
The optical head 53 is made up of a laser light source,
such as a laser diode, ol;tical components, such as a
collimator lens, an objective lens,.a polarization beam splitter
and a cylindrical lens. This optical head 53 is xndunted
facing the magnetic head 54 via magneto'-optical disc 1.
When recording data on the magneto-optical disc 1, the
magnetic head 54 is driven by a magnetic head driving circuit
66 of a recording system as later explained for applying the
modulating magnetic field corresponding to the recording
data, at the same time as the laser light beam is illuminated

on a target track of the magneto-optical disc 1 by the optical



-21- head 53 by way of perform ng therno-nmagnetic recording in accordance
wi t h 't he- magneti-e--fi el-d-nodul ating--syst-em--On the-ot her -hand, the opti cal
head 53 detects the reflected Iight of the laser light illum nated on the
target track in. order to detect the-focusing error by the astigmatic

met hod and in order to detect the focusing error by the push-pull nethod.
For- reproducing data fromthe nagneto-2btical disc 1, the optical head 53

detects the fogusing errors dtg.etracki errors, at the sane tine.as it

dotocts t hBGf €1 aPelide WAY 0T PATOTIIREt BAETS TREEDGtILar 6] ChidER)TY r om-

the t tt h i t in,.or | ay i | s.
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servo cont i thiel Cla s ePOIighY i PLEANAES hﬁegltayge@ktﬁaaqlé diiér to

bi -1 evel signal vihich is supplied to a decoder 71 ol the reproducing

system deftd e/ Of¢OUEIRE @rrodi hpOthe Adegiintit, thethoddhd, ia
focusing servo control circuit, a tracKing servo control circuit, a spindle

not or serverde el deé et tthandoxudiregde oo ¥ obgonheolpushpull mEhkod.
focusing servo control cirecuit focusing-controls the optical systemof the
optical heddbsIdprodudingngatiae firoausthg emagnsitgralpticalzdisc ki lthet he
tracking servq control_circuit tracking-controls the optical systemof the
optical hefPBgaloheadi 3 ndetoets ithaifrcesing ergaessand the tracking
"22- errors, at the same tin1e_#s it detects the difference in the
polarization angle (Kerr rotation angle) from the target track
of the laser light in order to generate playback signals. |

An output of the optical head 53 is supplied to an 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,
while converting the playback signals to a bi-level signal
which is supplied to a decoder 71- of the reproducing system.

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 notor servo control circuit controls the spindle notor
51 so 'that the magneto-optical disc' | will be run in rotation at a pre-set
rotational velocity, such as at a pre-set |inear velocity. The thread servo
control circuit also noves the optical head 53 and the magnetic head 54 to
a target track position on the nmagneto-gptical disc 1 designated by a
system controller 57. The servo control circuit 56, perform ng these

various confgph Op§iAl '%@%nd?@”ﬂﬁoidle 4 6¥06. "Bbin@P o PEEH & Wi NG S HEr OPET e é NY
C

states of the various onents controlled by the servo control~circuit 56
to the systepig@hérRld@r 371 so tHat titee spiaigane odptildadr dscark wibhedst ed
a key input operating unit 58 and a display unit 59.  The system

control | er G¥nsiwerotstiod et o gae-dietgreyatiomahdve hecrtonr sduch ngssgstam
by the operating input information fromthe key input unit 58. The system
control | er pieedesb lsnparvietecity. r Jdve dihng pbsiatvm eonthel gisghdtkalso
position on the recording track traced by the optical head_ 53 and the

magnetic heavessthoaoptical hewd 83ctamdpibed masacdis haad nddi do a

of 't he. magrAETHHT Ak BRSIUEN iR yS FRERSIOr IRIP S ATIG] JAEHATCE

comt ol o By VPRl ROBBIE TS STAETsEhTR. o BLAL iR 8L

?gg_t{]reagllflygﬁfgrﬁq:ﬁiéiQﬂ'eis%f OIS Ot d A SECY S Ptions, sends the
information specifying the operating states of the various
components controlled by the servo control circuit 56 to the
system controller 57.

To the system controller 57 are connected a key input
operating unit 58 and a display umnit 59. The system
controller 57 supervises the recording system and the
reproducing system by the operating input information from
the key input unit 58. The system controller 57 also
supervises the recording position-or the playback position on
the recording track traced by .the optical head 53 and the
magnetic head 54, based on the sector-based address
information reproduced by the header timer or subcode Q-data
from the 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 iJosition information on the recording



For playback tinme display, the sector-based address information (absolute
time information) reproduced by the header data or the sub-code Q data from
the recording track of the magneto-optical disc 1 is multiplied by a
reci procal of the data conpression ratio, such as 4 for the 1/4
conpression, in order to find the actual tinme information, which is
di spl ayed on a display unit 59. For reec@3ding, if the absolute tine
i nformation agre-recorded (pre-formatted) on the recording track of, for
exanpl e, a magneto-optical disc, the pre-formatted absolute tinme
information can herr pddybdcRndime t idilsipld iy the rsdtedalsed faldd s
conpression ratio for displaying the current position in terns of the
actual recdndioxgnhtien (absdlmte ttinse infoontation) s¢ypteducedfby tthe
di sc recordi ng/ reproduci ng deviee, an anal og audio input signal Alerr]. at
an input tdreader éatasosuppei subvicade IQuwdpdssftom dhe rRf)o Ml ng taack D
converter 62 which then quantizes the anal og audi-o_input signal Alerr]. The
di gital audih thiegmagnesmropdieab O dr tisr mppltipliedpbyed reripmrakradbder
63. The digital, audio input signal Derr], fro he |nput termnal 67 is
suppl i ed vitReadditdi QM PFReEiqRTALigei HHCR; %eﬁthrdrféﬁ ir’%%msr%sm,t he
ATC (Adapti.ve Tragnsfo n1§o%3ﬂg) encod r-g3 .The ATC encoder 63 (forns bit
eddfighy th i

conpr essi ot d2f&€&o &r r 2SEBALI F3S 4BfoFmalion,: o Wakphess on
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time information is pre-recorded (pre-formatted) on the
recording track of, for example, a magneto-optical disc, the
pre-formatted absc;lute 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.

In this recording system of the disc
recording/reproducing device, an analog audio input signal A,
at an input terminal 60 is supplie& via a low-pass filter (LPF)
61 to an A/D converter 62 which then quantizes the analog
audio input signal A;,. The digital audio signal from the A/D
Converter 62 is supplied to a ATC encoder 63. The digital
audio input signal D;, from the input terminal 67 is supplied
via a digital input interfacing circuit (digital input) 68 to the
ATC (Adaptive Transform Coding) encoder 63. The ATC
encoder 63 performs bit compression (data compression)

corresponding to a pre-set data compression ratio omn the



on quantization of the input signal Alerr]. by the A/D converter 62. The
conpressed data (ATG data) outputted by-t-he pre-set-data conpressi-on-ratio- -
is supplied to a menory 64. Supposing that the data conpression ratio is
1/8, 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._24- The nenory (RAM 64 is used as
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second. It i1s this conpressed data (ATC d that is continuously recorded

in the memByppbsin@ tHesetlcoMdatas b @pire scAd@a dadtdb, ilst 198,f ithes dota
record the data at a rate of one sector per eight sectors, as discussed
previ ousl y.tramsfeerratd nser¢dusedetor dnrgedghth eifgthe skxtortsans ferrtacd |y
i npossi bl e, sector-continuous recording is carried out, as will be
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at the sane data transfer rate as -that for the
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The memory (RAM) 64 is used as a buffer memory having

data write/readout controlled by the system controller 57 and
whicﬁ 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 comprgssion 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 th'is compressed data (ATC data) that is
continuously recorded in the memory 64. For these compressed
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
impossible, sector-continuous recording is carried out, as will
be explained subsequently. This recording is carriéd out in

a burst fashion at the same data transfer rate as that for the



sectors, such as 32 sectors plus several sectors, as a recording unit.
That is, the ATC audio data with the dat.a conpression rate of -1/8,
continuously witten at a low transfer rate of 9.375 (=75/8)
sectors/second, are read out fromthe nenory 64 in a burst-like nmanner as
recording data at the above- nentioned transfer rate of 75 sectors/second.
The overall data transfer rate of the qﬁia, t hus read out and recorded,

i ncl udi ng t - e ' [ ics the - renti Qpeg 1o t e, of
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of the di sqé&of&gn?b@ﬁﬁ_mantioned standard velocity of the CD DA format
(constant linear velocity), recording is by the sane recording density and

the same recordiThapaiserthersATOsgudf ot lda teDWwHtH atrétdata ¢ dhep vdss omli 0
data, that is the recording data, read out fromthe nenory 64 in the
burst -1 i ke fatehi onf al /8 hec § noinmouadgowerdttenarstl & loawetrdngbeserdte so6f
second, is sgé)%)l ied to an encoder 65. In the data string supplied from
the nenory 818 (g H¥Joderct®3 s/ aecomd ,neaes neashran hfromt tgerrmamry
recording is a.cluster made up of plural sectors, such as 32 sectors, and
several cl &fetnj gt dwisindtkenganpesr s recording data at the above--

- 26- arrayelgle%f}?g%eea({]dtrégngfagrk rogtg hgfClﬂStseerdto-l;hs%%c%lnucit er'I‘he 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. Hovs)ever, tl_1e instantaneous
data transfer rate within the time of the burst-like re.éording
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 (con;tant linear velocity), recording is by the same
recording density and the same rc;,cording 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) transfer rate of 75 sectors/ second, is supplied
to an encoder 65. In the data string supplied from the
memory 64 to the encoder 65, a continuous recordiﬁg unit
per each recording is a cluster made up of plural sectors,

such as 32 sectors, and several cluster-interconnecting sectors



I nterconnecting sectors are set so as to be longer than the interl eaving
| engt h at the ‘encodéir 65, such that™ interleaving cannot afféct data of ~
ot her clusters. The encoder 65 applies encoding for error correction,
such as parity appendage and interleaving, or EFM encoding, to the
recording data supplied in a burst-Ilike fashion fromthe nenory 64. The
recording data encoded by the encoder bare supplied to the nagnetic -head

driving cirgptdy€d6 dRehll Saﬁagrh%lsa@%ado@r 't‘h'd”'gcfhEFé‘H Phdse Cenngked

the magnetic head 54 so that the magnetic head s1's driven for applying
the magnet i infed o fiedei Rped eictozeCcardanet ol mg heo ree ol ginpa: agteari Oth be
magnet o- opti cal disc 1. The systemcontrol ler 57. perforns nenory

control as desarlielad ngbden gth tdee tirememc Gderwisl, esakho thatt intériun vieg
recordi ng position for continuously recording the recording data :

conti nuous| gainod dffect diaka 6fishiloer clustene. nenory 64 by this menory
control on the recording track of the magneto-_ optical disc 1. For -
control Iing the Fheorediadpssits orpphiesi engadisarg for eecor deagreoesionon
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are supplied to the magnetic head drlvmg 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 contro‘l.ling the
récording 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 magneto-optical disc 1
to the servo control circuit 56.

The reproducing system of the disc recording/reproducing



system is configured for reproducing recording data continuously
recorded on the recording track of the magneto- optical disc 1 by the
above-descri bed recording system Thus, the reproducing systemincludes a
decoder 71 supplied with a bi-level signal obtained by a RF circuit 55 from
t he pl ayback output obtained in turn by %he optical head 53 tracing the
recording track of the nmagneto-optical d{Sc 1 with'a laser light beam It

i's noted thagyi@ h 4015 ORld wale xJd i i . 2l 'BRi § Nfe p L@ UVTNE
optical disc gi m | glrib%‘%ﬁt ﬁ%ngg actlsdi sc (ng)Cb can be read.1 P Thé déﬁcgoder

71 is a coysreanart jdevieengighhedendader 6&peddukingboveesesdinged data
recordi ng system The pl ayback output, converted into the bi-Ilevel signal
by the RF contintudtsliysrecovded fomr tdre wecoardiag itoackr oif st i-Madguosiar f or
reproducing the ATC audi o data-having the data conpression rate of 1/8 at a
transfer raptisgfal78isect dry/thecabow evdescrib ¢ dstenoxdiang tstys teanmaThus,
transfer rate. The playback data, obtained by the decoder 71, i s supplied
to a nenorﬁhﬁz.repr-ﬁhcms sysbem 7inchpdengaddesostex of F eamprdiedntridih ed
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a laser light beam. It is noted that not only the magneto-
optical disc but also the read-only optical 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 into the bi-level signal by the RE circuit
55, is decoded for error correction or is 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 decoder.71, is supplied to a memory 72.
In the memory 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 above-mentioned transfer rate



conpression rate of 1/8. The system controller 57 perfornms menory
control for witing the playback data in"the menory 72 at” the iransfer rate -
of 75 sectors/second, while reading-out the playback data from the nenory
7 at the transfer rate of 9.3 75 sectors/second. The system
controller 57, performng the nenory control for the nenory 72 as descri bed
above, controls the playback position foi28ontinuously readi ng out the
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pl ayback data re out In urst-like fashion fromthe nenory 72 by the

system’ congpRipréssivn Fadebyfsp®! ying a control signal designating the
pl ayback position on the recording track of the optical disc 1 or the
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data, continuously read out from the nenory 72 at the transfer rate of
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memory control for the memory 72 as described above,
controls the playback position for 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 positio;l 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



supplied fromthe ATC decoder 73 into an analog signal for form ng an

anal og audi-o-out put signal - Alerr]. ~This anal og audi o output signal Alerr],
obtained from the DJA converter 74, is outputted via a |owpass filter- 75
at anm output term nal 76. The high-efficiency encoding is explained in’
detail. Specifically, the technique of high-efficiency encoding an input
digital signal, such as an audio PCM -@i9gnhal, by t'echni ques of sub-band

codi ng (SB daptive el L ansfor mGRgi ng. dantive: bit .al |.ogatison,
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(encoder 63 HvEfer 4 for executing the method for encoding the _
I nformati on o(cHacoust i c waveform signals) of the present invention, an input
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frequency conponents 110b. These signal frequency conponents 110b are then
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signal 110c. codestring generating circuit 1lc then generates a
codestri ngfatavidg am am dAopadadd 0 gnetipiti8iggadeAgf,ed Plyis enabolgsauidio
generating circuit 11 1c. The conversion-citcuit 11 la splits the
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Specifically, the technique of high-efficiency encoding an
input digital signal, such as an audio PCM signal, by
techniques of sub-band coding (SBC), adaptive transform
coding (ATC) and adaptive bit allocation, is explained by
referring to Fig.2 ff.

In the encoding device.(encoder 63 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 ;:onversion 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 11lc.

The conversion circuit 111a splits the input signal 120a

by a band-splitting filter 112a into two bands and resulting



spectral signal conponents 120d, 120e correspond to the signal frequency
conponents 110b“shown in Fig.2. In the conversion circuit 11l'a, 'shown in
Fig.3, the bandwi dths of the two band-split signals 120b, 120c are one-half
t he bandw dth of the input signal 120a, that is, the input signal 120a is
thinned out by 1/2. O course, any other structure of the conversion
circuit 11l a may be used besides the it3Qstrative exanple. For exanple, .the
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circuit 11l b normalizes the signal conponents 130a from one pre-set band to

anot her, bypzdtealblsizaiabnconipointenltk3al 20, e12@ecubotiegpdbhd to the -
guanti zation fineness Infornmation 130c fromthe signal conponents 130a by
the quanti sagnal ffrequesscyleciosnpomentsuil10b shown in Fig.2. In the
-31- 113b, as shown in Fig.4. The quantization circuit 113c_quantizes the
nor mal i zed copeeersioroeir¢eitent 1 tas ashaomnf tonFiBe3nothal bamd wadthscoift

113a based on the quantization fineness information 130c. Meanwhi| e, the
si gnal conﬁgﬁenG‘é'Ongé%Teré's‘ﬁon%ﬂg%a he ldRbded ZYgnara 10 othddfy shethe

bandwidth of the input signal 120a, that is, the input signal
120a is thinned out by 1/2. Of course, any other structure of
the conversion circuit 11la may be ﬁsed besides the
illustrative example. For example, the input signal may be
directly transformed by MDCT into spectral signals, while the
iﬁput signal may also be transformed by DFT or DCT, instead
of by MDCT. Although the input signal may be split into
frequency components by a band splitting filter, the input
signal is preferably transforme-d 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 thé signal

components 130a by the quantization fineness decision circuit



encoded signal 110c of Fig.2 includes the normalization coefficient

I nformation for normalization 130e and the above- nentioned quantization
fineness information 130c, in addition to the quantized signal conponents
for normalization. 130d fromthe quantization circuit 113c. In the
decodi ng apparatus (decoder 73 of Fig.1l),for regenerating the audio signals
fromthe codestring generated by the aboVe-descri bed encoder, codes 140b of

t he signal lcp?Bongrgt S’SH?W' Eﬁa_tl;ii%ruqoef-f%&i eﬁh?{££%ﬁoeé%m£ hglfan
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codes 140b, "signal conponents 140c are restored by a codestring decodi ng

circuit 114heanforhi@Middomestiredis! §nda coapeknda 1dde, qaronsiztion
wavef orm signal s 140d are regenerated by a back-conversion circuit 114c.
Thi s back- dineares o1 ndiorana tidid 43 0t . t Mee amivdritet, | thre ddgackdr ciosn pomfe oty ed
as shown in Fig.6 and is associated with the conversion circuit shown in
Fig.3. In k3Rabsokrespoued stontlercnicodddcsighoin lilOtFigf 6Figner s€he

or t hogonal . . . -32- transform cjrcuits
115a, 115b eippoded nsignel ol dQsgonfl Rigadstigvehudes npih e Bramsabizmtionson,

2 Band symorsiloisgt fitefmeten fne 1 opaalizatiod 130 anshghe above-
mentioned quantization fineness information 130c, in addition
to the quantized signal components for normalization 130d
from the quantization circuit 113c.

In the decoding apparatus (decoder 73 of Fig.1) for
regenerating the audio signals from the codestring generated
by the above-described encoder, codes 140b of the signal
components, normalization coefficient information and the
quantization fineness infbrmation are extracted from a
codestring 140a by a codestring resolution circuit 114a, as
shown in Fig.5. From these cod.es 140b, signal components
140c are restored by a codestring decoding circuit 114b and,
from the restored signal components 140c, acoustic waveform
signals 140d are regenerated by a back-conversion circuit
114c.

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



correspond to a signal 140c the signal conponents of which have been
restored by the signal conponent decoding circuit 114b. An output signal
150e of the band synthesizing filter 115c corresponds to the acoustic
wavef orm si gnal 140d of Fig. 5. The signal conponent decoding circuit
114b of Fig.5 is configured. as shown in Fig.7, and applies dequantization
and denornmalization processing to the c@fes 140b fromthe codestring
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decodi ng circui , shown"in Fig.7, a dequ Ization circuit 11

dequanti zegrj AREbraPdes 1fPeut Wilghdle demar,maliisal, opespeetiveliSbfor
denornmalizes the signals 160b obtai ned on dequantization to output signal

conponent sr¢g@6ridfethbovanabdsip sl ovhiehpard themodym thidsidedrbyhe
codestring resolution circuit 114a of Fig.5 while the output signal
conponent sbhld spnthepiningo fileersilghSic. cbheonapust signads AiSP®. 150bThe
spectral signals obtained by the conversion circuit of the above:-described
encoder, skowreispdid. 8 arsigmabhbdAct dhecsagpiad compgngntsTiof ypbieha
conponents, shown in Fig.8, denote absol utf val ues of the spgctral, .
conponent shigve been restored by the signal compongnt ng Cirst
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Fig.5. '

The sighal 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.resoluiion.circuit.114a,thatis spectral signals. In
the signal component decoding. circuit 114b, shown in Fig.7,
a dequantization circuit 116a dequanﬁzesinputcodes 160a,
while the denormalization circuit 116b denormalizes the
signals 160b obtained on dequéntization to 6utput signal
components 160c. The above codes 160a correspond to codes
140b from the codestring resolution circuit 114a of Fig.5,
while the output signal components 160c correspond to the
signal components 140c of Fig.5.

The spectral signals obtained by the conversion circuit
of the above-described encoder, shown in Fig.3, are as shown
for example in Fig.8. The spectral components, shown in

Fig.8, denote absolute values of the spectral components by



herei n encoding units, shown in [1] to [8] in Fig.8. It is noted that

t hese spectral signals transiently split into two bands by band-splitting
by the band-splitting filter, followed by forward orthogonal transform in
whi ch the bandw dth of the encoding unit can be set independently, of the
bandwi dt h of the band-splitting filter._s3be input signal may al so be
transforned directly into spectral signals by orthogonal transform w thout
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fineness is varied fromone encoding unit to another dependi ng on w the
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perceptually high efficiency with suppression of the sound quality

det eri or at i comtpo hlem tsi Nfroum one piFiegs@ t straurs forml| bletkato vensthec] wied of
a codestring in- case of encoding as_described above. In the present
an illustri inermadiseduaad quantifeod restermsi of eigbpebamnals,sitgnmed of
each transform bl ock (tine block) are encoded in accordance with franes
each nade Upebeim prsoskimgunBetS.ofshown For[Elftosi8tntmnEligr8r the ieft
channel and for .a Eecongschannel as the right channel, with the L and R
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normal i zat ik encoding unit can be set independently of the bandwidth
of the band-splitting filter. The inpﬁt_signal may also be
transformed directly into spectral signals by orthogonal
transform without being passed through the band-splitting
filter. If the quantization fineness is varied from one
encoding unit to another depending on. how the frequency
components are distributed, there is assured encoding with
perceptually high efficiency with suppression of the sound
quality deterioration to the minim;lm. '

Fig.9 shows an illustrative structure of a codestring in
case of encoding as described above.

In the present an illustrative structure, data for
restoration of spectral signals of each transform block (time
block) are encoded in accordance with frames each made up
of a pre-set number of bits, for a first channel for the left

channel and for a second channel as the right channel, with

the L and R channels being arrayed alternately. In a leading



coefficient information of each encoding unit, and the spectral coefficient
data, normalized and quantized on the basis of the normalization
coefficient data and the quantization fineness data from one encodi ng
unit to another. The information corresponding to the control data and the
spectral coefficient data are encoded beginning fromthe | ow range side
encodi ng unit. The nunber of bits-3¢+ually required for decoding.the

spectral sl Tidlad00) LRSI RLORS ' §rELl Rati pHy MErTHRE St Mo
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may vary from one rane to anot her. e above-nentl one require nu er of
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reproduction, with the remaining area of each frane being a vold area not
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with a frame having a pre-set nunber of bits, as in the present

enbodi nent ,qe hatieadi dong foseniess of imfio amtioar y amahsf arowinladdk atdo n
easily be cal cul ated when the codestring is recorded, .

-35- in aoeebfigiiept nbufonrmatiom «f acash i caicading fonitacianid attihvg
random accessing, that i s reproduction froman arbitrary position. Usually,
a | arger n@BRSIH] 15qefticd earts dhafacinormeddzedorandpgigntfzadconsdingy

ual 1 1y Qo Mgl ngyLhe VoL g Bt 2l dn *OSh ATt adtd® d2a et
‘quantization fineness data from one encoding unit to another.
The information corresponding to the control data and the
spectral coefficient data are encoded beginning from the low-
range side encoding unit.

Tﬁe number of bits actually required for decoding the
spectral signals of the transform block is determined by the
number of the encoded encoding units and the number of
quantization bits specified by the quantization fineness
information of each encoding uni.t. The number of bits may
vary from one frame to another. The above-mentioned required
number of bits, counting from the leading end of each frame,
is valid during reproduction, with the remaining area of each
frame. being a void area not affecting playback signals.

By encoding each time block in association with a frame -
having a pre-set number of bits, as in the present
embodiment, the recording position of an arbitrary transform

block can easily be calculated when the codestring is recorded



format when chronol ogically recording data of the frame shown in Fig.9.

Fi g. 10 shows an exanple in which the left (L) and right (R) channels are
arrayed alternately fromfrane to frame, and Fig.11 shows signals having
sanpl e val ues produced on (L+R)/2-ing L and R channels fromfrane to frane.
The channel obtained in this manner on (L+R)/2-ing L and R channels from
frame to frane is termed herein a (L+R35¢ehannel. Sinmilarly, the channel

s Cormed 1o Sepergifi s metitn, S ey ShroRRcopelefl ARG rdore™

shown in Fif%cji‘i’it&t'liflg{ %&&‘@Hﬁ%éc%si—n nd¢Ra €2l b&é}?@ﬂh@‘%?oﬁ” ﬁ%‘%ﬁsﬁﬁ‘lﬁ

recordi ng medi um he recording forndt as shown i Ig.11 I's use

whi ch two %ﬁ%ﬁ@?h?yo“pésm%rﬁ a[,ﬂn?drl%edaa'lta&‘rgw ehinibem igRMBite farae,
double time signals can be recorded/réproduced, while reproduction can be

real i zed wiefffedtticelypl i agkeidng fide rigRpedudngy cdieuidound Addkiegh tfea
techni que explained with reference to Fig.9 has been di scussed above, the

encodi ng efimimieyngath®evoid area in each frame. -36- further
| nproved over the encodi ng met hod of Fig.9. For exanple, the encoding
efficiency can FdgsaplOovandbyl bnjlbystepteheano-aatingule vafi @bl reearddngg

technique of allocating shorter_and |onger codelengths for the signals of
hi gher andfP&eat pvobeni Ighsonelegiarlbncaecoasliag i datg. of thpe sframe the

above- ment is?n%e\grnp{x?_ {egtj.r ?*ﬂlsgf.?roms lo%glé alurxl example in which the left (L)
and right (R).clhannels are a.rrayed alternately from frame to
frame, and Fig.1l shows signals having sample v.alues
produced on (L+R)/2-ing L and R channels from frame to
frame. The channel obtained in this manner on (L+R)/2-ing
L and R channels from frame to frame is termed herein a
(L+R) channel. Similarly, the channel obtained in this
manner on (L-R)/2-ing L and R channels from frame to frame
is termed herein a (L-R) channel.

By employing the recording .format as shown in Fig.10,
the two channels of L and R can be recorded on the same
recording medium. If the recording format as shown in Fig.11
is used, in which two channels of L and R are arrayed
alternately from frame to frame, double time signals can be
recorded/reproduced, while reproduction can be realized
without complicating the reproducing circuit.

Although the technique explained with reference 'to Fig.9

has been discussed above, the encoding efficiemcy can be



encodi ng i nput signals, that is the tinme block | ength for orthogonal
transform is longer, the quantity of the subsidiary information, such as
t he quantization fineness information. or the normalization coefficient

i nformati on, can be reduced per block, while the frequency resolution can
be controlled nore finely, thus inproving the encoding efficiency. In
addition, if a nethod disclosed in PCTTAPplication of the International

Publ i ' : 4/.28633 by th : ' «nthat i hod of
Cepar ati ng PR BBESP R0 Er RIERR i#_%%?‘hﬁ%ﬁ%f?%-?ﬁ;t “conponent s
where the ener gyeb? SORRSINY AR dileBaTRECEERRA I EPUEREYb e FRBTLAd by

spectral signals ~“conponen _ Separat ed.
conponents {4 Qﬁrﬂ%tl f R ATEER NVEFisBEEL r@hcoiddnd e I
efficient en@g& g nmay %leeorgtgl i zaeg Wi t-k‘aglﬁi gh corrgr ess%on ratio Wt ho%f

subst anti al 4 M gy duG h PRreGeRind! 168ger eoddln@fhauie didndignals of
Referring to Fig.12,” the nethod of separating the tonal signal conponents

- and encodiliighéhanddparai gorobabibltycofppoenirsens egxd gp detivdly .t he
exanple of Fig. 12, a set of ) -37- three
tonal conponent sAhswe ife¢hesepanet-ardeativareal piepsat ¢vapsfients Hlowk tite
spectral signal conponents. The signal conponents making up each tonal
conponent @rceddagedinpuhgsignialsesbati is ridlsﬁttuneddlgla)ﬁﬁ ipagthediency

of the 1o tROBRBRLIERSTAATE, i6cl SAERGy T SOHEBRAOLAH S BT PIdRARE) y
information, such as the quantization fineness information or
the normalization coefficient information, can be reduced per
block, while the frequency resolution can be controlled more
finely, thus improving the encoding efficiency.

In addition, if a method disclosed in PCT Application of
the International Publication .W094/28633 by the present
Assignee, that is a method of separating perceptually crucial
tonal components, that is signal components where the energy
is concentrated in a specified fr-équency, from the spectral
signals components, and encoding the separated tonal
components independently of the remaining spectral signal
components, efficient encoding may be realized with a high
compression ratio without substantially producing perceptual
deterioration of audio signals.

Referring to Fig.12, the method of separating the tonal
signal components and encoding the separated signal

components is explained. In the example of Fig.12, a set of



smal | nunber of spectral conponents, need to be quantized to extrenely

high precision for evading sound quality deterioration. However, the
spectral coefficients in each encoding unit freed of the tonal conponents
can be quantized with a relatively small nunber of bits w thout
deteriorating the perceptual sound quality. Al though only a relatively
smal | nunber of spectral signal conponé§t§ are shown in Fig.12 for

Sl YT nqyBe 6 NG o ki ALARS! SV Boln SRSRALER! a4 Branl Sgslena

C'orrponent s of tens ( onenft S NMa ) _ .a_ g! ven encodi hg nt.
Ther ef or e, ddiapR/Uits Ar ol ehb s pebtiaPrsIasndl Bomnplmeantd v, Tae sighnsll

of separation "of the tonal conponents, such that the encoding efficiency -
can be inprdbm?mﬁh@ wok Bn BY BEp@adili ngohhe tcwflp canewONenEs.encodkidg. 13
shows an illustrative structure of a codestring in case of encoding by the
met hod expladiomgyl withh redpeetivee tpobigiol?. date tdwe thesfrequéhoyt axtiisve £
structure, there is arrayed, at the l.eading end of each frame, the

i nf or mat i oftheotpnatexbmponents. . -38- of control

data, such as sync signals and _the encoded nunber of the encoding units,

encoded with a pRe- ganetdber e pi s5gnad acesmpemnetis i onf Nelke t somed

header portion is arrayed the information,conprised of the encoded.tonal
conponent GAMBPANGRLS Vﬁdléﬁﬁﬁngh? GREREY 1S © CFMBPtEéngr?eﬁthééH{P ¥he

DO oL g1 8B e AR 0BT B YEBR Ayneied 1S

- extremely high precision for evading sound quality

deterioration. However, the spectral coefficients in each

encoding unit freed of the tonal 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 coxﬁponents 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 en'coding efficiency can be
improved on the whole by separating the tonal components.

Fig.13 shows an illustrative structure of a codestring in
case of encoding by the method explained with reference to

Fig.12. In the present illustrative structure, there is arrayed,

at the leading end of each frame, the information comprised



i nformati on which is the encoded position information of the tonal
conponents on the frequency axis, the information which is the encoded

i nformati on on the normalization coefficients and the information which is
the normalized, quantized and encoded tonal signal conponents, in this
order. Next to the tonal conponent data is arrayed the information
which is the encoded data of the residus38signal |eft after subtraction of

h I I f h I al .
This roal bt OBHHAT Qhfoal SeBorbcsvBl § I)Eé‘gléf’agﬁé theminaned Tpdes
dual d t
or el s zar 1 Oh Wseima e e can Lley ke dBH. Hhth, ﬁ‘?éssé‘ﬁéﬁk@% Bkt
I I t ff
Zg?zaaﬁd”?I@&ﬁ%ﬁf-vﬂ%ﬁ&%@?ﬁs Eﬁg FoBOLEE TS BTy QA e
tonal Comqpfmrﬁx?w&ﬁ ?inic}ﬁ{ ilsed %rtd?ﬁegefnwﬁe'cf‘%ﬁ%i'@&nfﬂ@ﬂh'ﬁ'icda?i dde

encodi ng un 'S no Wat spectr signal canmponent’s of the tonal

and other ¢gnal component data. -39- signal conponents
(coefficient data) aPe encoded by VLC. Fig.14 shows an illustrative

exanpl e of the shgnednadnpemepbn@ictod axg,citheuiin fotiba tiforti whicthers the
separating the tonal signal conponents fromthe above-nentioned respective
si gnal conpzmeoted numbér sofinasigmaponeompoocditsy dir ctihte 11tbinal
shown in Fig.14, the signal conponents 170a (10b) sent_from the_ conversion
circuit 111<Bpmfpﬂlgn28arlas semray)ed t@h@ﬁtco%en’ts sdoddatved cbacuithe

117a. The signal copponents 170a
in ormat{ran which is t e encodcd 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 signél components from the
original spectral signal componerIts. 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, spectral component
signals normalized and quantized based on the normalization
coefficients data and the quantization fineness data (signal
componenfs other than the tonal components) encoded in the
order of the increasing frequency of the encoding units. It is

noted that spectral signal components of the tonal and other



separated into tonal signal conponents 170b and ot her signal conponents
170c (non-tonal signal conponents). The tonal signal conponents 170b are
sent to a tonal conponent encoding circuit 117b, while the non-tonal signal
conponents 170c are sent to a non-tonal conmponent encoding circuit 117c.
The. tonal conponent encoding circuit 117b and the non-tonal conponent
encoding circuit 1 17c encode the -3%gnal conponents supplied thereto-

to output repghhlhAPPYEnes U SFEEIEnt dP6a) Bk EARRIdLOHPNERIC encoding
circuit 117b generates the information constituting the tonal” corfponent

data of Fig.13, Biglhd sghevié mams illustendee t Banipde s £ orth@onsgighulli ng
the tonal conmponent data of Fig.13. The signal encoding arrangenents in the
tonal conpocempeneadi agcoidimng tcikttulitahlilbnofhEigodh-wheal separatényg the
encoding circuit 117c are the sane as those shown in Fig. 4. Fig. 15
shows an iltesal figrabxampiponeénthdromnthe above-mentioned respective
-40- conmponent decoding circuit. 114b in case the tonal signal conponents
have been s&iSiat cPMPERHE respective signal conponents. In the
si gnal component. degodi ng cijrcuit 114b, shown,in Fig. 15, ge code 140a,
suppl i ed from t Het ddfesiBng] FosBPamiedH emaqding 19 rited 487 shoma i of
tonal conpogent, gdata, 180a and, non-tonal caonmp nt 80b, whi.ch arg sent
to associ a’?gﬁgt{)%al %ESmﬁj'ﬁe‘h? d‘éegHPﬂ&e&trscuf?‘aflﬁgﬁg}mfﬁnft ohﬁ?m the
conponent d g :Clr Gl , | we T nal i ng
component  degAYeRdiGh Eitduld §h 14 TPIY tohte JENt QR ¢ SRAP YR SiFERY
" separation circuit 117a. The signal components 170a are
separated into .tonal 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 117¢ encode ‘the signal
components supplied thereto to output resulting 6utput signals
170d, 170e. The tonal component encoding circuit 117b
generates the information constituting the tonal component
data of Fig.13, at the same time as it encodés 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
117¢ are the same as those shown in Fig.4.

Fig.15 shows an illustrative example of the signal



si gnal conponents fromthe tonal conmponent data shown in Fig.1

3 to out put

resul ting tonal signal conponents 180c. The non-tonal conponent decodi ng

circuit 118b decodes the tonal signal components fromthe non-
conponent data to output resulting non-tonal signal conponents
tonal signal conponents 180c and the non-tonal signal conponen
both sent to a spectral signal synthesis4@+rcuit 118c, which

t onal

180d. These
ts 180d are
t hen

hesi h |, Si l . . h - ' I
Eé?édeilf?ﬁ@gﬁgéﬁgi‘gﬂf‘i%ﬂ%&lﬁ%&'&‘i@%&téaﬁﬂf’%ia 3 oot Eneheo Wi hoShRAR ©
Gocoding cvoeRPATRAIHHVEpRER U okl BHE T BERVE Hignnl

118b are thgg na@ntkhose shown in Fig.7. Al t hough the ne
efficient encoding of signals of o _
respective chanrgl thkasipaaN Y&l pbHeH CERD diderEiricuit! BP41K

t hod for
-41-

”QH’Pv@n”ﬁi hod

for further inproving the encoding efficiency by exploiting signa
correl ati onFbg! heprthehewdd sl4Garseppibeé, fidm vhencdHleskr bignned o b €Al S

are substantially sinmlar in waveformto the R channel signals,

havi ng the samplid Yddeeo foFiglSHY madd wpost tioms Ing otip ol
(L-R)/2 are encoded in place of encoding the L and R channels,

signal s

datal 1890 of
t he signal

(L-R)/2 is trda ranrtenalal cemponentt datadi h§O0ban whiddne awet hsangnuld er

nunber of bits. . Fig.16 shows an ill strgtive structure of
associated tonal component decoding circuit 118a

an _encodi ng
and non-

tonal component decoding circuit 118b, _respectively._ The

tonal component decoding circuit 118a decodes
signal components from the tonal cbmponent data

Fig.13 to output resulting tonal signal components

the tonal
shown in

180c. The

non-tonal component decoding circuit 118b decodes the tonal

signal components from the non-tonal componen

t data to

output resulting non-tonal signal components 180d. These

tonal signal components 180c and the non-ton
components 180d are both sent to a spectral sig'nal

circuit 118c, which then synthesizes the ton

al signal
synthesis

al 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

component decoding circuit 118a and the

the tonal

non-tonal

component decoding circuit 118b are the same as those shown

in Fig.7.

Although the method for efficient encoding of signals of



device for encoding by the above-nentioned nethod. Referring to

Fig. 16, a channel conversion circuit 119a converts a L-channel signal 190a
and a  R-channel signal 190b into a (L+R) channel signal 190[err]c (signal
havi ng sanpl ed value of (L+R)/2) and a (L-R) channel signal 190d (signal
havi ng sanpl ed value of (L-R)/2). The signal 190c of the (L+R) channel
and the signal 190d of the (L- R) chanmél-are sent to the conversion

circuits 1190spddPfve ERA él\ée H’as S@eeﬁ e P G Ci b 8¢ eaS therkgs also
conver si on ci rcwt 111la o The signal conponent's 190e*fromthe

conversi on khogenta J:ﬁ%bh@mﬁfbhef@tﬂfai ia0ppoRtnpstiOWné o dimgheffiwiearsy on
circuit 119c are sent to the signal conponent encoding circuits 119e and

119f, respebyi vekploliténg ssignhlcoeponehdtiencod eyweiencuictteand8és andF a4 9f
operate simlarly to the . -42- signal

conponent e¢xetipkeci iGui whexibtloe i ¢ lranmied smmls(:camnembsstammlh;@m
are also sent to the contraol circuit 119d, The control circuit 119d -
det er mi nes $HBikamier wavafosenttad thie sRi@bgnmleﬁesaMg tmrsalg:néqavmg

conponents qf the (L#R) channel onent encodi.n CII‘CU
119e and t he'QudBEPF %RIBEAL Qéj RI ﬁﬂzé ‘Hle dEnfaHa & th |samp

comonents oLi4Re bri/R BRI Eke Lo ha e R pISRIIShoRERY Blech 4
conversion gi ggul tr?eljsl,gtehcl¥?§nal (L-R)/2 is of a smaller value, so that
encoding can be done with a smaller number of bits.

Fig.16 shows an illustrative structure of an encéding
device for ‘encoding by the above-mentioned method.

Referring to Fig.16, a channel conversion circuit 119a
converts a L-channel signal 190a and a R-channel signal 190b
into a (L+R) channel signal 190¢c (signal having sampled value
of (L+R)/2) and a (L-R) channel signal 190d (signal having
sampled value of (L-R)/2).

The signal 190c of the (L+I.{) channel and the signal
190d of the (L-R) channel are sent to the conversion circﬁits
119b, 119c, respectively, so as to be converted as in the
conversion circuit 111a of Fig.2.

The signal components 190e from the conversion circuit
119b and the signal components 190f from the conversion
circuit 119c are sent to the s'ignal. component encoding
circuits 119¢ and 119f, respectively. These signal component

encoding circuits 119¢ and 119f operate similarly to the



respectively. During this bit nunber decision, the entire bits can also be
all ocated so that the nunber of bits will be proportionate to the signals
energi es in each channel. Thus, the signal conponents 190e, 190f encode
t he signal conponents 190e for the (L+R) channel the signal conponents 190f
for the (L-R) channel based on the nunbers of allocated bits 190g, 190h as
determined by the control circuit 119d¢d42- -The encodi ng by the signal

component  SAERHINE oThpOH et |chiCo did fcmﬁaﬁﬁ‘?‘t‘?‘i“’ﬁ*‘]@%’s ﬁg&ést%l‘)f

whi ch are se rrng generdting circ
generating e‘d{ngmﬁeﬁ%eg 1@6méfr af 99 fandeOW bt %tetCQ@esi:lhrd o & HAKI fmraﬁne

codes 190i of the (L+R) and (L-R) channels, respectively. .Fig.17
shows an illlpgaratlve structure of a decodi ng ci rcui t adapted for decodi ng
a codestring 190k generated by -43- the -

encodi ng devi ce Bhewcontfoh. tircuit 1h9& gléferminedesthe ngqremirent iodh
circuit 21la separates a signal 210b of the (L+R) channel and a signal of
the (L-R) cHiocaltedlddtsr bOghdncesssding thio s igrialh ciognplom ety @f the
menti oned codestring 190k The code 210b of the (L*R)- channel and the
si gnal 210d1letRohehanirgl dmathel sbgeakecmmnﬁ%pgﬁapnéenid@rgemreyéédl h§e

Civouits 2Bl e AABLAE JHo A6 cabads 53t | AP Ry 1R cORRE g ah oo SkBoH bt

decoding ci rcw tonleeriPs OBfFIt%CS (L-R) channel in the signal component
encodlng circuit 119f, 'r-espectively, based on the signal
components 190e, 190f of the conversion_ circuits 119_b, 119c,
respectively. During this bit number decision, the entire bits
can also be allocated so that the number of bits will be
proportionate to the signals energies in each channel.

Thus, the signal components 190e, 190f encode the signal
components 190e for the (L+R) channel the signal components
190f for the (L-R) channel based on the numbers of allocated
bits 190g, 190h as determined by t‘he control circuit 119d.

The encoding by the signal component encoding circuits
119e, 119f generates codes 190i, 190j both of which are sent
to a codes.tring generating circuit 119g. This codestring
generating circuit 119g generates and outputs a codestring
190k from the codes 190i, 190 of the (L+R) and (L-R)
channels, respectively.

Fig.17 shows an illustrative structure of a decoding

circuit adapted for decoding a codestring 190k generated by



The signal conponent of the (L+R) channel and the signal conponent of the
(L-R) channel, obtained by decoding by the signal conponent decoding
.circuits 211b and 211c, are sent to associated inverse transformcircuits
211d, 211e, respectively. The inverse transformcircuits 211d, 21le perform
inverse transformsimlarly to the inyggse transformcircuit 114c shown in
Fig.5. The signal 210f of the (L+R) channel, obtained by the inverse

transform bmléh,qwgu@ﬁgedgﬁegf OhOvA liaUF ¢238d, and the-signal 210g of the
(L-R) channel, obtained by the inverse traﬁsform by the inverse transform

circuit 21le, arkn!Pig. ENta lc@ deshdnpels epunationoeiccuitiz] Pd e puheds
converts the (L+R) channel si gnal s an the (L-R) channel signals into a L-

channel si gaadig@ddh 2h@baok- thenfieH Ry grisanAe0i andhacbignel cof titd €d.-R)
-44- In addition to the above-descri bed nethod, there is al so known a

met hod for ehangiednt2 L0enfoeimcthe t¢edesintn R Bﬂ&mewmbgneiss thg ebxveting
characteristics of the human hearing system This nmethod realizes efficient
encodi ng bym@)¥¥ﬂ1@|QQ¢1@5Q¢|%5¥féé’tg tlﬁéﬂ({ he phase difference of the L and R

case the. g??éﬁa 82‘5 sode BhdP B alS GraRS’ cHauta ¢l B yhe i entnd O or

i gh-r ange SF e ¢ b Rg el ?%f%d%%’ﬂfhﬂe(if%%h%e“ pEnfoARRadlE
circuits 211b and 211c, respectively. These signal component
decoding circuits 211b and 211c decode the codes similarly
to the signal component decoding circuit 114b of Fig.5. |

The signal component of the (L+R) channel and the
signal component of the (L-R) channel, obtained by decoding
by the signal component decoding circuits 211b and 211c, are
sent to associated inverse transform circuits 211d, 21le,
respectively. The inverse transform circuits 211d, 21le
perform inverse transform similarly to the inverse transform
circuit 114c shown in Fig.5. ' .

The signal 210f of the (L+R) channel, obtained by the
inverse transform by the inverse transform circuit 211d, and
the signal 210g of the (L-R) channel, obtained by the inverse
transform by the inverse transform circuit 211e, are both sent
to a channel conversion circuit 211f, which converts the
(L+R) channel signals and the (L-R) channel signals into a L-
channel signal 210h and a R-channel signal 210i, which are

outputted.



and quantized using the nornalization coefficients different for the L and
R channel s. Fig.18 shows an illustrative structure of an encoding
devi ce enploying this nmethod for encoding. To the encodi ng devi ce,
shown in Fig.18, a L-channel signal 220a and a R-channel signal 220b are
entered and transforned by associated tpgnsformcircuits 221a, 221b,
respectlvely for transformas by the transformcircuits 221a, 221b,

of the. Yi'séecﬂh?ieénéﬁﬁéﬁé”tg‘zéhEcﬁbeﬁfﬁ% pabF Heths £ T LT °
si gnal comgpgyy O:ﬂerfgfcd ¢girt igf%gﬁenﬁ%ggen dphgnal ¢REPaIeHnd R

encodi ng ci rcwts 1g . are ereina erred to as B-type signal

conponent  elyeoahRg %ugﬁwmsw hgg m?l%lmpg %Ihgﬁadct%mpfwtofnfﬁél Muman
circuits 221f, 221g “encode range ~signal

45- corrponelﬂéérﬁ{ tbgsbeﬁharmis sindtto £oFPalilds eeficiend lteircddihgnis)

si gnal conponents” 22 respectively. The signal conponents of the
respective edhphoifing22be fa2idthaentliéephasecidifédremaresfof he Mdcuand R1la,
221b are also sent to a channel .synthesis circuit 221d which suns the

L- channel <ilyamhed cigomeaddst soiﬁ@cbanﬁdstmthccpaynbloaac;guatm:eﬁrpnnencﬁfmt)d
together to produce (L+R) channel signal conponents 220h. These (L+R)
channel si gnglindgnpoient §a3zoh the séignadsa sAxmal @mregps eﬁ’kﬁi&lﬁllﬁg

cireuit 22]Sepe;|>-?ﬁ lqnal lcl s?g%na:[lse%todll)n?hmflcul[} 22 e gil%lc asftaerre
encoded on the IOW'frequcncy side and, on the high-range
side, the signal waveform of the (L+R) channel is normalized
and quantized using the normalization coefficients different
for the L and R channels.

Fig.18 shows an illustrative structure of an encoding
device employing this method for éncoding.

To the encoding device, shown in Fig.18, a L-channel
signal 220a and a R-channel signal 220b are entered and
transformed by associated trans.form circuits.221a, 2210,
respectively, for transform as by the transform circuits 221a,
221b, respectively. These transform circuits 221a, 221b output
signal 6omponents of the respective channels 220c, 220d
which are sent to the associated signal component encoding
circuits 220f 220g. The signal component encoding circuits
221f, 221g are hereinafter referred to as B-type signal
componént encoding circuits. These B-type signal component

encoding circuits 221f, 221g encode low-range signal



referred to as an A-type signal conponent encoding circuit. This A-type
si gnal conponent encoding circuit 220e normalizes and quantizes the

hi gh-range side signal conponents of the (L+R) channel signal conponents
as descri bed above using the normalization coefficients different for the L
and R channel s. The control circuit 221c is substantially simlar to
the control circuit .119d of Fig.16. Thd5eontrol circuit 211c of Fig.18
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channel fromthe channel synthesis circuit "211d, allocated nunber of bits
for encodi nB-2h3fMmiel siBhdl ebapehenitgndl 0ehnpespatsiv@Be. and the

al l ocat ed nunber of bits for.-encoding 220g for the R channel signal .
conponents 220d.The sipaadf ooenpome st yfe thiegmals peartpusenh aarwols 220c,
circuit- : - -46- 22le and the B-type signal
conponent eA20di rfyaaiir ¢hiet @ s3difiated] ¢ remcsdormheitcwRys chahagl 22ilgnadre
conponents 220h, L- channel signal conponents, 220c and the_ R-channel signal
conmponent s 2bodl spRbdwnr chamnebcsyrthashhes i cgrithlid daghichognmsdtipeog
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components 220h. These (L+R) channel signal components
220h ar'e'sent to a signal comp‘onen.ts cncdding c_:ircuit 221e.
The signal component encoding circuit 220e is hereinafter
referred to as an A-type signal component encoding circuit.
This A-type signal component encoding circuit 220e
normalizes and quantizes the high-range side signal
components of the (L+R) channel signal components as
described above using the normalization coefficients different
for the L and R channels.
The control circuit 221c is .substantially similar to the
control circuit .119d of Fig.16. The control circuit 211c of
Fig.18 determines the alloéated number of bits for encoding
220e¢ for the (L+R) channel from the channel synthesis circuit
211d, allocated number of bits for encoding 220f for the L
channel signal components 220c and the allocated number of
bits for encoding 220g for.the R channel signal components

2204.

Therefore, the A-type signal component encoding circuit



and 220m which are sent to a codestring generating circuit 221h. The
codestring generating circuit then generates a codestring 220n fromthe
codes 220k, 2201 and 220mto output the generated codestring 220n..

Fig. 19 shows an illustrative structure of the A-type signal. conponent
encoding circuit 221e in the configuration of Fig.18. The signal conponent.
encoding circuit 221e of Fig. 19 basicaf#fy is of the structure simlar to
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conponent 2204nnel tsign(dl+Roalponentsr anothatharhel Ryshaesiel Céigwhl
221d, is normalized fromone pre-set band to another by a nornmalization

circuit 23leompbrentst22adqbaseidzotn ohef ahlneste datumtex Ciofcbits 2246,
The quanti zati on -47- fineness decision
circuit 23220fadndi220g dbtenmamed bty ¢hef comteed ¢irkarite? 2 do.230e based
on the above-nentioned signal conponents 230a and the nunber of allocated
bits 230b correshoadengodingebybshe- dertyijonheti gnabearomip et ntacrdosiimg
220e. The nornalized spectyal ™ coefficiepnt data 230c fromthe .
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and 220m- which are sent to a codestring generating circuit
221h. The codestring generating circuit then generates a
codestring 220n from the codes 220k, 2201 and 220m to output
the generated codestring 220n.

Fig.19 shows an illustrative structure of the A-type
signa'l component encoding circuit 221e in the con'figuration
of Fig.18. The signal component encoding circuit 221e of
Fig.19 basically is of the structure similar to the structure of
the signal component encoding circuit shown in Fig.4, with
the difference being that the output signal of the .signal
component encoding circuit 22le is devoid of the
normalization coefficient information.

In Fig.19, the signal component 230a, which is the signal
component 220h of the (L+R) channel from the channel
synthesis circuit 221d, is normalized from one pre-set.band to
another by a normalization circuit 231a and sent to a

quantization fineness decision circuit 231b. The quantization



t hen quanti zes the normalized spectral coefficient data 230c based on the
guanti zation fineness information 230e. The quantization by the

guanti zation circuit 231c gives codes 230f which are outputted as codes
220k of Fig.18 simultaneously with the quantization fineness information
230e. Fig.20 shows an illustrative structure of the B-type signal
conponent encoding circuits 221f, 221gf47' In Fig.20, the B-type signa
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encoded by the normalization circuit 241b, quantization circuit le an

the quanti¢eri@§iponidianets tlHeUbso 08-mdniied Fuhber dfallocated bits
-48- quantization fineness decision circuit 241d determ nes the '

quant i zati ob2Dieneness based on the nunber of allocated bits for encoding
240b fromthe control circuit 221c of Fig.18. On the other hand, the
hi gh-range si de Ehgnalommapinedt sp24ddadr cordfieié xed ota t230c0fmaim zehi e on
circuit 241c so that only normalized spectral coefficient data are

out putt ed. normalizagiant i ebx¢wH f 23drasandf sheat foantigationm fimenoss

range side guanti zation iwene s decision circuit .,241d,. codes 240h fromthe
quan-tizatioﬂ‘@?"r‘@&itfoﬂl, For m; othen quantization fmeness ¢cision

circuit 231b are sent to ‘a quantization circuit 231c which
then quantizes the normalized spectral coefficient data 230c¢
"based on the quantization fineness information 230e. The
quantization by the quantization circuit 231c gives codes 230f
which are outputted as codes 220k of Fig.18 simultaneously
with the quantization fineness information 230e. |

Fig.20 shows an illustrative structure of the B-type
signal c.omponent encoding circuits 221f, 221g.

In Fig.20, the B-type signal ;:omponent encdding circuits -
separate signal components 240a, whi.ch are the L-channel
signal 220c from the transform circuit 221a of Fig.18 or the
R-channel signal components 220d from the transform circuit,
into low-range signal components 240c and high-range signal
components 240d, by a signal separation circuit 241a.

The low-range signal components 240c are encoded by
the normalization circuit 241b, quantization circuit 241e and

the quantization fineness decision circuit 241d. The



coefficient information 240i fromthe normalization circuit 241b and the
and the nornmalized spectral coefficient data 240g fromthe high-range side
normal i zation circuit 241c are sent as codes 2201 or 220mof Fig.18 to a

codestring generating circuit 221h of Fig.18. Fig.21 shows an
Il lustrative structure of a codestring generated by the codestring
generating circuit 221h of Fig. 18. | pe Fig. 21, the codestring is nade up
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for the first chomehe(btkbatead, 3h@ highl-Range side 'signal com ouents |
-49- second channel (R-channel). wever, as for the high-range gde, ata

common to tPé0idvarehaonel slifed By avtce aaandlinatieh sdirnetoRvdre @ecehatt he
normal i zati on coefficient information for the first channel..(L-channel) and
t he second chdymormrliradneppctrghenefficient2adata laxeqoartpiwtteidan fi neness
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240h from the quantization circuit 24le, normalization
coefficient information 240i from the normalization circuit.
241b and the and the normalized spectral coefficient data
240g from the high-range side normalization circuit 241c are
sent as codes 2201 or 220m of Fig.18 to a codestring
generating circuit 221h of Fig.18.
Fig.21 shows an illustrative structure of a codestring
generated by the codestring gegt_erating'circuit 221h of Fig.18.
In Fig.21, the codestring is made up of a header
composed of synchronization signals and the number of
encoding units for the low frequency range, encoded data of
the low-range side of the first channel (L-channel), encoded
data of the low-range side of the second channel (R-channel)
and encodcdldata of the high-range side. As for the low-range
side, quantization fineness data, normalization coefficient
data and spectral coefficient data are given as independent

encoded data for the first channel (L-channel) and for the



In Fig.22, encoded data 250a of the codestring shown in Fig.21 is separated
by a codestring separation circuit 25l1a into L- and R-channels. However,

hi gh-range data, which are common data for the two channels, are sent to
both the signal conponent decoding circuits 251b and 251c. The L-channel
encoded data 250b are decoded by a 5|gn% conponent decoding circuit 251b,
whil e the R-channel encoded data 250c af@ decoded by a signal conponent

decoding ol{gubh P ¥fannel (RERAAMINCOBIFES 20E 125 05e BetlsdNe

t hese S|gn componen ng circur't are sent

inverse trafjfOr afs' eWmmorldo A Wechaﬁn%l%” fl‘i@ifp%rif‘d‘t%%ro d

i nverse-transformed for restoration of the L-channel domai n signals
250f and thehFnakdsyelard MpidRini exTep @l the noi'ﬁlztﬁ&aft%hOch%fff?é'P@ﬂt ng
t he channel corresponding to

(L+R) channasfoandatbohihfof LtH firsenchahaelt I(L-@ﬁannelhrmdasheprabaﬁu
with reference to Fig.16, these two channel's need to be encoded even if one

of the chamviednnied ofRachemmildnal Mves, Tni sFigpddes the i juantizatioavi ng
t he conpression efficiency by encodi ng Wth t he net hod of encodi ng only
the nor mal ifizengscotmformationt wndndhe gpeattrl scaefficionpl dated dre

Fig. 18, a correspondi ng f bits_ are re ed faor encoding the
nor mal i zat imepfaeﬁe %rsﬁetﬁmmﬁleser%g CfAﬁy&emth the:
above. descri bed gt B! shioWns" A" PIRHE Y. VrbQHEiR° $F°3° 800 ding

processi ng need®t
device configured for decoding encoded data of the codestring

shown in Fig.21.

In Fig.22, encoded data 250a of the codestring shown in
Fig.21 is separated by a codestring separation circuit 251a
into L- and R-channels. However, high-range data, which are
common data for the two channels, are sent to both the signal
component decoding circuits 251b and 251c. The L-channel
encoded data 250b are decgded by a signal compomnent
decoding circuit 251b, while the R-channel encoded data 250c¢
are decoded by a signal component decoding circuit 251c.

The signal components 250d, 250e, decoded by these
signél component decodiqg circuits 251b, 251c, are sent to
associated inverse transform .circuits 251d, 251e where the
signal components are inverse-transformed for restoration of
the L-channel time-domain signals 250f and the R-channel
time-domain signals.

In the method for encoding the channel corresponding to



be perforned for the entire frequency range for both the L and R channel s,
t hus requiring vol um nous processing and buffer nenory space. Thus, in
the present enbodi nent, both the L and R channel signals or signals capable
of restoring the L and R signals are encoded for the | ow range side. On the
ot her hand, as for the high-range signals, common signals are used for the
L and R channels, or the common signals 450-the L and R channel s nodified
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-51- the present enbodinent descri above. . _ L-'channel
signal 2605 iyt RegBadhaerell. si Thls 360P oded WM A i1 itnﬁg%fv% the

circuits 26la, 261b,” respectively. These transformcircuits 26la, 2Z61b are
simlar tocdm@ressiescrePfiticgiieyi Gipl ¥ncodinger With tth¥shéthod  of

processing for the respective input signals. The L-channel signal
conponent s ét@codingarcd by mtHebyn o tmaliaationmoo effiicieadsa, forr etlsenthigh a
| ow-range signal separation circuit.261g, while the R-channel signal
conponent s T288k sidansasrenepldinedein FEagsfld.maccocues ppoudingrrusdner tof a
| ow range sbii%;lagrgepg(rlﬁti}g(ri\ %B;Cgtlxtco%ﬁy:g the normalization coefficients
of the entire raﬁge. Also, with the above-described method,
transform processing and inverse transform processing need to
be performed for the entire frequency range for both the L
and R channels, thus requiring voluminous processing and
buffer memory space.
Thus, in the present 'embodiment, both the L 'and R
channel signals or signals capable of restoring the L and R
signals are encoded for the low range side. On the other hand,
as for the high-range signals, common signals are used for the
L and R channels, or the common signals for the L and R
channels modified only in signal level are adapted to be
reproduced fof realization of highly efficient encoding as well
as for reducing the volume of the processing for the decoding
and encoding. This will be explained with reference to the
drawings.

Fig.23 shows an 1llustrative structure of an encoding

device adapted for performing the encoding by the method of



The | owrange signal separation circuits 261g, 261h separate only the

si gnal conponents of the | owrange side of the supplied signal conponents
to transmt the separated | ow range signals as | owrange signal conponents
260j, 260k to associated signal conponent encoding circuits 261j, 261Kk.

The signal conmponent encoding Circuit 261j, fed with the | owrange side

L- channel S|gnal conponents 260j, and ttRlsignal conponent encoding circuit

261k, fed w I?tll}:esélpy\fen{@ @éﬁﬁdﬁﬁ;ﬁ%&w &l conponents 260k, encode

| ow range SI gnia corrponen annel's. The si gnal “ conponent

encodi ng circui trn 38lg. ,2§6Jtheommﬁaﬁaféq5s¥§ﬁau 260n Vtﬁid?htﬁ‘éeRSQ'htaﬂlQeP

codestring generating circuit 2611 ' ough-the | owrange signal
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| owr ange sueyptcuamiqneﬁtlsem tram's fidran Lcancu R scR6he) 261b ardheimi bael
conmponents of the respective channels 260c, 260d fromthe transform
circuits 26, teadear ol esmitibeaht poexionsdpel aydt hpsirfosim cuitraféform
whi ch then suns the signal conponents 260c, 260d of the L_and R channels to
out put the mé&wsmgg(gtm) thigafiesip &6 Hive %ﬁﬁénéhggaisohThmeL(-EhR)nnel

channel signal conmponents 260 e sent to a hiqg e sign separati ng
circuit 261¥18nal compongts °S|t§ﬁ315fé’éﬁ%?g{tFﬁgﬁ&]gr’iﬁi‘iqs M eepenat es
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while the R-channel signal components 260d, transformed by
the transform circuit 261b, are sent to a low-range signal
separation circuit 261h.

The low-range. signal separation circuits 261g, 261h
separate only the signal components of the low-range side of
the supplied signal components to transmit the separated low-
range signals as low-range signal components 260j, 260k to
associated signal component envcoding circuits 261j, 261k.

The signal component encoding circuit 261j, fed with the
low-range side L-channel signal components 260j, and the
signal component encoding circuit 261k, fed with the low-
range side R-channel signal components 260k, encode low-
range signal components of the L and R channels. The signal
component encoding circuits 261j, 261k output codes 260m,
260n which are sent to a codestring generating circuit 2611.

Although the low-range signal components of the L and

R channels are encoded, it is possible to encode signals



si gnal components 260i which are sent to a signal conponent encoding
circuit 261i. The signal conponent encoding circuit 261li encodes the
(L+R) channel hi gh-range signal conponents 260i to produce hi gh-range codes
260i which are sent to a codestring generating circuit 2611. Al t hough
the (L+R) channel high-range signal nponents, which are signals
common to L and R channel's, are encoded i"if the present enbodinment, it is

al so possi beaptablenodieestgring kowrpange shgnhlagdnth6hemtel 6fabed thhiche
are nodified only as to the signal |evel. The control circuit 261c

det er ni nes Lhandl Rochaathelstber of bits for encoding 260e for the
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R-channel . _Th artg cul ar, net hod fot rolling,the-all ocated nunber of
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speci ficall refore, . [ C on epncodi ircuiits 261i,
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above-
signal separating circuit 261f.

The high-rangé signal separating circuit. 261f separates
only the high-range side signal components of the supplied
(L+R) channel signal components 260h to produce high-range
sign:al components 260i which are sent to a signal component
encoding circuit 261i.

The signal component encoding circuit 261i encodes the
(L+R) channel high-range sigq_al components 260i to produce
high-range codes 260i which are sent to a codestring
generating circuit 2611.

Although the (L+R) <channel high-range signal
components, which are signals commo‘n to L and R channels,
are encoded in the present embodiment, it is also possible to
encode signals common to the L and R channels and which are
modified only as to the signal level.

The control circuit 261¢c determines the alloc.ated number

of bits for encoding 260e for the high-range signal



mentioned control circuit 261c. The above-nentioned codestring
generating circuit 2611 generates a codestring 2600 fromthe codes 2601,
260m and 260n supplied fromthe signal conponent encoding circuits 261i
1261j- and 261k, respectively. Fig.24 shows an illustrative structure of
t he signal conponents encoding circuits 261i, 261 and 261k of Fig.23.

In Fig.24, a signal conponent 270a, whi th3rs one of the hi gh-range si gnal
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-54- normalization circult®2 ., whi | eing sent”“to a quanti za
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271b cal cul ateS the quantization fineness information 270d, based on the
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one of the allocated nunbers of bits 260e, 260f and 260g for encodi ng.

The nor mal itheel Rpediamdel.oef T epartixwl £70m dthand t fernaomtioHingn the
circuit 271a and the quantization fineness information 270d from the
quant i zat i alloioatiests nuobsironfcbitsifonencadingeby theacqmtmoilzaironit
circuit 271c. The_ gquantization circuit 271c quantizZes the normalized
spect ral co'éﬁlpc‘ivéﬂl beaexpdronedalateoon 5P egddpeatNi on fineness

i nformati on 270 The quaptized cqdes 270e from the, . . ]
drhereporg, t?le s?gna(i component encogmg circuits 2611,

261j and 261k encode the high-range signal components 260i
for the (L+R) channel, low-range signal components 260j for
the L-channel and the low-range signal components 260k for
the R-channel, respectively, based on the allocated numbers
of bits 260e, 260f and 260g as determined by the above-
mentioned control 6ircuit 261c.

The above-mentioned codestring generating circuit 2611
generates a codestring 2600 f}'om the codes 2601, 260m and
260n sﬁppl-ied from the signai component encoding circuits
261i, 1261j and 261k, respectively.

- Fig.24 shows an illustrative structure of the signal
components encoding circuits 2611, 261j and 261k of Fig.23.

In Fig.24, a signal cdmponent 270a, which is one of the
high-range signal components 260i for the (L+R) channel,
low-range signal components 260j fo‘r the L-channel and the
low-range signal components 260k for the R-channel, is

normalized from one pre-set band to another by a



guanti zation circuit 271c are outputted as one of the codes 2601, 260m and
260n sinultaneously with the above-nentioned quantization fineness

i nformati on 270d and nornalization coefficient information 270f. Fig.25
shows a processing exanple of finding data on the nunber of usable bits

al l ocated by the control circuit 261c of_gz.g.23 to the signal conponent
encoding circuits 261i, 261) and 261k in each franme. This nunber of usable

encoding © 26 . . | .
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conponents 260] of the L channel is specified as Bl and the data on the

nunber of fimEferhateonud0d, hasedoont ithe eignaige ampratenosRroat a0k
of the R channel_ is specified as B2. That is, the nunber of bits specified
by the dat athmn sifgnalinbempgnent s2 29 ke owhd shoreertes p én disr 4oe-opes eolf nilnber
of bits of the code, 2601 out putted by the signal conponent encoding circuit

261i of Fi @H9cafied aumbershofhditsi2ples 26 rand B9 Oghdotaracding.

nunber of bit's corresponds to the frane-based nunber of bits of the code
260m out put t ed Fh8°§i"8?1{;ildz"c‘i)n§)5ﬁﬁﬁ’fa€r&%ﬁ et fato {06 from theng

(e nurber Rl RaR-RREh Lethaie, 2R B | O AR ShsBhaBidR. Bsnenn by
the signal GG ion 270d from the quantization fineness decision
circuit 271b are sent to a quantization circuit -2710. The
quantization circuit 271c¢ .quantizes the normalized spectral
coefficient data 270c based on the quantization fineness
information 270d. The quantized codes 270e from the
quantization circuit 271c are outputted as one of the codes
2601, 260m and 260n simultaneously with the above-mentioned
quantization fineness informz}tion 270d and normalization
coefficient information 270f. | .
Fig.25 shows a processing example of finding data on the
number of usable bits allocated by the control circuit 261c¢ of
Fig.23 to the signal component encoding circuits 261i, 261j
and 261k in each frame. This number of usable bits is that
specified by the above-mentioned numbers of allocated bits
260e, 260f and 260g. In Fig.25, the .data on the number of
frame-based usable bits for the high-range signal components

2601 of the (L+R) channel is specified as Bh, whereas the



encoding circuit 261k of Fig.23. Referring to Fig.25, the high-range
si de signal energy Eh of the {(L+R) channel is found at step S101. The
signal energy El of the |lowrange side signal of the L-channel is found at
step S102, and the energy E2 of the | owrange side signal of the R-channel
Is found at step S103. At step S104, signal energies Eh, E1 and E2,
thus found, are processed wth wei ght ed-¥di ti on using a vvei ghting
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t he above-nentioned data for the nunbers of bits Bl and B2 so as to be
proporti onatlget Qohh-&a/iﬁgehkigﬂaeneroﬂﬁp@fném rEGDkCtdf/etlﬂélCRd'dlﬂaﬁﬁretl' q9s
of the signal conponent encoding circuits 261j, 261k. At step S107, the
renai ni ng pepetcofiscdfas B 2t oTdla tiish et e wintbee 5 mfalﬂlwsatpdciﬁxédrebynﬁnél ng
portion by the signal component encoding circuit 261li as the

above- ment i daéal emtthomumd eunpkbics B?I coprespondfity 2Bhesfvamernbased
illustrative structure of a cqdestring_ou ZEﬁi@t ed by the encodi ng device of

fig.23. numb er g ofs bitse ebathericrdes b optprutiedediyr theonpignalof

ourange. SFOBRADEdG saeadina neirenst 2611 OFFiglS) Wheteas the
number of bits specified by the data on the number of bits Bl
corresponds to the frame-based number of bits of the. code
260m outputted by the signal component encoding circuit 261j
of Fig.23 and the number of bits specified by the data on the
number of bits B2 corresponds to the frame-based number of
bits of the ¢ode 260n outputted by the signal compomnent
encoding circuit 261k of Fig.23.

Referring to Fig.25, the h#igh-range side signal energy Eh
of the (L+R) channel is found at step Sldl. The signal energy
E1l of the low-range side signal of the L-channel is found at
step S102, and the energy E2 of the low-range side signal of
the R-channel is found at step S103.

At step S104, signal energies Eh, E1 and E2, thus found,
are processed with weighted addit.ion using a weighting
coefficient Ah for the (L+R)_ channel, a weighting coefficient
Al for the L-channel and a weighting coefficient A2 for the

R-channel, in order to find the results of processing S.



channel (L-channel) (quantization fineness .information, normalization
coefficient information and spectral coefficients data), |owrange side
encoded data of the second channel (R channel) (quantization fineness

i nformation, normalization coefficient information and spectral
coefficients data) and | owrange side encoded data of the (L+R
channel (quantization fineness informtiX®T, nornalization coefficient

information and gpecildd SPOST hGIE Y F08alde totalll Husbbet! 9£ PIEC B haNRE!
of the high-range sidé nornalization coefficient information suffices in

contradi stigwhi be alborabedcedesithiergthan the header portion for the L
-57- of Fig.21, encoding can be done with a smaller nunber of bits. If the

hi gh-range sndeRsclyaalme by s ubestriibutedmas, théealspveathentidwedi dgtaffohe
sound is slightly deteriorated. However, the user can still enjoy stereo
sound repr dhetiombbersause bitsi B 1 handoB2asngeasi do diegpiaportidmate Hem
the high- range side signals, that are nore instrunmental_,in increasing the
st er eophonithesougdghstngngnergy of dloey raapective |¢ngodinigy  extivnuref of
a decodi ng device for decoding the codestring shown_in .Fig.26. I n
Fig. 27, enctgtfed“&d’caal SEIRPHDERE TRAL lﬁ%ﬁlgﬁmsi%GHUg.gélﬁ% sébhrdiedt by
a codestri patating ciscuit 28la.into the high.range_sj de +R)., channel
and the | owt diactEr o m Al b OB oRsdofarh o2 B8LAErHRATO AF GE, BAES 5 de
(L+R) channgh .ar. d y i n i LECui b
whil e enco&?&@gf‘g@&%ﬁ%% ﬁgcﬁc‘)ﬁ\ﬁ%ngggg?%g Eydgﬂg%ngfg%?g gé’é%égél t a
signal comaiegidec Whirddit' 2%6'1f as the above-mentioned data on the
number of bits Bh.

Fig.26 shows an illustrative structure of a codestring
outputted by the encoding device of fig.23.

In Fig.26, the codestring is made up of a header,
composed of synchronization signals and the number of low-
range encoding units, low-range side encoded data of the first
channel (L-channel) (quantization fineness information,
normalization coefficient information and spectral coefficients
data), low-range side encoded data of the second channel (R-
channel) (quantization fineness information, normalization
coefficient information and spectral coefficients data) and
low-range side _encoded data of the (L+R) channel
(quantization fineness information, normalization coefficient
information and spectral coefficients data). In Fig.26, since

one channel of the high-range side normalization coefficient

information suffices in contradistinction from the codestring



281c and encoded data 280d of the | owrange side R-channel are decoded by a
si gnal conponent decoding circuit 281d. The signal conponents 280e,
280f of the high-range side (L+R) channel and. the | owrange side

L- channel , decoded by the signal conponents decoding circuits 281b and
281c, respectively, are sent to a signal conponent synthesis circuit 28le.
The signal conponents 280e, 280f of tR&7 gh-range side (L+R) channel and

the | owran l.de,R- channe decoded by,the signal caompopent decqgding
88@ ﬁg.ggldgncochng ¢30°beVdone Wih ac% aﬂ_qu8 ’fd‘ég’g%:%{i9gly,

circuits 2

are sent tg?lg‘%iaq?a{hgoigpﬁggggﬂggngpgﬁiag%ggrlgUh}é?ﬁ%@-d in co‘iﬁgx}ghgs le

conponent Si'scrrc syn he”si gnal conpone

the hi gh-ragggeﬁi}gﬁu(tL+@eﬁ nglf Atk t 3® i @nals Qymﬁ{ Sdetetigtata,

| owr ange si annel to nt hesi ze | owrange an range sides to

send the L-ghaRedlerSi hel ugerPeannisti ABhjdy i ¥t i seuhdnge prodihéiitn
fromthe synthesis to an inverse transformcircuit 281h. The si gnal

conponent systhesiesitiiscthé [B&Eranpgehsideesighel s gashegotipanetlie Rigk- of
t he high-range side (L+R) channel and the signal conmponents 280g of the
| ow-r ange srakeg® sbhdensighalsynthatiae Imereangs tand ¢n ghl rianga i cesin ®
send the L-channel signal conponents 280i of the entire range resulting
from t he sythtesdiesecophomiosorwedtfeeddng.m circuit 281i. These i nverse

transform circuifs 281h, 281i inv e- ) .
F{g.27 shows an ?{Isustratlve structure of a decoding

device for decoding the codestring shown in Fig.26.

In Fig.27, encoded data 280a of the codestring shown in
Fig.26 is separated by a codest_ring separating circuit 281a
into the high-range side (L+R) channel and the low-range side
R-channel. Encoded data 280b of the high-range side (L+R)
channel are decoded by a signal component decoding circuit
281b, while encoded data 280c of the low-range side L-
channel are decoded by .a sigr&al component decoding circuit
281c and encoded data 280d of the low-range side R-channel
are decoded.by a signal component decoding circuit 281d.

The signal components 280e, 280f of the high-range side
(L+R) cliannel and. the low-range side L-channel, decoded by
the signal components decoding circuits 281b and 28lc,
respectively, are sent to a signal component synthesis circuit
281e. The signal components 280e, 280f of the high-range
side (L+R) channel and the low-range side R-channel; decoded

by the signal component decoding circuits 281b and 281d,



transform signal conponents of the L and R channels of the entire range to
restore tinme-donmain signals 280] of the L- channel and tine-domain signals

280k of the R-channel. As will be apparent fromthe foregoing _
description, stereo signals can be encoded wi'th'a smaller nunber of bits by
t he net hod enbodyi ng the present invention. Al so, the processing vol une

and the buffer nenory volune can be dedi®ased effectively by exploiting the
met hod ' '

. . . -59- according to nodi fi.ed
enbodi ment TSRSENSent TRt iton 2 FHERRIGORREAR S som i SiRGuLhe
processi ng nglﬂme and the buffer nenory volune-is hereinafter expl ained.
Fig.28 shows an'illustrative structure of an encodi ng device of the-

nodi fication i nr-]g;.gcpl S?F%’iﬂ)ﬂén?ysjgapﬁggiss 1ddit"9 g'1d ts%;lrnnﬁg?sgiazz? a

forward orthogo tr ormcrrcult u I n conbl nati on.

L-channel sgignagiZPop éa%ﬁoﬁ'&{ﬁ“nﬁ;kﬁi g6l tﬁ%o%?gl?-ﬁﬁi‘éet Qide 5L+_R%
band-splitting fiTters 291a, 291b, respectively. The band-splitting filter

291a splitsclifignke] shdntled siggrel co30p ondwtd @80 ARYL thed] bndra s @side
signals, while the band-splitting filter 291b splits the R-channel signal
290b into |lovehangelartd Hymthesize slgnaeirange afke high+pawgesisjdals afo t he
L-channel 290d, split by the band-splitting filter 291a, is sent to a
forward or tSest@ridle L-ghaonel sigmsl componein tse2810h lafvthangetmieynahn gaf
the R channel 290f, split by the band-splitting filter 291b, is sent to a
forward or tSSddAMNE: fRABY JhE csyRthespyofo an inverse transform circuit

281h.

The signal component synthesis circuit 281f synthesizes
the signal components 280e of the high-range side (L+R)
channel and the signal components 280g of the low-range side
R-channel to synthesize low-range and high-range sides to
send the L-channel signal components 280i of the entire range
resulting from the synthesis to an inverse transform circuit
281i. _

These inverse transform\ circuits 281h, 281i inverse-
transform signal components of the L and R channels of the
entire range to restore time-domain signals 280j of the L-
channel and time-domain signals 280k of the R-channel.

As will be apparent from the foregoing description,
stereo signals can be encoded with a smaller number of bits
by the method embodying the present invention.

Also, the processing volume and the buffer memory

volume can be decreased effectively by exploiting the method



The L and R channel high-range signals 290c, 290e, obtained on splitting by
the band-splitting filters 291a, 291b, are sent to a channel synthesis
circuit 291c so as to be synthesized to a high-range signal of the (L+R)
channel which is sent to a forward orthogonal transformcircuit 291d.

These forward orthogonal transformcircuit 291d, 291e, 291f process the

I nput signals with forward orthogonal -59- '

(o associ attht & ik oo el EREFE R B Giq potiint Jaibatioa Tl

signal co t b, £390j4 o she, f NJla 1B S h Q.
circuits g’gqgfgz'élogt?@gfgggbefé?sjges%ﬁas?g&a tg{)nt g?@(é:%?%% @’%&ﬁf&ﬁ@_r%gd“
control ci gy bhyd$te ARRbFYes luile i3l hesdigafreryesplefind.s for encoding
290k for the high- range signal conponents. 290h of the (L+R) channel,

al | ocat ed nunberrigf 213 t shbars eanodilhgs LM vieor s trivee v refigansi emebding
conponents 290i of the L channel and the all ocated nunber of bits for
encodi ng 2Pvicd wf tthe mhodifiewH omiignavhichpprectessif@ isfbyhe Rand- -
channel, as in the case of Fig.23, based on the signal conponents 290h,
290i and 2§sq;'littiaxgtﬁeltremrwatcg or tioagvand orshogenati transfopon deiveuit and
290f . - Thus, .the above-nentioned signal conponent encoding circuits
291h, 291i ,uséﬂljlneﬁ@mlbmhél%soci ated high-range signal conponents 290h of
e (haR ponanngh 2805240 Lnshifd SEEREI°Y502 %" o' - b1 SRENY

signal 290b are sent to band-splitting filters 291a, 291b,

respectively. The band-splitting filter 291a splits the L-
channel signal 290a into low-range and high-rangel signals,
while the -band-splitting filter 291b splits the R-channel
signal 2900 into low-range and high-range signals.

The low-range signal of the L-channel 290d, split by the
band-splitting filter 291a, is sent to a forward orthogonal
transform circuit 291e, while the low-range signal of the R-
channel 290f, split by the band-splitting filter 291b, is sent
to a forward orthogonal transform circuit 290j.

The L and R channel high-range signals 290c, 290e,
obtained on splitting by the band-splitting filters 291a, 291D,
are sent to a channel synthesis circuit 291c so as to be
synthesized to a high—rénge signal of the (L+R) channel which
is sent to a forward orthogonal transform circuit 2914d.

These forward orthogonal transform circuit 291d, 291e,

291f process the input signals with forward orthogonal



si gnal .conponents 290] of the R-channel, based on the allocated nunbers of
bits 290k, 2901 and 290m as set by the control circuit 291g. The
codestring generating circuit 291k generates .a codestring 290q, simlar to
that shown in Fig.26, fromthe codes 290n, 2900 and 290p fromthe signal
conponent encoding circuits 291h, 291i, 291j, and outputs the generated
-61- codestring 290j. Not ewor t hy =®Pth the structure of Fig.28 is

that, sincegtdyesfOFmereh OP&BM@I sigaalf Yompod&RtHi 2VORNILIVide 250
performed in common on both channel s . ((L+R) channel ), processing such as

encodi ng needsiclo agepesént mtd osnsyooistedt ignwdvi 0o m pe nemtc esnicogd g ume
and the buffer nenory space. Specifically, with the above-described nethod
of outputtiebrcwitsc2@ddt,r28disMjin Fig. 21, the normalization coefficient
data need to be found_ independently for the L and R channels, even although
t he conbi nation Thet stgnahdcompanents 390her220d, 2R0F Sromm dhe foosymred
transformcircuits is used as the transformcjrcuit, so tgat processi ng
needs to beoBthogomad srapsboEmnmigcaitsc2ididic2Fler A2 16raTonalse sent

R T PR X T
Z't ?Eglt ar :ugﬁge%lél];?gczﬁt%\é&) SRV Sf vits 6 %gnégﬁ\f'ﬁga'i§dféuf5f 8tth'tzvehigh-
range signal components 290h of the (L+R) channel, allocated

number of bits for encoding 2901 for the low-range signal-
components 290i of the L channel and the alloéated number

of bits for encoding 290m _for the low-range signal
components 290j of the R channel, as in the case of Fig.23,

based on the signal components 290h, 290i and 290 from the

forward orthogonal transform circuits 291d, 291e and 290f. |

Thus, the above-mentioned signal component encoding

circuits 291h, 291i, 291j encode the associated high-range

signal components 290h of the (L+R) channel 290h, low-range

signal components 290i of the L-channel an& the low-range

signal components 290j of the R-channel, based on the

allocated numbers of bits 290k, 2901 and 290m as set by the

control circuit 291g.

- The codestring generating circuit 291k generates a

codestring 290q, similar to that shown in Fig.26, from the

codes 290n, 2900 and 290p from the signal component

encoding circuits 291h, 291i, 291j, and outputs the generated



devi ce adapted for decoding a.codestring generated by the encodi ng device
shown in Fig.28. In Fig.29, encoded data 310a of a codestring sinilar
to one shown in Fig.26 is split by a codestring dividing circuit 311la into
a high-range side (L+R) channel and | owrange side L and R channel s.
Encoded data of the high-range side (L+1-channel 310b is decoded by a

si gnal conponent decodi ng E ' -62- circuit
311b, whil ecoestednga90gt the low range side L- channel 310c is decoded
by a signal conponent decoding circuit 311 and encoded data of the

| ow-range si de RNohtewelrtRB¥Owiith tlee siedcinre ofdipg. Z®nsotkat, ddacd the
circuit 311d. The signal conponents 310e, 310f, 310g of the high-
range side forMamhaoréhogamal atgensfosn - omantkbe dhighhadmwger asigke siide
R-channel , decoded by the signal conponent_ decoding circuits 311b, 311c and
311d, are spsrfosmedodnateammen setor bRéborehannglst d{(htR)cucheansueld,

311f and 311g for inverse_orthogonal, tran&?rm Ttrtle signal of the
hi gh-range BFQECESIRE SH&MnAS QRGP dindnmafd$ 1PebsePsriRsgFdl onlNneREEM

circuit 31le and the. signal of the l.owrange _side R-chianngl Oi fromthe

nverse ot FBUANAS VHEheFBPmBSACA kg 1F OIRBE ARG HILE baMTEfnanEE ety

e S apBe". | SRR RPN “SRihe flEhynaee. e beR) pileiegl g1

(505> 1 oyl oy 80 Aeskubhe AHOS BIME AL, The'YBh et on
coefficient data need to be found independently for the L and
R channels, even although the combination of the band-
splitting filter and the forward orthogonal transform circuits
is used as the transform circuit, so that processing needs to
be performed on two channels inclusive of transform on the
high-range side. With the method applied to the structure of
Fig.28, only one forward orthogonal transform processing
operation for high-range sifie signals suffices for two
channels.

Fig.29 shows an illustrative structure of a decoding
device adapted for decoding a codestring generafcd by the
encoding device shown in Fig.28.

In Fig.29, encoded data 310a of a codestring similar to
one shown in Fig.26 is Split by a codestring dividing circuit
311a into a high-range side (L+R) channel and low-range side
L and R channels. Encoded data of the high-range side (L+R)

channel 310b is decoded by a signal component decoding



fromthe inverse orthogonal transformcircuit 311le and the signal of the
| ow-range side R-channel 310j fromthe inverse orthogonal transformcircuit
311g are sent to a band-synthesis filter 311li, which then synthesizes the
hi gh-range side (L+R) channel 310h and the | owrange side R-channel 310j
for synthesizing the | ow and high ranges to output the resulting
full -range R-channel tine-domain signal 363101. "It is seen that, with
t he decodi ngirkewitce3 shbynwhilld geROo dietd sdata cef thepdofwrnange HHigle rlhrge
side inverse orthogonal transformonly once as the conmmon (L+R) thannel.
Wth the recheanedr 3k0ediisg decodsdesbyi ray shgnali coanporpentt decoding
necessary to_car,rty out the_ inverse orthogopal transform praqcessing
i ndependent $iT¢wit 3dd ¢ and emcodededata 9t the lowi-ranmgegidscR-chapnebyen
if the corrb'éigtdifon ft edisgverse. orthogonal transform,and the '
band- synt hesi isidecoded by assigralicampancet Aceading eiceuit 3kidrm
circuit, becaus he normglization coeffici.ent LEf rom nnel, t
channel . Wth tﬁghgbﬁ\}g- sé"rqlﬂ&?%{’:g i%g)orﬁet ﬁo‘gdércg)lrégné’ifg%t e lb’ré)']%"ent
enbodi ment, _it LS 2] 0 trhe )] | : E t e huf f gr _
menory spacre#ﬁgk' s?@é @JQQ r?@é@ﬁ&xﬁn‘?ﬁ%?é‘%%&\ﬁ g'rére?gg?{&aét}cgglioﬁf%at
the hi gh-r ag& -§! , c dlal f 53 nfef & SicH1a
for inproving t?g’i;ée_r%o%ks?{ungﬁg& ﬁqﬁ\é\@ecm‘fz?g. 30 glﬁo%vsl%%ael stru tdulr?ééﬁgf
such decodi dgcd@ingecircuits 311b, 311c and 311d, are sent to associated
inverse orthogonal transform circuits 311e, 311f and 311g for
inverse orthogonal transform.

The signal of the high-range side (L+R) channel 310h
from the inverse orthogonal transform circuit 311e and the
signal of the low-range side R-channel 310i from the inverse
orthogonal transform circuit-311f are sent to a band-synthesis
filter 311h, which then synthesizes the high-range side (L+R)
channel 310h and the low-range side R-channel 310i for
synthesizing the low and high ranges to output the resulting
full-range L-channel time-domain signals 310k.

The signal of the high-range side (L+R) channel 310h
from the inverse orthogonal transform circuit 31le and the
signal of the low-range side R-channel 310j from the inverse
orthogonal transform circuit 311g are sent to a band-synthesis
filter 3111, which then synthesizes the high-range side (L+R)
channel 310h and the low-range side R-channel 3105 for

synthesizing the low and high ranges to output the resulting



In Fig.30, encoded data 320a of a codestring simlar to that shown in
Fig.26 is split by the codestring dividing circuit 321a into a high-range
side (L+R) channel and into a | owrange side R-channel. The encoded data
320b of the high- range side (L+R) channel is decoded by a signal conponent
decoding circuit 321b, while the encoded data 320c of the |owrange side L
channel is decoded by a signal conponerb3- ' -

84 decod et Lgul R5246 dg ehf ENERR 1383400 pbthe Lowe range i de

R channel i “si'gnhal " conpone dec ng circuit 321d- The

si gnal conponentyg %%Oeseéﬁ()fﬂ?ml %Qﬂhoftﬂ{ed*aimix{gn%ﬁ&e shifn in

channel, lowrange side L channel and the | owrange Side R channel are sent

to associ atpepy iawerfe iffieedNado t paRedefun eheécCHiph -IAkge 331l earihvidrse f or
i nver se orthogonal transform The L-channel ["owrange signal 320i from

t he inver settidwgnadl tramyforan o aly comnte32s fthend dinend aW L &R} clidien B1.
channel signals 320] fromthe inverse orthogonal transformcircuit 321g are
sent to assSWditht tie baedhedfoesdechiding $he2tlo deskr3npl shodvai il Fega2is| y
to a weighting decision circuit 321h. This weighting decision circuit 321h
sets wei ghtiitnfs ove¢ ¢5EaEYit 60 f@arxheo ut sthie Anvnernse| erthogenalt keanefgnmi ng
coefficients for the L ,and R channel s _thus, set to gssoci ated ightin
circuits 3Pmocessing independGpibnfog EhPc&‘i 1&g ,°§2¥jﬂeﬁ§eg{hf°éd t\%‘?h

hi gh- ra”geexftji%ahsecf’%gﬂc‘if rggege(,l'ér\? nCPPQﬂeel cforn?g]iflg iéﬂvgfst%e inverse
orthogonal transform and the band-synthesis filter is used as
described above as the inverse transform circuit, because the
normalization coefficients differ from channel to channel.
With the above-described decoding method according to the
present embodiment, it is possible to save the processing
volume and the buffer memory space.

The codestring shown in Fig.26 can be reproduced so that
the high-range side L and R q_hannels will be of a different
signal level for improving the stereo sound feeling.

Fig.30 shows the structure of such decoding device.

In Fig.30, encoded data 320a of a codestring similar to
that shown in Fig.26 is split by the codestring dividing
circuit 321a into a high-range side (L+R) channel and into a
low-range side R-channel. The encoded data 320b of the high-
range side (L+R) channel is decoded by a signal component
decoding circuit 321b, while the encoded data 320c of the

low-range side L channel is decoded by a signal component



orthogonal transformcircuit 321le. These weighting circuits 321i, 321j
perform wei ghting independently for the L and R channels on the (L+R) .
channel hi gh-range signal 320h. The (L+R) channel high-range signals 320m
wei ghted for the L- channel by the weighting circuit 321i, is sent to the
band- synthesis filter 321k, while the (L+R) channel high-range

-65- signals 320n, weighted for the R-éfannel by the weighting circuit

321j, is Se@éc&ﬁi?%&cgf’ggi@ﬁﬁi‘@%ﬁﬁf !fﬂ@éexi;@&&ed datzhg?'décgﬁ]f E}_hté.“io.w-

decodi ng device 0 , the weighting decision circul et erm nes

the wei ght impg@efsfia@ eRt scRaQlhe 3245l He@Bdéd 'ty raang%:ih!ie cufipinégyel s
of the L and channels, while the weighting circuits 321i, 321] correct

the sanpl e detodingf cifeuitesPdaii ve signals so as to be proportional to the
wei ghting coefficients 320k, 3201. .. The band-synthesis filter 321k

synt hesi zes- t he Thghsigmagk compdsenods 320e( L3RDfchadnd2Bg0of thed dhigld- f or
the L- channel, and the above-nentioned | owrange signals 320i of the

L- channel , tangeysigte s{lhtRe}ichannele low-aaage gideadgeshanacduamd the
resulting L-channel ting-dogain signal 3200 of the entire [angg. . The
band- synt hd®%-Fanger side K nchadinel @xe nfgmtr 4Ageassgpbrted oinvRISe +R)

channel 320n, ,wei ghted for the R-.channe and e.aboye- pment .oned
| owr ange sqrélli‘éﬁ%ggf‘?ttﬁéqifto(flﬁnﬁ’e‘ic,% wlh?r}%f Bé&rﬁ ﬁé@/?gfgt T 118y &
hi gh ranges 00 t, th esul ting R-channel tine-domain signal® 320p of
O o 2n9eSy ey PR RY rhAS £oFRR! 1 O 9 P

The L-channel low-range signal 320i from the inverse
orthogdnal transform circuit 321f and the low-range side R
channel signals 320j from the inverse orthogonal transform
circuit 321g are sent to associated band-synthesis filters 321k
and 3211 and simultaneously to a weighting decision circuit
321h. This weighting decision circuit 321h sets weighting
coefficients for the L. and R channels to send the weighting
coefficients for the L and R channels thus set to assdciated
weighting circuits 321i, 321j.

These weighting circuits 321i, 321j are fed with high-
range signals 320h of the (L+R) channel from the inverse
orthogonal transform circuit 321le. These weighting circuits
3211, 321 perform weighting fndepéndently for the L and R
channels on the (L+R) channel high-range signal 320h. The
(L+R) channel high-range signals 320m, weighted for the L-
channel by the weighting circuit 321i, is sent to the band-

synthesis filter 321k, while the (L+R) channel high-range



Fi g.31 shows.a.processing exanple in which.the weighting . decision circuit
321h of the decoding device of Fig.30 determ nes the weighting coefficient
320k for the first channel (L-channel) (indicated as a wei ghting paraneter
riin Fig.31) and the weighting coefficient 3201 for the second

-66- channel (R-channel) (indicated as agaei ghting paranmeter r2 in Fig.3
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Simlarly, FoRith Clfouiths I ghdeiegmii e ﬁwnwe.ig]}gqiggﬁ&efﬁéi@nts

R- channel usi ng the channe OW-r ange si 20), so that the

si gnal energyof! 2320 | fAANPIREIIWoRahg et 9illbes Ppra bVl edfelshe fRtEBaDNghd
| ow-range signals 320j. Then, at Step S203, the sum SI of the

hi gh-range Rsi 6hasingia), enkiley thd Wweighlténk- cliacndks aBa ltihe 32 Igh-cangsctsi de
signal energy ElL2 for the R-channel is found. At step S204, a square root
of the quotthentsample vainals enfrgheElrespectivesusighals sdopasd s be

wei ghting paraneter rl1 for the first channel - (L-channel )kta Simlarly, a

squar e rootprafp enti apak tertheweighting £oetfdcdgnts B B0k n220dm s1 i s
adopted as The band-synthesis filter 321k synthesizes the high-range
signals for the (L+R) channel 320m, weighted for the L-
channel, and the above-mentioned low-range signals 320i of
the L-channel, by way of synthesis of the low and high
ranges, to output the resultiﬁg L-channel time-domain signal
3200 of the entire range.
The band-synthesis filter 3211 synthesizes the high-range
signals for the (L+R) channgl 320n, weighted for the R-
channel, and the above-mentioned low-range signals of the R-
channel, by way of synthesis of the low and h.igh ranges, to
output the resulting R-channel time-domain signal 320p of the
entire range. |
Fig.31 shows a processing example in which the
weighting decision circuit 321h of the decoding device of
Fig.30 determines the weighting coefficient 320k for the first
channel (L-channel) (indicated as a weighting parameter rl in

Fig.31) and the weighting coefficient 3201 for the second



wei ghting paraneter r2 for the second channel (R-channel). As wll be
readily understood fromthe rel ation between the wei ghting paraneters rl
and r2, the weighting paranmeter r2 can be found fromthe equation of step
S205. -67- In the above exanpl e,
t he hi gh-range side signals are used ifkgpnnnn for the L and R channels.
However, |evel- controlling data for .the L and R channels, such as

wei ghti ng ?HE =" | | gﬁp% rd I S.gies -
riseto mﬁgti al %Ef@% g?érng{o- ogﬁclja{%%w(ﬁg?é %he o%gfﬁ?aé‘ugﬂe%glﬁg?rnﬁg A so
be e”COdEdf{#gI ransforminto (L+R) channel and (L-R) channel instead of
bei ng encoded” as and R channels. By so doing, the (L-R) channel signal is

lowered in |evellpt ehisdprseessingel thei higheraadie & ideadigaldly diedgdgshs i s

a strong correlation between the L and. R channels. Fi g. 32 shows an
illustrati st rdéistribwfed redi theatLonant tRe ehawdielys devi cascompr ibeed
of the above-nentioned two net hods. In Fig.32, a L-channel signal 330a

and a R chgwopostipmit8iobtheesignal cemangysohi thenpléim-ramg8Fitde.affd 33

1b, respectively. The band-;@ai tting filter 331la splits, the L- channel
si-gnal 330&hiist enidovat a5tep 0 M the dighsigmaessidpesigral pnergy EIl

o114 e, 1 or 5310 PR TS ey s chanel ol gl 3ohn | e o e
e DA O 0. % AT ek BRERANTS ey BT WS §2
proportionate to the energy of the L-channel low-range signals
320i. Similarly, at step S202, the high-range side signal
energy EI2 of the ‘R-channel is found, using the R-channel
low-range signals 320j, so that the signal energy EI2 will be
proportionate to the energy of the R-channel low-range
signéls 320j.°
Then, at step 8203, the sum SI of the high-range side
signal energy EIl for the L-c{xannel and the high-range side
signé.l energy EI2 for the R-channel is found. At step S204,
a square root of the quotient of the signal energy EIl by the
sum SI is adopted as weighting parameter rl1 for the first
channel - (L-channel). Similarly, a square root of the quotient
of the signal energy EI2 by the sum SI is adopted as
weighting parameter r2 for the second channel (R-channel). As
will be readily understood from the relation between the

weighting parameters rl and r2, the weighting parameter r2

can be found from the equation of step S205.



t he channel conversion circuit 33 1d. . The..channel...conversi.on cir.cuit
331d converts the L- channel |owrange signals 330d and the R-channel

| ow r ange -68- signals 330f into a (L+R)
channel | owrange signal 330h and a (L-R) channel |owrange signal 330i.
The (L+R) channel | owrange signal 330h is sent to a forward orthogonal
transformcircuit 331f, while the (L- R)'é?]'annel | ow- range signal 330i is

sent to a forwangq ahidogbowle texasiplen ahecuiigB3dgnge sidehailgingdlsrange
signals 330c, 330e of the L and R channels, split by the band-sptitting
filters 33hese®3iib, canembat forerthe A tardcRarnfranagdshesdoweven t188dl- so
as to be synthesized to the (L+R£ channe] 'hi-‘g]g-r%{rége signal s 330g by .the
channel symomrtiallingcdiatasfos bheokeapsd By channedss swehans walgdging

LT anst or m @ kA o3si o ain1 #1800 b8 PIHARAS 01 KBS HAASSHERRSS. wTs
orvard o Lhogenal (el orn O BEGE LA QIR0 7200k 2501
) 200, el Youy. aiFo0E, R EERRPRLS 3o 0% WP
o oonirol SREHbeLTARE (1 RRgIieRishita o ORtiaH BSaSE, and
conponent s B30k ahle15heB {48 dohapethe (L-R) channel signal is lowered

in level to realize more efficient encoding especially if these

is a strong correlation between the L and R channels.

Fig.32 shows an illustrative structure of a modification
of the encoding device comprised of the above-mentioned two
methods.

In Fig.32, a L-channel signal 330a and a R-channel
signal 330b are fed to band-splitting filters 331a and 331b,

-respectively. The band-splitting filter 331a splits the L-

channel signal 330a into low-range and high-range sigmals,
whereas the band-splitting filter 331b splits the R-channel
signal 330b into low-range and high-range signals.

The L-channel low-range signals 330d, split by the band-
splitting filter 331a, and the R-channel low-range signals
330f, split by the band-splitting filter 331b, are both sent to
the channel conversion circuit 331d.

The channel conversion circuit 331d converts the L-

channel low-range signals 330d and the R-channel low-range



al |l ocat ed nunber of bits for encoding 330n for the | owrange signal
conponents 330k for the (L+R) channel and the al | ocated nunber of bits for

encodi ng 3300 for the | owrange " -69

si gnal conmponents 3301 for the (L-R) channel. Thus, the above-nentioned
si gnal conponent encoding circuits 331li, 331 and 331k encode the

hi gh-range side signal conponents 33@8'0f the (L+R)" channel, Iow—range

signal conpagareks 3R0f dntoha (LA4R)cohangelhdwrangeovsigmat 339hannd
conponents 3301 of the (L-R) channel, ,based_qgn .the nunmbers of altocated

EI trs] 330m %Q%%&Whé@&ﬁ@%ﬁﬁ&% §§rﬂ#olh circuit 3|3 1h. The
3 30 L R b h
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wei ghti ng %gh%%'i‘ltf'crl%hﬁt% -the codestring generating circuit 3311

generates and outputs a codestr ng 330t . The encodi ng nethod for the
(L+R) channel myyp i High Sraqie é hali ghQdlst 13 0, - B3 0kandg! thleor Lexafdl eRr the

encodi ng method for the (L+R) channel may -use a fixed code length to nake -

possi bl e ertathnglandpldtotiynghw thamdssplitting filters 331a, 331b, are
both sent to the channel synthesis circuit 33'lc so as to be
synthesized to the (L+R) channel high-range signals 330g by
the channel synthesis circuit 331c before being sent to a
forward orthogonal transform circuit 331e.

The above-mentioned forward orthogonal transform
circuits 331e, 331f and 331g process the input signals with
forward orthogonal traﬁsform to produce signal components
330j, 330k, 3301 which are sent to associated signal
component encoding circuits 3311, 3313, 331k, respeétively.

The signal components 330j, 330k, 3301 from the forward
orthogonal transform circuits 331e, 331f, 331g are also sent
to a control circuit 331h. - The control circuit 331h
determines the allocated number of bits for encoding 330m for
the high-range signal co‘mponeﬁté 3305 for the (L+R) channel,
allocated number of bits for encoding 330n for the low-range

signal components 330k for the (L+R) channel and the

allocated number of bits for encoding' 3300 for the low-range



processing volune, or the encoding nethod for the (L-R) channel may use a
“variable length coding to reduce the '

-70- processing volume for the encodi ng and decodi ng at the cost of the

i ncreased processing volune:-for encoding and decoding. This enables a
codestring to be constructed so that re_%roduction by a sinplified hardware
structure is possible if nmonaural reproductiqon suffices, and so that
stereo reprsdigmli oonpoalestsp3dHlbfer the éﬁ'gﬁcghl‘alﬁgl%t hod with a higher
encodi ng efficiency, not only the variabl e;| ength, codi ng,o but, al S0 _an

encodi ng et hod Bk Sscbha@liop SrEER AgRhat’ ERboRENEAFADSET Toting
iy Sebfbath o Qo St RIS L e
\(/:\A;L](C:Pi E:ihgn}[ﬁ?%q?@ntﬁ:& s(?-bn ﬁ:}@{ﬁ t ?g’Slﬁdectﬁiéﬁ{lﬁzsﬁﬂgvﬁétgﬁgieng%qldﬁ
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the signal thretcontikbl eircuit 331h.

The high-range signals 330c and 330e bf the L and R
channels, split by the band-split_ting filters 331a, 331D, are
also sent to the weighting circuit 331m which then sets
weighting coefficients (weighting parameters) 330s for the L-
and R-channels by a method which ‘will be explained
subsequently. |

Using the codes 330p, 330q and 330r from the signal
compohent encoding circuits 3311, 331j and 331k and the
weighting coefficient 330s from the weighting decision circuit
331m, the codestring generating circuit 3311 generates and
outputs a codestring 330t.

The encoding method for the (L+R) channel may differ
from that for the (L-R) channel. For example, the encoding
method for the (L+R) channel may use a fixed code length to
make possible encoding and deco'ding_ with a smaller

processing volume, or the encoding method for the (L-R)

channel may use a variable length coding to reduce the



Eh2 by the sum Sh is found. This value of Rl is sent as the above-nentioned
wei ghting paraneter to the codestring

-71- generating circuit 3311 where it is encaded as part of the codestring.
Fi g. 34 shows an exanple of a codestring generated by the codestring
generating circuit 3311 of Fig.32: Referring to Fig.34, the codestring
is made up of a header conposed of synch7ORi zati on 'signals, nunber. of |ow

range encodppgceisifig a%mfiﬁeabsyerﬂ@rexi@aa@n\gewﬁ id@cpdinpgehe’ th&lcost
| ow-range side encoded data of the first channel (L+R channel) ~

(quanti zatiefl ftlbenehwcred 9¢dnt peocessing i 2aed hvmecodfdr cieamnt odihgr matidn
and spectral coefficients data), |owrange side encaoded data of the second
channel (L-d&cokddnge! Iquuenwtﬂml ancbidesteingi b6 obenconstruotedl seathat
coefficient information and spectral coefficients data) and high- range
side encookspredugtion byea gimplifisddrerdyqrensiractonefisnpessuible

I nformati on, normal | zation coeffl ci ent ﬂIor mat i on d spectral

coeffici entmogaural repirg dmctipns eﬁrufl LCESsr at"H} st§$9ct dhator stereo

decodi ng devi ce da ted for ecod| n% codestrin g Qg‘rat ed 3ﬁ é{ue e cod| ng
R b gl oy oA
o encoddbiehied FnEhAREDE RS e f “RERy Olld nERE" ALl datiad D
| ow range_si glg;h b+ uf VY e E892HEY xﬁ’é‘{ﬁ‘oﬁf fbiestPWraie sy éh@%dﬂn@)

channel . The
tonal componen.ts having concentrated signal energy, may be

used. It is also possible to use orthogonal transform having
different transform bock lengths for the (L+R) and (L-R)
channels.

Fig.33 shows a processing example of a method in which
the weighting decision circuit 331m determines the weighting
coefficients 330s 9parameter R1 in Fig.33).

In Fig.33, a signal energy Ehl of the L-channel high-
range signals 330c¢ is found at step S301 and the signal
energy Eh2 of the R-channel high-range signals 330e is found
at step S302.

Then, at step S303, the sum Sh of the high-range side
signal energy Ehl for the L-channel and the high-range side
signal energy Eh2 for the R-channel is found. At step S304,
a square root R1 of the quotient of the signal energy Ehl or
Eh2 by the sum Sh is found. This value of R1 is sent as the

above-mentioned weighting parameter to the codestring



encoded data 340b of the high-range side (L+R) channel are .

-72- decoded by the signal conponent decoding circuit 341b, while encoded
data 340c of the |owrange side (L+R) channel are decoded by the signal
conponent decoding circuit 341c and the encoded data 340d of the | owrange
.side (L-R) channel are decoded by the sigpal conponent decoding circuit
341d. The signal conponents 340e, 340f and 340g of the high- range side
(L+R) chanrg¢netatingngireutfe 33 1R whereeit o enpedadvasapddtsiode the R)
channel, decoded by the signal conmponent decoding circuits. 341b, = 341c
and 341d, G4pEEXIDA] y are sent to associated inverse orthogonal

;I?RifgSIQI “trandtigid showhaf dufmide oihao HBIine HeA i EISE by tha
romthe in th 2 ' ' the | [ I
340 of theQeeRT A SR R RLEP S L oA B30 L anstorm ai reur t o
341g are sent t I ' ' ' %H. : ' t
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are sent to associate d-synthesis filters 3411 and 341m respectively.
The high-raaepéi ¢idodiwp ainitie ahdR) thbanskbvie-amehbionsder eeighitiagonal

transformcircuit 341le is sent to the weighting circuits 341, 341k.

parameters R1, low-range side encoded data of the first
channel (L+R channel) (quantization fineness information,
normalization coefficient information and spectral coefficients
data), low-range side encoded data of the second channel (L-
R channel) (quantization fineness information, normalization
coefficient information and spectral coefficients data) and
high-range side encoded - data of the (L+R) channel
(quantization fineness information, normalization coefficient
information and spectral coefficients data).

Fig.35 shows an illustrative structure of a decoding
device adapted for decoding a codestring generated by the
encoding devicé of Fig.32.

Referring to Iﬁg.35, the encoded data 340a of the
codestring of Fig.34 are separated by a codestring separating
circuit 341a into encoded data of the high-range side (L+R)
channel, encoded data of the low-range side (L+R) channel

and encoded data of the low-range side (L-R) channel. The
encoded data 340b of the high-range side (L+R) channel are



The weighting circuit 341) is fed with the weighting

-73- coefficients 340k (weighting paraneter Rl) separated fromthe
codestring by the codestring. separating circuit 34la. The weighting
circuit .341k is fed with the weighting coefficients 3401 (wei ghting
paranmeter. R2) calculated by the weighting coefficient calculating.
circuit 341h from the weightin coef fidi&nt s 34Qk. The mei%gg' g .
coef fi ci entdegodied by Fhe; ﬁgggaﬁ’aﬁ@mdwm;lt GICPHANRCEFELEY isgf iwhile
3401 (weightin ar apet er ar orrelated with.each.o r ikn a npnner
S sr o ¢PEOAAG ABHE L3EMSe DA HE GO T RBESasie: LS RS shpsfnelrare

Fig.31, and,repres wej ght i oefficients f I ghb- kde nd
R “channel sAFRBART by ThPanielal; Comfpitat (q¥eddind SirERTE I 087 apd

Fi g. 35, wei [ i d r ecki thewsadhloe Valdeescef rfh
respective ﬁ%ngﬁgo?oé?h‘g#?h%ﬁ?adnpﬁg t\r}g‘fues V\n??pg%e %r%%o@?i % a?gat%n%e
wei ghting c fdL£d £ o0 tds a : (fglgﬁ I @t ith the
L and R chaﬁﬁéelds&(?gégeéyﬁvlg?yh%glﬂ érﬁéwéﬁé%ﬁiﬂggﬁe gﬁ?gghgﬁf*&ﬂhm
3400, correspondifg PghAE ébmiPohktlts’ 340e,SBA0E and B 0B oFt eife ighe
weighting circuit 341, .is sent to the band-synthesis circuit 3411 fed with
the L-channedngewsideo€LsiRhadlsanaed) frow-1angehandel (LarRyrechanmel aumd
341i. The (L+R) channel high-range signal 340p, corresponding to the (L+R)
hi gh-range gignhbw-34nigeeisjdecd loyR)helvaengel; ndesiadedt Bylithe ssigmalto
t he '

component decoding circuits 341b, 341c and 341d,
- respectively, #re sent to associated inverse orthogonal
transform circuits 341e, 341f and 341g, respectively, for
inverse orthogonal transform.

The low-range signal 340i of the (L+R) channel from the
inverse orthogonal transform circuit 341f and the low-range
signal 340j of the (L-R) channel from the inverse orthogonal
transform circuit 341g are sent to a channel conversion circuit
341i for conversion to L-channel low-range signal 340m and
R-channel low-range signal 340n. These L-channel low-range
signals 340m and the R-channel low-range signals 340n are
sent to associated band-synthesis filters 3411 and 341m,
respectively.

The high-range signal 340h of the (L+R) channel from
the inverse orthogonal transfofm circuit 341le is sent to the
weighting circuits 341j, 341k. )

The weighting circuit 341j is fed with the weighting



band-synthesis circuit 34lmfed with the R-channel |ow range signals 340n
fromthe channel conversion circuit 341i.

-74- The band-synthesis filter 3411 synthesizes the (L+R) high-range
signals 3400, weighted for the L-channel, and the L-channel |owrange
signals 340m by way of synt hesi zi ng the | ow and hi gh ranges, to output a

L- channel ti rre domal n si 3409 .of. the Tintire r obt ai ned
synt hesi s. °I1h§ glﬂﬁ’sﬂ"% li'élngwﬂﬁas‘?ﬁfﬁégg&s?ﬁ'}%‘?@k‘hbﬁmlﬁhﬂ}%nge

§ SEZIE |§Z‘° %ag,segfbfyé”yrﬁﬁeg rﬁﬁ@%&ﬁ'aﬁ% mgh“cﬁgﬁéés Hhisuc
synthesrs. W ehigHs °§t§§§* aﬁﬁ?{écg St IRt B etaht ?”Ege?fﬁ%?&ts
coct 11 o ant® £ah bl R TAE RRtREtRFY %‘F’%S&?s@“& 2 B Wtk he

S401, squar ?i’f‘ﬂd{%rﬁf B%lb%li@?ﬁ%gcéﬁ%ﬁﬁomshmd ﬁ&ﬁuameroweicghﬁhﬁg

resulting difference i1s found Meanwhile, Rl is the weighting

par amet er cos & £HiviRG 1393 4O 1T hee vedid Inti 1o &F d ¢ £fieie n340K4 0khewedlgletiafg R2
I's sent as the above-nentioned wei ghting coefficient 340p to the

above- ment i paegimieted- Ryh) hasd sthe | wed ghdimg coeffichientie3 t0lugweiighting

met hod, explained with reference to Fig. Figs.32 and 35, the high-range

si de S|gnalpairzsmmtl@urt iR2) are correlated with each other in a manner.
similar to the relation between the weighting parameters rl
and r2 of Fig.31, and represent weighting coefficients for the
high-range side L and R channels (weighting parameters). That
is, in the decoding circuit of Fig.35, weighting is made for
correcting the sample values of the respective signals so that
the sample values will be- proportionate to the weighting
coefficients (weighting parameters R1 and R2) associated with
the L and R channels, respectively.

The (L+R) channel high-range signal 3400, corresponding
to the (L+R) high-range signals 340h weighted by the
weighting circuit 341j, is sent to the band-synthesis c_:ircuit
3411 fed with the L-channel low-ran.ge signals 340m from the
channel conversion circuit 341i. The (L+R) channel high-rangé
signal 340p, corresponding to the (L+R) high-range signals
340h weighted by the weighting circuit 341k, is sent to the

band-synthesis circuit 341m fed with the R-channel low-range

signals 340n from the channel conversion circuit 3411i.



can be determ ned by the high-range side energy proportion itself, by _
enpl oyi ng the weighting paraneters Rl, and R2 obtained as descri bed above

and by adding a smaller nunber -75- of
bits, thus enabling reproduction of the falthful stereo sound feeling by
t he orlglnal acoustic signals.. Noteworthy is the fact that, with the

forward orthogonal transform circuit of- Hre” encodi'ng devi ce and t he

i nverse orthogorghet tteasd osynohesbe débadi ny4dilr cynthebizes atlierR Chakkl s
can be used in common for the high-range:si-des, thus realizing saving.in
processi ng highmangd signels M&Oy wpag&tssl cforrpahest-ghannel and the

t he. above- descri bed net hod. The above des ptlon Eas been pade of
case of uangchagplelltl‘?ngﬁilI&?elSlEﬂaéﬁl3{’fpiﬂhg LY e e?ib‘}/ﬂsﬁﬁﬂbﬂf%thf’

QL,%:“i e Lﬁz&;g@m@rr%“fgé; ﬁSﬁg&Si?%ﬂ-?%ﬁéh" iier dodmane,siEnst  um
t t .
f eﬁégﬁ{ g Elai 68 1 mf?%mé@a%ﬁﬁﬁfmé e Ls‘é'st G o h B b 4R o
t . , .
AR A T guen '§43@@ e BN ARGHER istlats, |
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of the band sprfttin eba itting filter I's noted that
in distinctd ér:ﬁ'@ﬂi‘& @bmfﬁ CF?CWaBE%ff%t @.‘flz’i«’ii%lﬁlﬂb tleav| end high t he

L and R channels from one encodi ng unit to another e forward orthogonal
transform frangée, hogbutpugea R-channel time-domain signal 340r of the
entire range obtained by the synthesis. .'

Fig.36 shows a processing example of calpulating the
weighting coefficients 3401 (weighting parameters R2) by the
weighting coefficient calculating circuit 341h of Fig.35.

In Fig.36, at step S401, squared value of R1 is
subtracted from 1 and a square root of the resulting
difference is found as R2. Meanwhile, R1 is the weighting
parameter corresponding to the weighting coefficient 340k,
The value of R2 is sent as the above-mentioned weighting
coefficient 340p to the above-mentioned band-synthesis filter
341m.

With the illustrative method, explained with reference to
Fig. Figs.32 and 35, the high-range side signal distribution
can be determined by the high-range side energy proportion
itself, by employing the weighting parameters R1 and R2

obtained as described above and by adding a smaller number



side and the inverse orthogonal transformfor the high range side can be
processed as being common to the two channel s,

-76- thus again realizing saving in the processing volunme and the buffer
nMenory space. In the encodi ng device shown in Fig.37, the L-channel
signal 350a and the R-channel signal 35Qysre sent-'to the band-splitting
filters-351a, 351b, respectively. The band- splitting filter 35la splits
the L-channgf bBiewal tidbdaeinnibdihgurrépnddsicgiens ¢60¢he Foidhfulsoueread -
350d. The band- Eéiéttin filter 351b simlarly splits the R-channel signa
3500 into fsourndakeekingnblysthsoenigizadeacostds signabos The

L-channel | owernost signal 350d, as split by t d-splitti i1t

§513, and t he RNOEWSTth3ndsntite éﬂ@ﬁ&h%sﬁ?’};ﬁsﬁg&ﬁf ‘ﬁlyfgllhg%tflbgoel{al
and-splitting fjlter 351b, are bgoth sent {0 the channel i ' it
351c. transiorme cdsfydt sodn @W S cSRAENGS Pﬂgoﬂgﬁéﬁaqhnve$£sr°CUI

(04 chanfithas el fn sSrm.s0h Wi HREYSEES ERERAL Ml RAILTR
3500 st SiEnheR 8030 L ounr 1o lodhanah S A6 higRCEaRl chanel

| ower nost s ( re Sent "to a forward orthogonal anst o circults
351d, 35le, ruessP‘éﬁtlp’Fﬂ s ain !i&ng!ro%@m&@%ﬁi% agdobuiffen iemdry
forward orthogona ransform Tirclits 351d,” 351le are sent to associated
signal coM@uYE adneedparelr to/ithe. 8bbke dtdscribasdantitholdy. Thr ee

remai ni ng hi'gh-range side signals 350c1, 350c2,
The above description has been made of a case of using

a splitting filter of splitting the frequency spectrum in high
and low frequency ranges. The present invention can,
however, be applied to a case wherein the number of splitting
of the frequency spectrum is larger than two.

Figs.37 ‘and 38 show -an illustrative structure of an
encoding device (Fig.37) and a decoding device (Fig.38) when
the method of the present invention is applied to the case
wherein the number of splitting of the frequency spectrum is
four. As explained with reference to Fig.8, the encoding unit
processed with normalization is set independently of the band
splitting width by the band-splitting filter. It.is noted that,
in distinction from the above-described method of varying the
levels of the L and R channels from one encoding unit to
another, the forward orthogonal transform for the high range
side and the inverse orthogonal transform for the high range

side can be processed as being common to the two channels,



350c3 .and 350el, 350e2, 350e3 of the L and R channels, as :

-77- split by the band-splitting filters 351a and 351b, are sent to channel
synthesis circuits 351f1, 351f2 and 351f3 provided in association with
respective split bands. The channel synthesis circuit 351f1 synthesizes the
upper nost range side signals 350cl, 350el of the L and R channels to
produce the (L+R) channel  uppernost si g'n?a?‘:350g1. The channel synthesi s
circuit 35MiusAgaiasitealiehsgssayigsupBetheangecsissang yoduwngsead thpeo
of the L and channel s to produce the (L+R). channel second upper signal
350g2. The® NEBHMEPALGircuit 351f3 synthesizes the third upper

range side signals _ 350c3. 350e3 of t.he L and R ch 7 o) u t he
(L+R) channel tﬁpréﬁ&ppeechabﬁ&%?gﬂé\(ﬁ Showﬁel%?’gﬂa%%geﬂgﬁéﬁgaﬁb%ll,
35092 and 33Qq3 4 r he .C | pSYRENES] ; gt f 3 d (350f 3
are sent tél%gﬁ%r%%‘t %&gdc:?\‘gwgt Ba*glfic}‘ﬁnég%%%lﬁ#g ggﬁ égﬁgg'ggl%dq§5fg “for
forward ort n f of: h i gna 3 -
350n8, obt %@_ gﬁl#tg?agr gt‘lg]rt?ﬁ%ggr%%rgr?gf ar %&?ﬁgﬁ?ﬂ V rg(ﬂogrzt Rgg%lnal
transform QyiGyiisg 3H1gdr @iﬂ%?ﬁ%%%-é&ﬁﬁ%@l' yPpal BS0achitd Folie
si gnal conmponent encoding circuit 351j. The signal conponents 350j,
350k, 350npap&0nsi gardll 358158 ¢ T onBt5lec 2 pr 85 Glc Br tdwdordd Odr. anFher nbamrdui t s
351d, 351e, 351gl, 351g2 and 351g3 are sent to a control circuit 35li. The
control ci rspliittideg ifilitee 36 Hesintd axllyosplits thebRrchamiek sigoalehsOdi ng
350n for the high-range side

into four band signals 350el, 350e2, 350e3 and 350f. '

The L-channel lowermost éignal 350d, as slﬁlit by the
band-splitting filter 351a, and the R-channel lowermost signal -
350f, as split by the band-splitting filter 351b, are both sent
to the channel conversion circuit 351c.

“The channel conversion circuit 351lc converts the L-
channel lowermost signal 350d and the R-channel lowermost
signal 350f into the (L+R) channel lowermost signal 350h and
the (L-R) channel lowermost.signal 350i.

The (L+R) channel lowermost signal 350h and the (L-R)
channel lowermost signal 350i are sent to a forward
orthogonal transform circuits 351d, 351e, respectively. The
signal components 350j, 350k from these forward orthogonal
transform circuits 351d, 351e are sent to associated signal
component encoding circuits 351k, 3511, respectively.

Three remaining high-range side signals 350cl, 350c2,
350c¢3 and 350el, 350e2, 350e3 of the L and R channels, as



-78- signal components 350m , 350n2 and 350n8 of the (L+R) channel, the

all ocated nunbers of bits for encoding 3500 for the (L+R) channel | ower nost
si gnal conmponents 350] and the all ocated nunbers of bits for encodi ng 350p
for the (L-R) channel |owernost signal conponents 350k. Thus, the

si gnal conponent encoding circuits 351j 7 51k and 3511 encode the

hi gh-range side signal conponents of the’(L+R) chaninel 350nil, 350n2 and
350n8 of t heplit+by thenband-spdéttingtfiditgnsi 3 sdapamahtdS 2boj ane shet(torR)

channel and the | ower npst signal onents_350k of the (L-R chapn

bﬁsed on tIﬂlmn’s&r%}’%thaﬁlb@dﬁéﬁlﬁﬁ{25(!;‘:@51 35148 and 3 %?%Y@‘Pr&n’ébl by
the control circuit 351i g ee- band 350c|
350c2, 350085 GHRL1Om3RGIEA 5ﬁaP§§Gé¥ shlth ﬁé&‘fﬁw iﬂn athes |

band- Sp||tt

deci si on cFr%'?"ﬂ"I | l:%%%rlf 51a égl%g%gmgné@ﬂaefrén% ??’%ttge tc%‘éf‘? |§:’i£%h gsng
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codestri ng I®perabgdtloy Lhandn® b lignaedisceo produce the (L+R) channel
second upper signal 350g2. Thé channel synthesis circuit
351f3 synthesizes the third upper range side signals 350¢3,
350e3 of the L and R channels to produce the (L+R) éhannel
third upper signal 350g3.

The high-range signals 350gl, 350g2 and 350g3 from the
channel synthesis circuits 351f1, 350f2 and 350f3 are sent to
forward orthogonal transform circuits 351gl, 351;.;2 and 351¢g3
for forward orthogonal transform. ' The signal _combonents
350m1, 350m2 and 350m3, obtained on forward orthogonal
transform by the forward orthogonal transform circuits 351gl,
351g2 and 351g3, respectively, are. sent to the signal
cdmponent encoding circuit 351j. |

The signal components 350j, 350k, 350m1, 350m2 and
350m3 from the forward orthogonal transform circuits 351d,
351e, 351gl, 351g2 and 351g3 are sent to a control circuit

351i. The control circuit 351i determines the allocated

numbers of bits for encoding 350n for the high-range side



-79- of Fig.37 into encoded data of three upper side bands of the (L+R)
channel, (L+R) channel of the | ower nost range side and the (L-R) channel
| ower nost range side, by the codestring splitting circuit 36la. The
encoded data of three upper side bands of the (L+R) channel 360h1, 360h2
and 360h3 are decoded by associ ated signal conponent decoding circuits
361g1, 36192 and.361g3. The encoded dat a'§§0b of the (L+R) channel of the
| oner nost g ] St 0 po A etasod50hyl f 185 0npRaknabnps0ans de oieg(EHR Y t
361b, while the encoded data 360c of the (L:R).channel of 'the |ower npst
range si de ehendedgdtie b/l Lo teidymai mbensowdhbidecHar epepdinig 330e. for
The signal conponents 360i 1, 360i 2, 360i 3, 36Qd and 360e of _the, high-r.ange
side three thmdltRp) chanmel lowermast sigaelscompormontsh3Hel ad the

transf or m cAHawaE GonRmbosahel BithsfosoeAcatng a h FRgefbe (L-1)

rom the i ribRBB IHB55Me S SiREA) HPBIR BARES61A Oird the | ower most range

3610 are-sent i ot FRE- BRGSO PYH O e (PARAR plfeRCAN Y, SET

The 1 over reaf P3NaERER & ERE) RIBHTKERRS 3186 FRERaR CoMM\ThoRuslal N
(L+R) channel 350ml, 350m2 and 350m3 of the (L+R)
channel, lower most signal components 350j of the (L+R)
channel and the lower most signal components 350k of the
(L-R) 6hannel, based on the numbers of allocated bits 350n,
3500 and 35.015 as determined by the control circuit 351i.

- The high-range side three-band signals 350cl, 350c2,
350¢3, 350el, 350e2 and 350e3, obtained on splitting by the
band-splitting filters 351a, 351b into four, are also sent to a
weighting decision circuit 351h, which then determines the
weighting coefficients (weighting parameters) 3501 for the L
and R chaﬁnels by the method as described above.

The codesfring generating éircuit 3511 generates and
output a codestring 350t, using codes 350q, 350r and 350s
from the signal component encoding circuits 351j, 351k and
3511 and the weighting coefficients 3501 from the weighting
decision circuit 351h.

The decoding device shown in Fig.38 splits the encoded

data 360a of the codestring generated by the encoding device



-80- 360n are sent to associated weighting circuits 3611, 361m
respectively. On the other hand, the high-range side three (L+R)
channel signals 360j1, 360j2 and 360j3 from the inverse orthogonal
transformcircuits 361hl, 361h2 and 361h3 are sent to associ ated wei ghting
circuits 361j I1 361j 2, 361j 3, 361kl1, 36;7:;2 and 361k3. The wei ghti ng
circuits 361j1, 361j2, 3613 are fed wt/R-wei ghting coefficientg separated
from the coolﬁstgr:’gllsmto_tgnmdedod@sttar_iQfgthrgEdﬂﬁg’Q:ﬁ sidie bands oRothe

I S o, et e e T
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si gnal s 360] 1, y associ at’ed wei ghting ci rcdits 361j 1,
361j 2 and 3%&bh3 e THoded! by lh%@@o’ih@bhessﬁgﬁhl%hﬁ@ﬁéntf dé¢cddinghe

| oner nost si.gnal of, t_he L-chanhel 360m fromthe channel” conversion circuit
361f. On t heidwials B@Ihl,tf%h'gahamh%kﬁde t Thee ehroold ed+datah86b of

signal s 360pl, 360p2 and 360p3, weighted by the weighting circuits 361kl,

361k2 and the (L+R) channel of the lower most range side are decoded
in tile signal component decoding circuit 361b, while the
encoded data 360c of the (L-R) channel of the lower most
range side are decoded by the signal component decoding
circuit 361c.

The signal components 360il, 360i2, 360i3, 360d and
360e of the high-range side three band (L+R) channel, the
lower most side (L+R) channel and the lower most side (L-R)
channel, are sent to associated inverse orthogonal transform
ci_rcuit's 361h1, 361h2, 361h3, 361d and 36le for inverse
orthogonal transform.

The lower most range (L+R) channel signal 360f from the
inverse orthogonal transform circuit 361d and the lower most
range (L-R) channel signal 360g from the inverse orthogonal
transform circuit 36le are sent to the channel conversion
circuit 361f for conversion into the lower most L-channel

signal 360m and lower most R-channel signal 360n. The lower

most L-channel signal 360m and lower most R-channel signal



-81- 361k3, are sent to the band synthesis circuit 361m fed with the

| ower nost signal of the R-channel 360n fromthe channel conversion circuit
361f . The band synthesis filter.3611 synthesizes the high-range side

t hree-band (L+R) channel signal 36001, 36002 and 36003, weighted for the

L- channel, and the | ower nost L-channel OSi gnal 360m by way of synthesi zing
the | owrange and hi gh- range signal s,"q n order to output a L-channel

ti nme- domai 3 60gnaire360zn € oto t Assesintedr angightingt chrcritim36dlsy36idamis.
On the other hand,, the band synthesis filter 361m synthesizes the

hi gh- r ange &gspeetieadyband (L+R) channel signal 360pl, 360p2 and 360p3,

ﬁiﬁﬁ% eiyiﬁheLP%ﬁgcg he OEheT he8 dand i gﬁfééﬁﬁé%%agﬂg#e? Wseiot Ly
t t y T o ant : _ .
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t ! . .
ncoustic o HATEEgRa rasfory SOTHHRCFE 1N SEIIES JBY FELBRRIES R |
gbove e”bogfms&éimgi e&eg{ggmgge\e'ifﬁuiwasshgl; h%fig_Q?d?-@ 153t SgigeaE , can
e recorde on a recording Iu Suc as an opti cal ISC, a magnetlc .

disc, a Mg ke hare3@les senm conductor menmory, or transmitted by a
transm ssion 1 ne, such as an optical fiber, electrical waves or infrared

rays. The weighting circuits 361j1, 361j2, 361j3 are fed with
weighting coefficients separated from the codestring 360k by
the codestrihg dividing circuit 361a. The weighting circuits
361k1l, 361k2 and 361k3 are fed with the weighting
coefficients-3601 calculated from the weighting coefficients
360k by the weighting coefficient calculating circuit 361i.
The relation between the weighting coefficients 360k and the
weighting coefficients 3601 is similar to that between the
weighting coefficients 340k, 3401 shown in Fig.35.

The high-range side three-band (L+R) channel signals
36001, 36002 and 36003, obtained on weighting the high-
range side three-band (L+R) channel signals 360j1, 360j2 and
360j§ by associated weighting circuits 361jl1, '-361j2 and
361j3, are sent to the band synthesis circuit 3611, fed with
the lower most signal of the L-channel 360m from the channel
conversion circuit 361f. On the other hand, the high-range
side three-band (L+R) channel signals 360pl, 360p2 and
360p3, weighted by the weighting circuits 361kl, 361k2 and



-82-  Although the foregoing description.is nade of the use of
orthogonal transform the nethod of the present invention may be applied

to the cas
- 83- WHAT
conpri sing
and a nunb
froma sig
step of en
hi gh-range
generati ng
a generati
said | owr
encodi ng i
sai d hi gh-

e of using only a band-splitting filter.
IS CLAIMED IS: 1. A nethod for encoding an i nput signal
: a splitting step of generating ptural |owrange signals

er of high-range signals snmat8kr in -nunber than the input si.gﬂal
g

nab 1&k.i age sedi {0 tha bandisynghesss circuiy @ kmngeledhwd
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n%ggwggggghng,&%‘hg{ ?:qgsttal on obtai ned by said encoding step; an
o0 SFRAChAS LSRN 14" 610 B5n PRECILED BT Sl

"QHE 1576 Ah F (N RY CRL DAY S{EnEIIBE51,"$6002 and 36003,
weighted for the L-channel, and the.lower most L-channel
signal 360m, by way of synthesizing the low-range and high-
range signals, in order to output a L-channel time-domain

signal 360q for the entire range resulting from the synthesis.

" On the other hand, the band synthesis filter 361m synthe-sizes

the high-range side three-band (L+R) channel signal 360pl,
360p2 and 360p3, weighted for the R-channel, and the lower
most R-channel signal 360n, by way of synthesizing the low-
range and high-range signals, in order to output a R-channel
time-domain signal 360r for the entire range resulting from
the synthesis. _

Although the foregoing description is made of the use of
two channels of L and R, the present invention may be
applied to acoustic signals of three or more channels. The
codestring generated.by the above embodiment of the encoding
device, that is the encoded bitstream, can be recorded on a
recording medium, such as an optical disc, a magnetic disc,
a magnetic tape or a semiconductor memory, or transmitted
by a transmission line, such as an optical fiber, electrical

waves or infrared rays.

d

codestring based on signals encoded. by

aid
in



hi gh-range side signal, said high-range encoding step al so generating the
encoded information containing the normalization coefficients obtained
on said encoding. 3. The encoding nmethod as clained in claim2 wherein
said splitting step generates the sane high-range side signal for said
plural input signals for said plural iggy; signals fromthe signal derived
fromthe plural input signals; and wherern-_  said high-range_encodi ng
step encodes therﬁhgpﬂghn@éCf%&?gh&ldaﬁﬁtgéﬁ&lhtlésm%eeﬂgd&fd use of

i nformati on cont ai ni

or el T ot R ageh el Srans form o the: MEbaef (b8 PERSEREIH Yention may
di hod . i i | ai 1 wh i iyd Lijt.ti .
Coorird MHd pftied Johe Bad ok bl Afiy a bRRUC PTG TiTkER,

fromthe signal derived fromthe plural input signals. 5. The encoding -

method as clainmed in claiml1 wherein in said splitting step,
ri ght-channel and | eft-channel signals of acoustic signals are input
signals. 6. The encoding nethod as clainmed in claim5 wherein sai d

splitting step generates plural |owrange signals and a nunber of

hi gh-range*signals smaller in nunber than the input signal from

ri ght-channel and |eft-channel signals of the acoustic signals. 7. The
encodi ng method as clained in.claim5 wherein said splitting step
generates plural |owrange signals and a nunber of high-range signals
smal | er in nunber than the



I nput signal froma signal generated based on the sum of the |eft-channel
signals and the right-channel signal of said acoustic signal. 8  The
encodi ng nethod as clained in claim 1 further conprising: a wei ghting
calculating step for calculating the weighting information for said

hi gh-range side signal in association w thseach of the input signals;

an i o S A S0 oo o ane e g
wei in t . 2 . isNQ . | 2 . 1. Al :
Wpe?ei 0 TordhsfRod fof SafBHIRE of AFR6E UBhAT fulp PR, T LC

t . s i .
P h-range.si gndl SEMEFECREER BF Betlexatitth [AIGRaE; IR TaBe SSILAREL
signals gengiat£ PMber ¢foRIgh-SPhpbtiffials sndaiTet ¥ hAIAB eRNEIPEH " St ep

appl yi ng forward orthogonal tTansf ogm to the band-split 1 owrange signals
to gener at ¢ ngP@€ st ghall fircshn .8 FipaEnderived fromspildraliigipuandgnadsgodi ng

step applying forward orthogonal transformto the band-split high-range
signal s to generat boepaamgd enguadimgpnpoepntef &d.coldin geteamh f of eswidli ng
as claimed in claim9 further conprising: a weighting cal culating step
for cal cul gaiunpl hewnaiagige sgde signals; :

a high-range encoding step of encoding said high-range
side signal and for generating the encdding -informatic;n
obtained by said encoding step; and

a generating step for generating a codestring based on
signals encoded by said low-range encoding step and the high-
range encoding step, and on said encoding information.

2. The encoding method as claimed in claim 1 wherein

said high-range encoding step normalizes and encodes the
high-range side signal, said high-range encoding step also
gené;aﬁng the encoded information containing the
normalization coeffic.ients obtained on said encoding.

3. The encoding method as claimed in claim 2 wherein

said splitting step generates the same high-range side
signal for said plural input signals for said plural input
signals from the signal dérived from the plural input signals:
and wherein

said high-range encoding step encodes the high-range

side signal and generates the encoded information containing

* c L M S *



coefficient information for the high-range signals associated with the

I nput signals formone band to anther; sai d generating step generating
a codestring based on the signal encoded by said | owrange and hi gh-range
encodi ng steps, said encoding infor rratié)ﬂ and on the weighting information.
11. The method for encoding as claimedih claim1 wherein

86 sal d g r apaenfiGad g St o ERFRIN S A th ) ithdtiof W "ot 16d @nabos by

di fferent encoding systens. 12. An apparatus for encodi ng an input signal
conprisingiencod$Rbltting neans for generating plural |owrange signals and
a nunmber of high-range signals smaller in nunber than the input signal from
a signal defvathé reane ¢dimgl miethod sisgobdimed inl eleimnbevherediang nmeans

for encodi ng each of said plural |owrange side signals;_ . hi gh-range
encodi ng neans fsaiderspddittingastepi giemenagessithe ssymee highfvangeneidie ng
the encodi ng information obtained by said encodi ng neans; and )
gener at i ng stgaval for geidr stlurgla inpadsisignplsafes@mnthegsagnadndsgdyesd
said | owrange encodi_.ng neans and t he hi gh-range encodi ng neans, and on

sai d encodifs@m s pdﬂnraﬁnmt ?HS“@iéodi ng apparatus as claimed in claim

N P T T
e cout g ik s 0" 8pR fidnlg s (68 i £RH ORa BT | 08N TR £RPE Raiife "
signals of acoustic signals are input signals. '
6. The encoding method as claimed in claim 5 wherein
said splitting step generates plural low-range sign-als and
a number of high-range signals smaller in number than the
input signal from right-channel and left-channel signals of the
acoustic signals.
7. The encoding method as claimed in claim 5 wherein
said splitting step generates plural low-range signals and
a nu.mber of high-range signals smaller in number than the
input signal from a signal generated based on the sum of the
left-channel signals and the right-channel signal of said
acoustic signal. _ _
8. The encoding method as claimed in claim 1 further
comprising:
a weighting calculating step for calculating the weighting

information for said high-range side signal in association with

each of the input signals;

(ML RO O '



14. The encodi ng apparatus as clainmed in claim13 wherein sai d :
splitting - neans generates the sane high-range side signal for said plural
i nput signals for said plural input signals fromthe signal derived from
the plural input signals; and wherein sai d hi gh-range encodi ng neans
encodes the high-range : T -87- side signal
and generates the encoded information cofPa] g the . normaliz
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encodi ng apparatus as clainmed In clal erein _ Itting neans
generates plur a'séiwsﬁﬂ{iﬁﬁ%mps wldaspliteta ¢fighiadhdieaive dSifedah Sthe
e |

snmal.ler in nunmber thar put “signal fromright-channel and | eft-channel
signals of pherélcdufpae signals.aid gihweeatesi pluappalowusang el sigrdlsn

claim 16 wherein said splitting neans generates plural |owrange

si gnal s andamd raimhen bt bifghi ghroengegsignatsrimaldlen imunwgnbeirathahetheput

signal froma signal generated based on the sumof the |eft-channel signals

and the rigimpehwigaalsfgom puradi band signals generated by said bang-
splitting; |

said low-range encoding step applying forward orfﬂogonal
transform to the band-split low-range signals to generate
spectral signal components; and

said high-range encoding | step applying forward
orthogonal transform to the band-split high-range signals to
generate spectral signal components.

10. The method for encoding as claimed in claim 9 further
comprising:

a weighting calculating step for calculating the wéighting
coefficient information for the high-range signals associated
with the input signals form one band to anther;

said generating step generating a codestring based on the
signal encoded by said low-range and high-range encoding
steps, said encoding information and on the weighting
information.

11. The method for encoding as claimed in claim 1 wherein
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acoustic signal. 19. The encodi ng apparatus as clainmed in claim 12 further

conpri si ng: wei ghting cal culating means for calculating the weighting
information for said high-range side signal in association with
-88- each of the input signals; sai d generating nmeans generating

signal s encoded by said | owrange and high-range encodi ng neans," said

encodi ng infarymtio dth . wei ght i i nf j-op. :
o enedl AP TR ST Al AR e g
-splits .a_si@n v I &l t si I d ' '
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r - sai
band- spli '?ltil'ngl;Mi gBli)tsaalis‘i(}gﬁlag(\/)vi‘ r%%ggawégc%gﬁn ﬁtnggg?%'lgﬁg%?ﬁgﬁ%}agrg

orthogonal transfyhind e 8P FeP!gdnk piiti: let ghal ewi-e ag@e silgnals
spectral signal tcljc:}rrporllfe;‘gnts; and g'sai d hi grﬁg-]'?gnge encodi ng (rg::mstgg}opl yi ng

forward ortdw@andumbdisberii g k-t degkasipsals smhabler ingeusmbealthdmw the
generate spectral signal conponents. 21. The apparatus for encodi ng as

clai med in jelpaitnsigfal uftdara cdgmalsdegived fromeplnrahdnpout sigaalag
o oher ange oi gndbsv-range. cncoding means for encoding each of said
plural low-range side signals; | '
| high-range encoding means for encoding said high-raggé
side signal and for gcn.erating the eﬂcoding information /§
obtained by said encoding means; and
generating means for generating a codestring based on
signals encoded by said low-range encoding means and the
high-range encoding means, and on said encoding information.
13. The encoding apparatus as claimed in claim 12 wherein
said high-range encoding means normalizes and encodes
the high-range side s_ignal, said high-range encoding means
-also generating the encoded information containing the
normalization coefficients obtained on said encoding.
14. The encoding apparatus as claimed in claim 13 wherein
said splitting means generates the same high-range side
signal for said plural input signals for said plural input
signals from the signal derived from the plural input signals;
and wherein

said high-range encoding means encodes the high-range

RO



associated wth the input signals formone band to anther; said
generating neans generating a codestring based on the signal encoded by
said | ow-range and hi gh-range encodi ng nmeans, said encoding information and
on the wei ghting -89- information. 22.
The apparatus for encoding as cl ai ned ienl_cl aim 12 wherein said | owrange

encodi ng neans encodes sai d plural | r ' ' tffe nGQdi ng,
Syetom’ b31dk SiERaIeBd Gelsatialy<nths BRES ELE I fotatioh oot e AN
separating (ghep § QLuiPliitipl 3 SOOERidiicRd At 8 o hAN YD FilFEq oDl ned
on encodi ng-each oT  p ) owrange signhals, generated based on plural
signals, hi -6&mg.codes obt ai ned on encodi ng a nunber of high-range
signals smaller I n“nunber than the plural signals and the encoded

i nf or mat i ony bt FHede #B oF10@diajth 4 Pt s 0ds r el@imeidial elaim B2 | awhereige
decodi ng step for decodi ng the separated | owrange codes; a hi gh-range
decoding step fgaidespditdnigdhansamar glearehd Giv rthrege ameehipghsed nge tdide
encoded i nformation; and a synthesis step for generating an output

si gnal basadgaalt fe rdsaddeg lunelr angatsisignalgnfiromntheheigoaddee tivgd
range side signals. 24. The decodi ng_nethod as clained in claim23 wherein
sai d hi gh- fzoge thecpdunglsingutisigaadst he hi gh-range codes by
denornmalization_based on the norpalizatigpn, c%ef.ficient informatian
contai ned ikPsalherenaeding dnparans as claimed in claim 12 ‘wherein

in said splitting means, right-channel and left-channel

ek

signals of acoustic signals are input signals.
17. The encoding apparatus as claimed in claim 16 wherein
said splitting means generates plural low-range signals
and a number of high-range signals smaller in number than the
input signal from right-channel and left-channel signals of the
acoustic signals.
18. The encoding apparatus as claimed in claim 16 wherein
said splitting means generates plural low-range signals
and a number of high-range signals smaller in number than the
input signal from a signal gen'erated based on the sum of the
left-channel signals and the right-channel signal of said
acoustic signal. .
19. The encoding apparatus as claimed in claim 12 further
comprising:
weighting calculating means for calculating the v&freighting

information for said high-range side signal in association with
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25. The decoding nethod as clained in claim24 wherein said synthesis step
generates plural output signals based on high- range side signals decoded
on denornmalization enploying the - 90-
sanme normalization coefficients information. 26. The decodi ng net hod as
clainmed in claim23 wherein said synthesis step generates an output signal
usi ng the sa h-range side signat8for the plural |owrange, side
signal s. rI%hé’ Q@Sdﬂﬂﬂuﬁﬁﬂﬁad-gs claimed in claim23 wherein said

SYSEQF?EaZLSpO% AeebBRsasthp Mg e rfee Blrg 189 PhERSTHy 0" ©
wherei n ol EiEAhEET Al hightdife 522%“39%%&?%%?3%53”3%?2'}% s
and the defip%waﬁfbﬂ%&ﬁeﬂedsnﬂ Wg%ﬁ%@?ﬂ%%hﬁafﬂcﬁbt' channel and

| ef t - channel si-gnals acoustic signals. 29. The decédi ng nmet hod as
clai med inoq) ai Phe/. Wy ?fﬁ*a”tu%a' fosydieed$ngt eps gvleiai €dr iight cthdmnell 2and

| eft-channel signals of the acoustic signals froma signal. generated based .
on the sumwhetrbéndecoded respective | owrange side signals, a signal
generated based on the difference of the respective Iowrange si de signals
and the decodedslandhsplmgmglni@msglbaimd gplitshe dgmal deniverbdram dhe ned
in claim23 further conprising a wei ghted [ nfor t|on generating step

f or gener atp Wgatlhénmtgfﬂltgﬁ'gﬂhsnf@%glemflﬁ@é H'%@gtehe“ BaAdis of

t he hi gh-ran Si de nalh rrespondl ng tq said ﬁl ural aI S; h ﬁal d
synt hesi s s“t agBi‘l‘é?- nrrngeigsnalssmalder 1n nuthber than t

input signal from plural band signals generated by said band-

N
’«{Jd,

splitting;

said = low-range encoding means applying forward
orthogonal transform to the baﬁd-split low—-range signals to
generate spectral signal components; and

said high-range encoding means applying forward
orthogonal transform to the -bgnd-split high-range signals to -
generate spectral signal components.

21. The apparatus for encoding as claimed in claim 20 '
further comprising:

a weighting calculating means for calculating the
weighting coefficient information for the high-range signals
associated with the input signals form one band to anther;

said generating means generating a codestring based on
the signal encoded by said low-range and high-range encoding

means, said encoding information and on the weighting
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t he decoded | owrange side signals and on the high-range side

-91- signals controlled in level based on the weighting information.
31. The decoding nmethod as clainmed in claim23 wherein said. synthesis
step generates an output signal based on the decoded | owrange side signals
and on the high-range side signals contgolled in | evel based on the

wei ghting informati on contained in sai"}%hcoded I nformati on. 32. The
decodi ng md®fOFMat9R; ned in clai m23 wherein - said synthesis step

| . - h | y " . . - - . ", "

22Prp¥,ht22t:s e TR | AR RRattEcaRsy FREAIBE (RO PEREE Y ' ¥Tim 12
ener at e [ e - j gl i j

O er oo or WhsERIACshLATIGhdRange | enRYLIRY MU HHEDARSTPatBPbILRAL

the decode%%gﬁfﬁgeggﬁggs Eié?nﬂ;ilfgefén.g%ééﬂfi‘n@_ gystepae tine signals;

sai d | owrange and- synt hesi zed Wi th sai'd high-range

time signalps!q geeehaderapn d?éﬁ@aingiﬂftﬁddeQ&inTgl%diﬁmthﬁgﬁet hod as
claimed in claim23 wherein sai d plural |owrange codes are decoded by

respective differ gripdectddighgteysfonssplittivg appeo destrimg bewdignd oav -
codestring conprising: separating nmeans for splitting a codestring
havi ng | owramgeecodiess albtained on @rm@ldinggemlofoﬁlp?uralob@Waﬂgélge
signal s, generated based on plural signals, high-range codes
signals, generated based on plural signals, high-range codes
obtained on encoding a number of high-range signals smaller
in number than the plural signals and the encoded information f?
obtained on encoding the high-range signals; '
a low-range decoding step for.deCOding the separated
low-range codes; .
a high-range decoding-step for dccoding the separated
high-range codes based on the encoded informat-ion; and
a synthesis step for generating an output signal based on
the decoded low-range side signals and the decoded high-
range side signals. . |
24. The decoding method as claimed in claim 23 wherein said
high-range decoding step depodes the high-range codes by
denormalization based on the normalization coefficient
information contained in said encoded information.
25. The decoding method as claimed in claim 24 wherein said
synthesis step generates plural output signals based on high-

range side signals decoded on denormalization employing the

e
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-92- obtained on encoding a.nunber of high-range' .signal.s smaller in nunber
than the plural signals and the encoded i nformation obtai ned on encodi ng

t he hi gh-range signals; | ow- range decodi ng neans for decoding the
separated | owrange codes; hi gh-range decodi ng neans for decoding the
separ at ed hi gh-range codes based on the¥hcoded information; and

PYTNeStS AR DAL b BB B ey or (e focoded
decodi ng anpg! at UP s &é@bggﬂg'og%g{_@?@ % %t%@d%hd N 9h 2RI KeEOH O

means. decodes” the high-ran dermo I zation based on the

nor mal i zat i Oy £ QRf {154 oL BLd 1t 30 RA0NAP Ut signd Iensefigdthe -
i nformat i on%%%telp%ﬂi itﬁg g%arlgt}us gs cl ai medsi %hcl aim ggdv%grgﬁln%ai d

synt hesi s - BANEE a8 Abe N ipPd 1P flozuthe phakal Hasedrange ghdeasignailde
signal s decoded on denornali zati on enploying the sanme nornalization

coef fici ent27nfPheedeoodidg methddcadi obaiappdr i usl seianc2 ai widter eim|sd ind 34
wherein said synthesis nmeans generates an output signal using the sane
hi gh- range synithesimatepfgeneneteswight-ohanmeb agsidideftwhannedssigmals
goner at s 6 BhaceNTael SR el {DERACHNs hial 4660 ArbuIOE T REE S h cd
on the decos%egc}lil()sngla(lngﬁe decdd_cd high;ra'nge_side signals. ’ o
28. The deco.d.ing meth-od aé claimed in claim 27 wherein said
syntliesis.step synthesizes- the decoded low-range side signals Yy
and the décoded high-range side sighals to.gencrate right;
channel and left-channel signals of the acoustic signals.
29. The decoding method as claimed in claim 27 wherein said
synthesis step generate right-channel and left-channel signals
of the acoustic signals from a signal generated based on the
sum of the decoded respective }_ow-range side signals, a signal
generated based on the difference of the respective low-range
side signals and the decoded high-range side signals.
30. The decoding method as claimed in claim 23 further
comprising:

a weighted information generating step for generating the
weighting information used for controlling the level of the
high-range side signal corresponding to said plural signals; .

said synthesis step generating an output signal’based on

the decoded low-range side signals and on the high-range side
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-93- side signals and the decoded hi gh-range side signals. 39. The decodi ng
apparatus as clained in claim38 wherein said synthesis neans synthesi zes

t he decoded | owrange side signals and the decoded hi gh-range side signals

to generate right-channel and |eft-channel signals of the acoustic signals.
40. The decodi ng apparatus as cl ainmed ifa9glaim 38 wherein said synthesis

nmeans generate ri ght-channﬁil 8nd Jeft-cha nea) si gpal s of'é{;e acoustic. '
signal s fromgnalgnarcoddieliedd Bé’sedl%YP{]he AFHht Ple d %dey?%hgﬁ‘gve

| ow r ange s.iqc:iﬁ& si% als, a signal generated based on the differente of the
respective § I3 rglé°§,‘i°de signals and the decoded hi gh-range side signals.

41 The decpgi ggﬁaegg&gcgﬁf%gﬁn%ﬁwgsialﬂxﬁw B, il o3 WERet o

wei ghted i i'ng nmeans for gener e wel ghting

i nformation usedsJiCH mﬂr%ii%ﬁﬁ?éﬁ%heé -iﬁeo'ﬁitgfh‘ﬂ §lilgﬁa§_i 8 sE¥doh

correspondi ng to sar sal d synthesis neans generating

an out put sijonge bgded Pow-randesadde :ng/nraqag@nai 69 ¢heteighargnge §ide

hi gh-range side signals controlled in |evel based on the wei ghting
i nformat i ongj gdvalsTee maedde doirdearelt basasl omithedw el gh ting 34 foranetion

sai d synthesis neans generates an out put signal based on the decoded

| ow-r ange s¢optsigedl m aaddoentoddd ghfoamyatisimie signals controlled in

| evel .based on the weighting information . .
32. The decoding method as claimed in.claim 23 wherein

said synthesis step applying inverse orthogonal transform

to low-range spectral signal components derived frpm the
decoded respective low-range side signals to generate low-
range time signals;

- said synthesis step also applying inverse orthogonal
transform to high-range spectral signal components of the
decoded high-range side signals to generate high-range time
signals;

said low-range time signals being band-synthesized with
said high-range time signals to generate an output signal.
33. The decoding method as claimed in claim 23 wherein
said plural ﬂyw-range codes are decoded by respective
different decoding systems.
34. An apparatus for decoding a codestring compri.sing:
separating means for splitting a codestring ha_ving low-
range codes obtained on encoding each of plural low-range

signals, generated based on plural signals, high-range codes
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-94- contained in said encoded information. 43. The decodi ng apparatus as
claimed in claim 34 wherein Said synthesis means applying inverse
orthogonal transform to |owrange spectral signal conmponents derived from
t he decoded respective | owrange side signals to generate | owrange tine

si gnal s; said synthesis nmeans al so_gppl ying inverse orthogonal
transformto high-range spectral signal Conp EsntS'of t he decoded

T O A or
sanale o uhurabbtfale Sl S Bt S ol 00
copet e K onat L U MO ity
s B,
nunber than t ﬁg € g?ghal s and the encoded ?nforngtiongo'bt ai ned on

STCE01 19 e L) WEIRLgOM o ity MR LT o snding wheshopmaen
coef fi ci enthigH-arareg e @o dbs b aeeld com ribrerelnicaed ¢ dnimfo mmiadion; and
synthesis means for generating an output Signal based on

the decoded lowwrange'side signals and tﬁe decoded high-
range side signals. {’\}
35. The decoding apparatus as claimed in claim 34 wherein
said high-range decoding means decodes the high-range codes
by denormalization based on the normalization coefficient
information contained in said encoded information.
36. The decoding apparatus as claimed in claim 35 wherein
said synthesis means generates plural output signals based on
high-range side signals decoded on denormalization employing
the same normalization coefficient information.
37. The decoding apparatus as claimed in claim 34 wherein
said synthesis means generates an output signal using the
same high-range side sig.nals for the plural low-range side
signals.
38. The decoding apparatus as claimed in claim 34 wherein
said synthesis means generates right-channel and left-channel

signals of acoustic signals based on the decoded low-range
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-95- high-range side signals. 47. The recording nmedium as clained in claim
45 wherein said encoded information includes the weighting information used
for controlling the level of the high-range side signal corresponding to

the plural signals. 48. The recording nmediumas clained in claim45 wherein
t he sane hlgh range codes and the encoded information are recorded for said

plural si gnadse signals and the decoded hlgh range side signals.
39. The decoding apparatus _as.‘___“glalmed in claim 38 wherein
said synthesisdneans synthesizes the decoded low-range side
signals and the decoded high-range side signals,to generate
right-channel and left-channel s1gna1s of the acoustic signals.
40. The decodlng apparatus as clalmed in claim 38 wherein
said synthesis means generate_._rlilght -channel and left-channel
signals of the acoustic signals from a signal generated based
on the sum of the decoded respective lov.v-_rangc side signals,
a signal generated based on the difference of the respective
low-range side signals and the decoded high-range side
signals.
41. The decoding apparatus as claimed in claim 34 further
comprising: |
weighted information g.enerating means for generating the
weighting information used fczlr controlling the level of the
high-range side signal corresponding to said plural signals;
said synthesis means generating an output signal based
on the decoded low-range side signals and on the high-range
side signals controlled in level based on the weighting
information.
42. The'decoding apparatus as claimed in claim 34 wherein
said synthesis means generates an output signal based on
the decoded low-range side signals and on the high-rdnge side

signals controlled in level based on the weighting information

* c. Lt M S *
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-94-
contained in said encoded information.

43. The decoding ap.paratus:' as ¢laimed in claim 34 wherein
said synthesis means applying inverse orthogonal
transform. to low-range spectral signal cox_ilponents defived
from the decoded respective low-range side signals to
generate low-range time s'ignals; .
said sj.rnfhe:sis'means also applying ini_r_erse orthogonal
transform to high-ra-n.;';e spectral signal components of the
decbded high-range side signals to generate high-range time
signals; - a
said low-range time signals being band-synthesized with
said high-range time signals to generate an output sig-nal. ‘
44. The decoding apparatus as claimed in claim 34 wherein
said plural low-range codes are decoded by respective
different decoding systems.
45. A recording medium having recorded thereon a codestring
having low-range codes obtained on encoding each of plural
low-range signals, generated based on plural signals, high-
range codes obtained on encoding a number of high-range
signals smaller in number than the plural signals and the
encoded information obtained om encoding the high-range
signals.
46. The recording medium as claimed in claim 45 wherein
said encoded information includes the mnormalization

coefficient information obtained on normalization of said

f),,:_é’
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high-range side signals. >

47. The recording medium-as claimed in claim 45 ‘wherein
said encoded information includes the weighting information
used for controlling .the level of the high-range side signal
corresponding to the plural signals.

48. The recording medium as claimed in claim 45 wherein the

same high-range codes and the encoded information are

recorded for said plural signals.
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